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PREFACE 

The Stockholm Music Acoustics Conference 1993, SMAC 93, took place at KTH, Stockholm, on 
July 28 to August 1, 1993. Actually, this was exactly ten years after its cousin SMAC 83. SMAC 93 was 
organized by the Music Acoustics Committee of the Royal Swedish Academy of Music as its 15th public 
meeting since its formation in 1975. As with the previous meetings the Commimee publishes the 
proceedings; the complete list of proceedings in this music acoustics series is listed on the back cover. At 
the conference, four representatives of the music acoustics community, Dr Carleen Hutchins, USA, and 
professors Garbiel Wienreich, USA, Neville Fletcher, Australia, and J\irgen Meyer, Germany, expressed 
to the Academy their profound appreciation for its impressive, generous, and productive interest for the 
acoustics of music. The publishing of these Proceedings of SMAC 93 was the last undertaking by this 
Committee, now dissolved by the Academy. 

The meeting was attended by about 200 participants coming from 27 nations from all around the 
globe. Most areas within the field of music acoustics were represented, and the papers reflected an 
inspired and encouragingly high level of research. Most presenters at SMAC 93 submitted manuscripts 
and this volume contains their articles as proofread by the authors themselves. The articles have been 
sorted according to main sessions, keeping alphabetic order of first authors within sessions. Sound 
examples are assembled on the CD published with this volume. 

The SMAC 93 program contained two memorable concerts. At one of them music was perfOlmed on 
the New Violin Octet, the ensemble of violin-type instruments constructed according to music acoustics 
principles by Carleen Hutchins. The other concert presented electroacoustic music; one of the pieces 
performed on this occasion, Sentograffito by Tamas Ungvary and Peter Lunden is recorded on the CD. 
Also recorded on the same CD is another highly remarkable piece of music, Limericks by Gerald Bennett 
dedicated to SMAC 93 and Johan Sundberg and performed for the first time at SMAC 93 by six 
synthesized singers accompanied by a synthesized, out-of-tune piano. 

SMAC 93 was generously sponsored by a number of institutions: 
Royal Swedish Academy of Music, 
Catgut Acoustical Society, 
Helge Ax:son Johnsons Stiftelse. 
KTH (Royal Institute of Technology), 
Swedish Research Council for Engineering Sciences, 
Swedish Natural Science Research Council, and 
Wenner-Gren Foundation, 
The publishing of these Proceedings was made possible by a grant from Marcus & Amalia 

Wallenbergs Minnesfond. 

KTH September 1994, 

Johan Sundberg 

Anders Friberg Jenny Iwarsson Erik Jansson 

v 





Opening Session 

1 





Musical composition and music acoustics: 
What have they to do with each other? 
G Bennett 

Abstract 
It may seem that traditional musical composition has long gotten by with at best a rudimentary knowledge of 
music acoustics and that it is only with the advent of electroacoustic music that it has become important for 
composers to combine inspiration with scientific knowledge. After all, in electroacoustic music the the composer 
not only makes all the sounds for his piece but invents the grammar and syntax that relate them to each other, 
often relying on psychoacoustic knowledge to help him in his decisions. But in fact, as this paper shows, the 
findings of music acoustics have at all times in the history of Western Music determined the representational 
framework within which the composer formulates his ideas. 
The paper first speaks briefly of some of the most important historical influences of music acoustics in shaping 
the way we all think about music. Second, it gives some examples from electroacoustic music to show how music 
acoustics has directly influenced composition. Finally, it address the question of what music acoustics might be 
concerned with in the future. 

The relationship between composition and music 
acoustics is essentially quite straightforward: the 
composer makes things, the music acoustician 
investigates their acoustic structure. That the 
music acoustician is dependent on the composer 
for material to investigate is obvious. It may be 
less obvious that the composer is dependent on the 
music acoustician. I shall speak today only about 
the composer's dependence on music acoustics, 
and I shall argue that this relationship has always 
been significant for composition and is of great 
importance for music today. 

The reason why music acoustics is so 
important for the composer is both simple and 
deep: music acoustics provides the representation 
of the sounding world with which the composer 
formulates his ideas. Regardless of how original a 
composer may think himself, he can only compose 
sound in an abstract way: pitches, note values, 
dynamic indications are some of the abstractions 
that Western music has used. Every composer 
inhabits an imaginary world of personal and 
private abstractions and metaphors which are 
essential for his work. But behind, beneath and 
surrounding these private metaphors are deeper 
abstractions which define the framework. within 
which thoughts can be formulated, elaborated and 
expressed. Historically, much of this deeper level 
of abstraction has been based on acoustics. 

This paper has three parts. First I shall speak 
briefly of some of the the most important 
historical influences of music acoustics in shaping 
the way we all think about music. Second, I will 
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give some examples from contemporary music to 
show how music acoustics has directly influenced 
composition. Finally I shall speak briefly about 
what I would like music acoustics to be concerned 
with in the future. 

Music acoustics begins, of course, with the 
Pythagoreans. The discovery that the acoustical 
phenomenon of consonance is related to simple 
numerical relations is one of the great abstractions 
of all time. It still colors the way we think about 
sound. The Pythagoreans were not very interested 
in sound for its own sake, however, and while they 
had a clear idea of pitch and inteIVal, they had no 
conception of the gamut, or scale. It was 
Aristoxenus, a Greek music theoretician of the 4th 
century B C, who first considered sound as a 
continuum along which pitches were specific 
points. It is difficult to imagine that an idea so 
basic to our thinking had to be invented. 
Aritoxenus's writings, by the way, spoke only of 
acoustical phenomena, pitches and inteIVals, and 
used no mathematics to justify explanations. 

The Pythagoreans recognized the octave as the 
simplest inteIVal after the unison, but it was not 
until the 14th century that music theory used the 
octave division of the gamut as the basis of the 
scale; before that, two notes of the gamut an 
octave apart had different names and were not 
considered related in any musically important 
way. Music theory of the 14th century, however, 
speaks of the "identity" of two notes an octave 
apart. This "identity" is an acoustical 
phenomenon. Here music acoustics provides the 



basis for an abstraction-the octave scale-which 
has been of incalculable importance in Western 
music. 

Basing the structure of the scale on the octave 
was related to the advent of polyphony. The same 
14th century theoretical writings which defined 
the octave scale were also concerned with 
organizing early polyphony, called organum. The 
rules given for singing organum specified that the 
counterpoint between two voices be defined by 
consonant intervals. Although the definition of 
consonance changed over the centuries, the 
conception of organizing polyphonic music on the 
basis of acoustically simple intervals remained 
central to composition until the beginning of the 
twentieth century. Once again, a music acoustical 
abstraction, consonance, provided a framework 
for compositional thought through many 
centuries. 

Counterpoint organizes music vertically, 
harmony organizes music horizontally. Already in 
the 16th century, music was written which sounds 
to our ears "harmonically organized", that is, 
music in which we hear that the choice of chords 
at one moment in a phrase implies the choice of 
certain other chords, and only those chords, later 
in the phrase. From the beginning of the 17th 
century on, all music was organized harmonically, 
but nowhere in the theoretical writings of the 17th 
and early 18th centuries is there any harmonic 
theory. It was not until 1722 that Jean-Philippe 
Rameau published his Traite de l' Harmonie 
reduite a ses principes naturels1 , in which re 
derived the major triad by Pythagorean string 
division and posited one and the same 
fundamental bass for all three inversions of the 
triad. This was a discovery of immense 
importance for music theory, because it directed 
theoretical investigation away from questions of 
interval relationship between voices, voice 
leading, etc. and towards the relationships 
between fundamental basses accounting for 
harmonic progression. Four years later in his book 
Nouveau systeme de musique theorique, Rameau 
discarded the idea of string division and justified 
his theory of the fundamental bass by the 
experimental and theoretical demonstration of 
partial tones made by the French acoustician 
Joseph Sauveur in 1701. Rameau was wrong or 
confused about lots of things (for instance the 
generation of minor chords or the limitations of 
progression of the fundamental bass), but his 
vision of hannony-that the relationships between 
fundamental basses determine harmonic pro
gression-is still very much our own. 
Perhaps the single most important date for music 
acoustics is 1863, the date of the publication of 
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Die Lehre von den Tonempjindungen als 
psychologische Grundlage fur die Theorie der 
Musik by Hennann Helmho1tz2 . It seems to me 
that among the many contributions Helmholtz 
made to music acoustics twO of the most impor
tant are his proof of Ohm's law of acoustics that 
the ear separates complex tones into series of 
simple vibrations, that is, that it perfonns Fourier 

analysis, and his an;llysis of the relation between 
partial tones and timbre. 

Helmholtz's influence on composition was 
slight until well into our century. One of the recent 
contributions to music acoustics which has had 
the greatest importance in shaping composers' 
representations of acoustic reality brings 
Helmholtz's theory up to date. This is the analysis 
of instrumental tones by Risset and Mathews, 
published in 19693 • Helmholtz showed that 
timbre of a sound is dependent on the pattern of 
its upper partials. Helmholtz and subsequent 
authors represented timbre as a fixed recipe of 

1 Rameau' s theoretical works have appeared 
in a handsome facsimile edition: Jean
Philippe Rameau: Complete Theoretical 
Writings. E. R. Jacobi (ed.). Rome. 1967-
1972. An English translation by P. Gosset 
was published in 1971. 

2 Helmholtz saw Die Lehre through four 
editions. Alexander J. Ellis translated the third 
German edition (1870) into English in 1875; 
he adapted his second edition (1885) to 
Helmholtz's fourth and final edition of the 
German text. Alexander's translation was 
reprinted in 1954 as On the Sensations of 
Tone as a Physiological Basis for the Theory 
of Music by Dover Publications. 

3 Risset, J.-C. and M.V. Mathews. Analysis of 
musical instrument tones. P hysics Today 
22(2),23-40. 1969. 

4 Here four of the major papers: -Schroeder, 
M.R. Improved quasi-stereophony and 
colorless artificial reverberation. Journal of 
the Acoustical Society of America 33, 1061. 
1961. -Schroeder, M.R. Digital simulation 
of sound transmission in reverberant spaces 
(part 1). Journal of the Audio Engineering 
Society 10(3), 219-223. 1962. -Schroeder, 
M.R. Natural sounding artificial 
reverberation. Journal of the Acoustical 
Society of America 47(2), 424-431. 1970.
Schroeder, M.R., D. Gottlob and KF. 
Siebrasse. Comparative study of European 
concert halls. Journal of the Acoustical 
Society of America 56, 1195-1201. 1974. 
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Figure 1: Jean-Claude Risset: Mutations. Transcription of the the first 14 seconds, showing 
for each of the first three sound complexes (A, B and C) the entrance and end times of each 
note. The numbers in parentheses show the proportional structure of the time intervals 
between successive attacks. 

partials, so to speak a snapshot of partial 
frequencies with fixed amplitudes. Risset and 
Mathews showed how the partials of a trumpet 
tone change amplitude as a function of time in an 
ordered way, thus obliging us to think of timbre as 
a dynamic, three-dimensional phenomenon and not 
a static, two-dimensional one. This discovery 
must be regarded as one of the most important 
findings in recent music acoustics. 

A final very important development in music 
acoustics concerns the simulation of reverberant 
spaces beginning with the classic articles by 
Manfred Schroeder on artificial reverberation in 
1961 and extending to Schroeder's computer 
simulations of the acoustics of several European 
concert balls in 19744 • Schroeder's work has 
taken an important step in freeing music from its 
dependence on the physical surroundings of its 
perfonnance and has influenced deeply contempo
rary composition's view of acoustical space. 

This concludes the first part of my paper. I 
would now like to give you a few examples of 
how music acoustics has influenced contemporary 
composition. These examples will be taken from 
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the field of computer music. There, where the 
composer is responsible for shaping each sound, 
dependency on acoustic knowledge is especially 
great; I think one can see most clearly there the 
importance of acoustic representational models 
for composition. The importance of music 
acoustic representation for instrumental 
composition seems to me equally great, but 
instrumental composers are generally less 
concerned with the newest developments in music 
acoustics and usually rely on what has percolated 
down into common knowledge. 

Let me speak first about three important sound 
synthesis techniques, all of which depend 
intimately upon music acoustical knowledge. The 
first is the most basic and at the same time most 
general synthesis technique, additive synthesis. 
Here the individual partials of the sounds are 
synthesized separately and added together to fonn 
complex sounds. Obviously, the use of this 
technique goes back to Helmholtz's proof of 
Ohm's law of acoustics. The first example is by 
Jean-Claude Risset from a piece composed in 
1969, Mutations (Sound Example 1)5. 



A transcription of the beginning of the piece 
shows three occurrences of the same harmony: 
first (sound A) as five notes with percussive rise 
times and short (0.6 second) decays, then (sound 
B) as five notes with the same rhythm of entrance 
and long envelopes, all with crescendo to time 3.3 
seconds and a decrescendo to time 4.5 seconds, 
then at 4 seconds a gong-like sound (sound C) 
consisting of the same pitches, each decaying 
exponentially at a rate inversely proportional to its 
frequency. Risset conceives of the gong sound as 
a "timbre echo" of the first two. Here the 
traditional distinction between pitch as timbre is 
blurred, a theme of much of Risset's computer 
music. In this case, musical thinking is profoundly 
related to acoustic knowledge. 

A second important area of synthesis which is 
directly related to music acoustical knowledge is 
represented by all those techniques allowing the 
composer to work in the pitch domain I shall use 
as an example the software instrument called the 
Phase Vocoder, developed by Mark Dolson6 . In 

this instrument, the Fourier Transform is 
performed repeatedly on existing sounds, yielding 
a kind of three-dimensional Fourier Transform; 
this analysis data can be manipulated by the 
composer and then used to resynthesize new 
sounds. This intuitively straightforward (but 
computationally demanding) technique allows, 
among other things, independent treatment of 
pitch and duration: sounds can be transposed 
without changing their duration or shortened or 
lengthened without changing their pitch. 

Sound example 2 illustrates time expansion by 
a factor of thirty of a short phrase played by a 
flute. The music is from Transfigured Wind II by 
Roger Reynolds 7 . You hear the normal sound of 
the flute (played live in the perfonnance of the 
piece) followed by the expansion. 

Sound Example 3 illustrates an example of 
Phase Vocoder synthesis in which a vocal sound 
is transformed into the angry hum of a swann of 
bees and back again. Here the spectral data of the 
first sound is gradually interpolated to the spectral 
data of the bees' hum. The interpolated data is 
then used to synthesize the metamorphosis of one 
sound to the other. This example is from an 
electroacoustic piece by Trevor Wishart, Vox 58 . 
The technique employed here is derived directly 

5 Risset. INA C 1003 (Hannonia Mundi 
France). 

6 See Dolson, M. The Phase Vocoder: A 
Tutorial. Computer Music Journal, Winter 
1987, and Dolson, M. Fourier-Transfonn
Based Timbral Manipulations. In Mathews, 
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from the representational framework given us by 
Helmholtz and Risset. I would argue that the intu
itive ease of use of the Phase Vocoder has to do 
with its realization of a conceptual model derived 
from music acoustics. 

You may ask whether all synthesis techniques 
are not closely related to models dependent on 
music acoustic research. Frequency modulation 
seems to me a good example of a technique which 
was not developed from a representation of 
acoustical processes. In consequence, I believe, 
frequency modulation has always proven difficult 
for composers to use intuitively. In particular, the 
symmetrical evolution of the sidebands about the 
carrier frequency and the distribution of energy 
according to Bessel functions make frequency 
modulation unlike models of natural acoustic 
reality. 

The third synthesis example is from a recent 
piece of my own using a technique of formant 
synthesis developed by Xavier Rodet and me, with 
a great deal of assistance from Johan Sundberg, at 
IRCAM in the late 1970's9. The synthesis 
algorithm is very different from additive synthesis 
and was originally based on speech synthesis 
models proposed by Gunnar Fant of the KTH at 
Stockholm and modified on the basis of acoustic 
measurements of human singing voices. Fonnant 
synthesis proved to be capable of producing a 
wide variety of different sounds besides singing 
and has been widely used in computer music. 
Sound Example 4 is taken from a piece called 

M.V. and J.R. Pierce. Current Directions in 
Computer Music Research, 105-112. 
Cambridge (Mass.). 1989. 

7 Roger Reynolds: Whispers out of time and 
Transfigured Wind II. New World Records 
80401-2. 

8Trevor Wishart: Vox. Virgin Classics VC 7 
91108-2 (Vox 5 is also on:Computer Music 
Currents 4. WER 2024-50 (Wergo). 
9 Rodet, X. and L. -L. Delatre. Time-domain 
speech synthesis-by-rules using a flexible and 
fast signal management system. In 
Proceedings of the ICASSP 1979. 
Washington, DC. 1979. Rodet, X., Y. Potard 
and J.-B. Barriere. The CHANT project: 
From the synthesis of the singing voice to 
synthesis in general. Computer Music Journal 
8(3), 15-31. 1984. Bennett, O. and Rodet, X. 
Synthesis of the singing voice. In Mathews, 
M.V. and J.R. Pierce. Current Directions in 
Computer Music Research, 19-44. 
Cambridge (Mass.). 1989. 
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Figure 2b: Jonathan Harvey: Mortuos plango, vivos voco. The central pitches of the eight 
sections of the piece.The durations of the sections are inversely proportional to the frequency 
of the central pitch. 

Rainstick, nameo after a Central American 
instrument made of bamboo used to conjure rain. 
Here a singing voice dissolves into its component 
formants, each of which imitates the sound of the 
rainstick. The representational framework is given 
by knowledge of the acoustics of the singing 
voice; this knowledge allowed me to imagine (and 
realize) a musical situation which would have 
been impossible otherwise, 

Sound synthesis is clearly one field of 
contemporary music which is very dependent on 
music acoustics for its musical metaphors as well 
as for specific knowledge. Another field is the 
treatment of sound. Two sound examples 
illustrate the spatialization of sound. In the first, 
realized by Kendall, Martens and Decker at 
Northwestern University in Chicago, footsteps 
were recorded monophonically and processed to 
simulate movement in space (Sound Example 
5) 10 . This technique makes use on the one hand of 
work that goes back to Schroeder's studies of 

artificial reverberation and of music acoustic 
studies of spatial audition on the other. The 
existence of such techniques allows composers to 
incorporate the notion of imaginary spaces into 
their compositions to a degree not before possible. 
Sound Example 6 is from the composition 
Northern Migrations by Shawn Decker. Here the 
movement of the sound is an important part of the 
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compositional plan. 
The next sound example is more complex. 

Here music acoustics provides the frame of 
reference for an entire composition, Mortuos 
plango, vivos voco, a piece for tape by Jonathan 
Harvey11 . In his piece, Harvey uses two different 
materials, a boy's singing voice and the great bell 
of Winchester Cathedral, whose sound re 
analyzed 

Figure 2a shows the principle harmonics of the 
bell, together with the striking tone, an "f' which 
does not appear in the harmonic series. Each har
monic has its own amplitude envelope; higher 
partials die out sooner. This relationship between 
pitch and duration is central to the piece, Each of 
the piece's eight sections has a central pitch taken 

10 Kendall, G ,S., W.L.Martens and 
S.L.Decker. Spatial reverberation. In 
Mathews, M. V. and lR. Pierce. Current 
Directions in Computer Music Research, 65-
87. Cambridge (Mass.). 1989. 
11 Computer Music Currents 5. WER 2025-2 
(Wergo). See also: Harvey, 1 Mortuos 
plango, vivos voco: a realization at IRCAM. 
Contemporary Music Journal 5,4. 1981, and 
Harvey, J. The mirror of ambiguity. In 
Emmerson, S. (ed.). The Language of 
Electroacoustic Music, London. 1986. 



from the lower partials of the bell, as shown in 
Figure 2b; the duration of the first six sections is 
inversely proportional to the central pitch of each 
section. Recordings of the boy's voice are used 
and transformed, but most of the singing voices 
are synthesized using the formant-synthesis 
technique described above. Bell sounds can take 
on amplitude envelopes and partial frequencies 
from the singing voice, singing voices can have 
partials tuned to the non-hannonic proportions of 
the bell and can take the amplitude envelopes of 
the bell's partials. Sound Example 7 illustrates the 
beginning of the piece, where the pitch 
relationships and the temporal proportions are 
first presented. You hear first all the partials of 
the bell, then passages with sung and synthesized 
tones, using primarily these main pitches. All 
temporal aspects of each note are treated in 
inverse relation to the pitch of the note: durations 
are shorter for higher notes, longer for lower 
notes.1his is example of a composition which at 
every level, both in the microstructure of the 
synthesis and at the level of formal articulation, is 
shaped by a vision of the relationship between 
sound and time which comes straight from music 
acoustics. 

I imagine that in the long run good science and 
good musical thinking go together; Rameau' s 
vision of the fundamental bass of hannony, sup
ported by the hard mathematics of Sauveur's 
demonstrations of the existence of partial tones 
seems to me a very moving example of good 
science and good musical thought. But in the short 
run, the relationship between scientific thought 
and musical thought is often much more complex 
than my examples might suggest. Rameau had 
read the science of his time, and his imagination 
had been molded by it. But the Traite is more like 
a poem than a scientific book-the elliptic, open 
syntax and the often labyrinthine sentences and 
paragraphs of the Traite show how Rameau is 
proceeding intuitively, feeling his way down 
corridors of thought no one had traversed before 
him. The science he had absorbed worked in some 
mysterious way on his conscious and unconscious 
thinking, allowing him to formulate an idea no one 
had had before. 1his is the central point of my pa
per: we musicians are dependent on good science 
for the molding of our imagination, even if the 
relationship is not always direct, and even if you 
scientists may not always recognize your work in 
the results of our imaginative thinking. 

In the third part of this paper I would like to 
speak briefly about my expectations for music 
acoustics. They are not technical or scientific; it is 
not for me to speak about the future orientation of 
a field whose science gets on very well without 
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me. I view music acoustics as part of music 
theory, and it is in the advancement of music 
theory that I expect important contributions from 
music acoustics. 

There are two great problems in music theory 
today, the problem of musical analysis and the 
problem of the history of music. The question of 
musical analysis seems to me by far the more 
important because its solution has relevance for 
the understanding of the history of music. I 
believe that music acoustics has a vital 
contribution to make to the solution of both of 
these problems. 

The problem of musical analysis is that there 
are no relevant analytical tools for dealing in a 
general way with contemporary music. Tradition
ally a score reveals everything important about a 
composition, except of course the sensuous 
immediacy of performance. Experienced readers 
can analyze scores and learn a great deal about a 
piece's inner structure, its poetic intention, etc. 
But most of the analytical tools in common use 
today date from the nineteenth century and contain 
presuppositions about hannony, melody, thythm 
and aesthetic intention which have been irrelevant 
for nearly 100 years. Contemporary music has be
come an oral culture--composers can speak about 
what they do, but only in an anecdotal way. An 
analysis of a contemporary score without 
knowledge of how the piece was composed is 
usually very meager. 1his is especially the case 
for e1ectroacoustic music, for which there are no 
scores. 

But musical analysis is extraordinarily 
important, not only for composition but for 
musical life in general. Analysis renders objective 
what otherwise remains largely subjective; 
analysis is the mirror which makes reflection 
about one's own activity possible. Without 
analysis and reflection, everything one does 
remains anecdotal, unique, without reference to 
past or future. Music theory desperately needs a 
renewal of the analytical language to include 
contemporary music. Besides providing an 
objective vocabulary with which to study the 
music of this century, a renewed analytical lan
guage would allow new insight into the music of 
the past. Because this renewal must take account 
of music existing only as auditory experience, 
analytical criteria must be found which are at 
least partially acoustical in nature. The definition 
of these criteria seems to me an important task for 
music acoustics. 

The second problem, that of the history of 
music, is related, I believe, to the first. The 
problem is that in traditional music theory there 
are virtually no explanations of the mechanisms of 



the evolution of the musical language. In my day
to-day teaching of hannony and counterpoint I 
spend a great deal of time worldng with historical 
styles: motets in the style of Palestrina, fugues in 
the style of Bach. I have long been struck by the 
fact that in their exercises gifted students often 
find very interesting and very musical solutions 
which I must judge wrong, because historically 
the musical language went in a different direction. 
It is as though the students explore parallel routes 
which history discarded, or never discovered. I 
dream of a music history which would 
demonstrate the mechanisms of selection working 
upon the development of the musical language. To 
the extent that auditory phenomena must be taken 
into account-and I believe that their inclusion is 
central to any discussion of musical evolution
music acoustics has a very important role to play 
in defining a new vision of the history of music. 

I have not spoken much about the importance 
for musical composition of the myriad individual 
achievements, discoveries and inventions of 
contemporary music acoustics and have insisted 
so strongly on the importance of the representative 
framework which the sum of this activity 
provides. Most composers are quite resourceful 
and will happily make music out of anything they 
find lying around, and of course that includes 
techniques and inventions coming from your 
work. But the real nature of the relationship 
between musicians and music acousticians seems 
to me to be this: we musicians formulate mysteries 
in sound; you music acousticians help us to 
understand what we have done. From our 
mysteries you distill certainty; from your certainty 
we spin our mysteries. 

9 
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Musical acoustics research since SMAC83 
T D Rossing 

Abstract 
This has been an active decade for musical acoustics research; some 60 papers on the subject have been published 
in J.Acoustical Society of America alone. International conferences on musical acoustics have been held in 
Germany, Japan, France, India, and the United States. A number of books on musical acoustics and related areas 
have been published. Computer music has become the most active area in musical acoustics, followed by bowed 
string instruments, pianos, and singing. Advances in computers and digital instrumentation have contributed 
significantly to research in musical acoustics. Musical acoustics, in tum, has contributed significantly to other 
areas of acoustics and to acoustics education. 

Musical acoustics started about 1011 B.C., the 
year of the "big bang," which marked the 
beginning of the percussion tradition. Not much 
work was published, however, until humans 
appeared on the scene, about 3.5x108 B.C. 
Cosmologists estimate that the sun will keep 
shining for another 1012 years, at which time it 
will explode, consume the planets (which is 
referred to in Fig. 1 as the "big boom"), and put 
an end to musical acoustics research. So you see, 
SMAC93 is right smack in the middle of 
cosmological time, just as Stockholm (which lies 
directly between Montclair, NJ and Tokyo) claims 
to be the geographical center of musical acoustics 
on this planet. 

The modem history of musical acoustics began 
when the Vikings reached Montclair in about 
103 A.D., bringing with them the first load of 
Norway spruce for fiddle making in the New 
World. Later on, a boatload of Vikings washed 
ashore in Italy, and this included a woodcarver 
named Stradivarison, whose great-great-grandson 
shortened his name to Stradivari and learned to 
speak Italian. A descendant named Antonio 
learned how to make fiddles that looked and 
sounded better than those in the royal orchestra. 
Meanwhile, up in Austria, a beer-drinking genius 
named Mozart developed great software for 
Stradivari's fiddles. 

In the present century, we need to note a few 
important events, such as the appearance of baby 
Carleen Maley in 1911 and little(!) Johan 
Sundberg in 1936; without these two, there would 
be no SMAC93. Years ending in "3" have been 
vintage years. For example, in 1933, Frederick 
Saunders began his violin research, Carleen 
graduated from Cornell, and Lothar Cremer 
received his doctorate in Berlin. Ten years later, in 
1943, Carleen and Mort got married. In 1973, 
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John Schelleng published his famous paper 
entitled "The bowed string and the player." And 
best of all, in 1983 we celebrated SMAC83 with a 
never-to-be-forgotten cruise on the Gustavsberg 
VII. 

The future is a lot harder to predict than the 
past. We look forward to SMAC03, SMAC13, 
SMAC23 , and we look forward to celebrating 
Carleen's lOOth birthday. Other than that, we'd 
better leave predicting the future to the preachers 
and politicians, and focus our attention on the 
decade between SMAC's. 

Highlights of the decade 1983-93 
This has been an active decade for musical 
acoustics research. Some 60 papers have been 
published in the Journal of the Acoustical Society 
of America (JASA) alone. International 
conferences on musical acoustics have been held 
in Germany, Japan, France, India, and the United 
States. A number of books on musical acoustics 
and related areas have appeared during the past 
ten years. Computer music has been the most 
active area in musical acoustics, followed by 
bowed string instruments, pianos, and singing. 
Technical advances in computers and digital 
instrumentation have contributed significantly to 
research in musical acoustics. Musical acoustics, 
in tum, has contributed significantly to other areas 
of acoustics and to acoustics education. 

It is difficult for most of us to keep up with all 
the new developments in computer and electronic 
music. Advances during the first half of the 
decade are well summarized in a book edited by 
two pioneers in this area, Max Mathews and John 
Pierce (Current Directions in Computer Music~ 
1). The 21 chapters in this book include 
contributions by 21 authors, all of whom are 
leaders in the field of computer music. The book 
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-~ - - - University in Eindhoven (3). This technique 
allows a designer to make changes in the profile of 

==------t--- an existing structure, and then to compute the 

Figure 2: Profiles of two major-third bell 
designs (taller profiles) compared to a 
traditional minor-third bell (shorter profile) 
(2). 

is accompanied by a compact disc with 88 sound 
examples, and a videotape of perfonnances is also 
available from the publisher. I will share with you 
some brief excerpts from both of these. [CD 1, 
Video 1] 

A new type of carillon bell was developed in 
The Netherlands during this past decade by a 
team of researchers headed by Andre Lehr (2). 
The new bell replaces the dominating minor-third 
partial with a major-third partial, thus changing 
the tonal character of the bell sound from minor to 
major. This requires an entirely new bell profile, 
which evolved partly from the use of a technique 
for structural optimization using finite element 
methods on a digital computer at the Technical 

resulting changes in the vibrational modes. Two 
different profiles of major-third bells are shown in 
Fig. 2. The first bell, introduced in 1985, has 
more rapidly decaying partials whereas the second 
bell has a longer decay time, more nearly that of 
the traditional minor-third bell. 

Two new non-electronic musical instruments, 
developed in earlier decades, came of age during 
this past decade. One of them is the new violin 
family, which was featured in concert at SMAC83 
and will be heard again at SMAC93. The first set 
of 8 instruments was played in concert in 1965, 
and now at least six complete octets are in 
existence, in addition to many partial sets and 
individual instruments (4). Another new family of 
musical instruments that have come of age during 
the decade are Caribbean steel pans or steel 
drums, which are widely played in concerts in 
Europe and North America, as well as in their 
native Trinidad. Many universities and music 
conservatories now teach steel band perfonnance, 
and considerable research has been done on their 
tonal design, tuning, history and acoustical 
behavior (5). 

Digital computers and digital instrumentation 
have come of age, and their effect has certainly 
been apparent in musical acoustics research. It is 
hard to remember life without FFf analyzers. 
Two important techniques for studying structural 
vibrations both depend on computers: finite 
element methods for theoretical modeling and 
experimental modal testing. We will mention 
specific applications of these techniques to several 
musical instruments. 

Research on string instruments 
Several investigators have studied the behavior of 
strings, and some of this work will be described at 
this conference. Optical detectors, composed of 
photo-transistor/infrared diode pairs, have been 
used by Podelsak and Lee (6) and by Hanson (7) 
to monitor string motion. Kondo and Hibata 
demonstrated their latest optical system for 
viewing bowed string motion, which uses a 
cylindrical lens and video cameras, for us at the 
ISMA92 meeting in Tokyo last summer (8). 
Pickering has published a book (9), as well as 
several papers, on the bowed string and its 
vibrational behavior. Carp has investigated string 
inhannonicity in historic pianos and harpsichords 
(10), while Bell and Firth have looked at strings of 
different materials (11). String vibrations have 
been studied in detail by Cuesta and Vallette (12) 
and by Chaigne (13), Hall and Askenfelt (14), 
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Conklin (15), Nakamura (16), Sanderson (17), and 
others have described piano string behavior, while 
nonlinear effects in strings have been discussed by 
Legge and Fletcher (18) and by Tufillaro (19). 
These are only a few of the interesting papers on 
strings that have appeared in the last decade. 

The vibrational modes of violins have been 
studied both theoretically and experimentally 
using modern engineering methods developed for 
structural vibration studies. Milller and Geissler 
(20), Marshall (21), and Jansson, Bork, and 
Meyer (22) have successfully applied 
experimental modal testing methods · to violins, 
while Knott (23) has used finite element methods 
to calculate vibrational modes of violin bodies 
(and several others have applied these methods to 
free plates). 

Sound radiation and the tonal aspects of 
violins have received a substantial amount of 
attention during the past decade. Meyer (24) and 
Diinnwald (25) have looked for measurable sound 
characteristics of old Italian violins. Diinnwald 
found that two parameters L (the relative sound 
level at the air resonance frequency) and N (the 
percentage of tones in which the strongest partial 
lies within the frequency range 1300 to 2500 Hz) 
could be used to characterize the sound of old 
Italian violins. We will hear several papers on the 
tonal properties of violins at this conference. 

Pianos have received their share of attention, 
especially the way in which the hammer transfers 
energy to the strings and the way in which the 
soundboard vibrates and radiates sound. Some of 
the leading work in this area is being done right 
here at KTH (26). Partly because of patents and 
proprietary considerations, piano researchers have 
been cautious in publishing the results of their 
research. Harold Conklin could (and should) write 
a book on piano acoustics, and perhaps Klaus 
Wogram and his colleagues in Braunschweig 
should also. Our Swedish friends took a 
significant step toward narrowing this information 
gap by organizing a piano seminar in 1988 and 
publishing the lectures in a small but valuable 
book with a compact disc of sound examples (27). 
(In fact, Anders has wonderful intentions to sell a 
copy of this book to every piano tuner and 
technician in the world.) [CD 2] 

Don Hall's serial account of the hammer-string 
interaction in JASA is now up to part VI (28), and 
he shows no signs of running out of things to 
calculate to further refine his model. Nakamura 
and his colleagues have also created some 
interesting models for the hammer string 
interaction (29), and Suzuki has investigated the 
dynamic behavior of soundhoards and hammer 
shanks (30). Kindel and Wang compared their 

finite element model of a grand piano soundboard 
with experimental modal testing results from two 
grand piano soundboards (31), while Wogram 
reported modal testing results from a 2.9-m grand 
piano soundboard (32). 

Wind Instruments 
Wind instrument research has enjoyed a rich and 
rewarding decade despite the passing of two 
giants in this field [Art Benade in 1987 and John 
Backus in 1988]. Art, in particular, left us a 
substantial legacy of former students to carry on 
the tradition of excellence in research that re 
established, as illustrated by several papers on 
woodwinds by Keefe and his colleagues (33). 
Strong and Dudley have done some interesting 
work on brass instruments, especially the trumpet 
and French hom (34), while John Coltman, well 
into his so-called "retirement," continues to 
publish significant papers on the flute (35). 

I would have to admit quite candidly, however, 
that the center of gravity for research on wind 
instruments has shifted from the United States to 
Europe. Hirschberg and his colleagues in The 
Netherlands have published several important 
papers on sound generation Woodwinds, flutes, 
and organ pipes (36); when the rest of us fully 
digest the mathematical details, I believe that they 
will set the tone for much further investigation of 
wind instruments. In Spain, Barjau, Aguilo and 
colleagues have studied double-reed instruments, 
both folk and orchestral (37). Causse in Paris 
(38), Kergomard and Gilbert in LeMans (39) and 
colleagues have established a tradition of 
excellence in wind instrument research in France. 
In Germany, wind research has centered mainly at 
the PTB in Braunschweig in the capable hands of 
Wogram and his colleagues (40). Research by 
Smith, Bowsher, and Watson in England has 
added to our knowledge of the effect of trumpet 
bore on tone (41). 
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In Australia, Neville Fletcher continues to be 
as productive as ever, directing at least a part of 
his attention to giving us new insight into 
nonlinear effects in wind instruments (42). Early 
in this decade, Johnston et al. published a paper 
on the role of vocal tract resonance in clarinet 
playing (43) that probably attracted less attention 
than it deserved but which led to further 
investigations of the vocal tract effect by others, 
and it certainly ties together two themes of the 
SMAC conferences: musical instruments and 
singing. 

Idogawa and his colleagues in Japan have 
published a number of important papers on the 
bassoon and the clarinet (44), while Ando has 
continued his productive work on both transverse 



flutes and the end-blown Shakuhachi (45). 
Saneyoshi, Teramura and Yoshikawa have 
proposed a common theory to analyze the 
excitation in woodwind and brass instruments 
(46). 

Some interesting research on the acoustics of 
pipe organs has been reported during the past ten 
years. Saneyoshi has studied sound generation in 
organ pipes both in air and under water (!) (47) 
Elder has proposed a unified method of treating 
the sounding mechanism of organ pipes and cavity 
resonators (48), while Nolle has studied the effect 
of voicing adjusttnents (49). Verge, et al. have 
used the Schlieren technique to study jet formation 
and jet velocity fluctuations in a flue organ pipe 
(50). Musical dynamic levels of pipe organ 
sounds have been measured by Hall (51). 

Percussion Instruments 
Although the percussion family probably includes 
more different musical instruments than any other 
major family, relatively few people have 
investigated their acoustical behavior. This past 
decade has seen a marked increase in interest in 
these instruments, but still only a small fraction of 
all percussion instruments have been studied at 
all. 

Early in the decade, we reported on the results 
of a joint theoretical and experimental study of 
timpani (52), and more recently we studied the 
acoustics of bass drums (53) and snare drums 
(54). Timpani studies have also been carried out 
by Fleischer and colleagues (55). Nonlinear 
effects in gongs have been discussed by Fletcher 
and colleagues (56), and a number of 
measurements have been made on cymbals (57) 
and Caribbean steel drums (58). 

Bells are among the oldest and most cherished 
of all musical instruments in human history. We 
have already mentioned the research leading to the 
development of the major-third carillon bell.2 
Research on the acoustics of bells has also led to 
the development of bass handbells, now available 
down to G2, both in conventional bronze design 
and in a new aluminum design having a stronger 
fundamental (59). 

Ancient bells from several countries have been 
studied during this decade. Foremost, perhaps, are 
the two-tone bells from ancient China, whose 
almond-shape cross section results in splitting the 
usual bell modes into doublet pairs (60). 
Measurements on large sets of ancient Chinese 
bells are now becoming available to acoustical 
researchers who have previously had access only 
to a few specimens in museums outside China. 
Takahashi, Okamura, and colleagues have made 
detailed studies of two sets of two-tone bells in the 
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Sen-oku Hakko Ran museum in Kyoto (61), and 
we have recently completed a study of 26 bells in 
the Arthur M. Sackler collection, mainly at the 
Smithsonian Institution in Washington (62). Using 
data published in Chinese sources, Lehr has 
analyzed the tuning of the renowned Zeng Hou Yi 
(63). Korean temple bells have been studied by 
Yum and colleagues (64). 

Rarely are original bells available for 
holographic interferometry or experimental modal 
testing in the laboratory, but we have made 
holographic interferograms of copies of an ancient 
Chinese two-tone bell (Fig. 3) and a Korean bell 
(Fig. 4). We have also done experimental modal 
testing of two ancient Chinese bells in the Sackler 
collection. 

Acoustics of singing 
For a visitor to talk. about the acoustics of singing 
in Stockholm is truly like bringing coals to 
Newcastle. Nevertheless, no account of musical 
acoustics research in this decade would be 
complete without mention of the world's oldest 
musical instrument, the human voice. Research up 
to about 1986 is summarized in Sundberg's book 
on The Science of the Singing Voice (65). If one 
reads the quarterly reports from the Dept. of 
Speech Communication and Music Acoustics at 
KTH, one can be sure of being aware of most 
current research on the acoustics of singing. In the 
Netherlands, Bloothooft and colleagues have done 
some interesting research on overtone singing as 
well as the spectral analysis of sung vowels (66). 
The Journal of Voice frequently carries papers on 
the acoustics of singing, as does the Bulletin of 
the National Assn. of Teachers of Singing. A 
collection of papers and short notes from the 
NATS Bulletin, edited by Sataloff and Titze, was 
recently published (67). 

Other Research In Musical Acoustics 
In addition to the scientific study of tone 
production in musical instruments, musical 
acoustics deals with the transmission of sound to 
the listener (via the concert hall or via the 
recorded media) and the perception of sound by 
the listener. More recently, musical performance 
is being studied in a scientific way. In this review, 
I have discussed only musical instruments (and 
the human voice), because this was the main focus 
of SMAC83 and SMAC93. We could easily stay 
in Sweden for another week or two to discuss 
other topics in musical acoustics, but I suppose 
that is not possible. 

Publications 
The decade 1983-93 has seen a record number of 



Figure 3: Holographic interjerograms showing the modes o/vibration of a modern two-tone 
Chinese bell. Each mode appears as a doublet pair; the b-mode has a node at the xian 
(spine), while the a-mode has an anti-node there.60 

publications in musical acoustics. Besides the 60 
or more papers in JASA, a large number of 
papers have appeared in Acustica, Applied 
Acoustics, Acoustics Australia, Journal of the 
Acoustical Society of Japan (both English and 
Japanese editions), Music Perception, Computer 
Music Journal, Journal of the Audio Engineering 
Society, Journal of Voice, Applied Luthe~e, and 
of course the CAS Journal. The latter Journal, 
which changed its name and its format, is 
appearing in more and more unive~ty libr~es. 
Special issues of journals featuring mUSIcal 
acoustics include J. Acoust. Soc. Japan (E) 
(1989) and Applied Acoustics (1990). . . 

The Royal Swedish Academy of Muslc has 
continued to sponsor public seminars on musical 
acoustics and to publish the main lectures in 
books edited by members of the KTH staff. These 
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excellent publications generally include musical 
examples presented on phonograph records or 
compact discs. Seminars in recent years include 
Acoustics for Choir and Orchestra (1985), 
Harmony and Tonality (1986), and Acoustics of 
the Piano (1988). 

Several books on musical acoustics were 
published during this decade. Among them are 
books by Campbell and Greated, 1987 (68), 
Fletcher and Rossing, 1991 (69), Pierce, 1983 
(70), Pamcutt, 1989 (71) Johnston, 1989 (72), 
Pickering, 1991 (9) and Moravcsik, 1987 (73). 
Lothar Cremer's book on The Physics of the 
Violin (74) appeared in English in 1984, as did 
books by Johan Sundberg on The Science of the 
Singing Voice, 1987 (65), and The Science of 
Musical Sounds, 1991 (75). Revised editions of 
several musical acoustics textbooks appeared, 
including Hall, 1991 (76) Rigden, 1985 (77) 



Figure 4: Holographic interjerograms showing the modes of vibration of a small Korean bell. 

Rossing, 1990 (78), Strong and Plitnik, 1992 
(79), and Benade, 1990 (80). Reprint books 
include Vocal Health and Science (edited by 
Sataloff and Titze, 66) and Musical Acoustic: 
Selected Reprints (edited by Rossing, 81). Of the 
many books on psychoacoustics that relate to 
musical acoustics, the one by Zwicker and Fastl, 
1990 (82) deselVes special mention. 

In 1987, a compact disc entitled Auditory 
Demonstrations was created at the Institute for 
Perception Research by Houtsma, Rossing, and 
Wagenaars (83). This compact disc, cosponsored 
by the Acoustical Society of America and by 
Northern illinois University, includes 39 auditory 
demonstrations. 

Concluding Remarks 
I was certainly well aware that a lot of excellent 
research in musical acoustics has been done 
during the decade between SMACs, but if I really 
had stopped to consider just how many people are 
active in this enterprise and how many diverse 
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areas are being covered, I probably would have 
said "nej tack" to the invitation to review the field 
in 40 minutes. However, it has been a great 
pleasure to tour the literature, discover some new 
papers, re-read others, and to think about the 
authors as I do so. Without a doubt, I have failed 
to mention some very important research, and for 
this I humbly apologize. I extend my best wishes 
to the reviewer who reports on the decade 
1993-2003 at the next SMAC! 
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The contributions of voice science to voice care 
R T SatalofJ 
The substance of this article will appear in the "Journal of Voice." It is published here with the permission of The 

Voice Foundation 

The human voice is extraordinary. It is capable of 
conveying not only complex thought, but also 
subtle emotion. In an instant, it can communicate 
the terror of a scream or the beauty of a song. 
Although mankind has appreciated the uniqueness 
and power of the human voice for centuries, only 
in the last few years have we begun to understand 
how the voice works, and how to care for it 

Teamwork 
The Voice Foundation's first Annual Symposium 
on Care of the Professional Voice was organized 
by Wilbur James Gould, M.D. and held in New 
York in 1972. This meeting brought together 
laryngologists, voice scientists, speech-language 
pathologiSts, singing teachers, acting teachers and 
performers. Presentation of scientific papers, 
discussion groups and workshops opened dialogue 
among professionals of different disciplines, all 
with a common drive to understand the human 
voice. Consequently, voice scientists with 
backgrounds in physics, speech science, computer 
science, psychology and other areas acquired an 
interdisciplinary perspective on questions relevant 
to voice users and physicians. This led to new 
directions and collaboration in research. 
Performers and their teachers discovered that 
there were scientific ways to enhance healthy 
performance and safe teaching, without int~rfering 
with aesthetics. Physicians began to realize that 
there was a great deal more to the vocal tract than 
simply the vocal folds themselves, and that the 
vocal folds were too elegant and complex to be 
subjected to "stripping" operations. . 

Throughout the subsequent twenty years major 
advances ensued. It is now possible for the singer 
with a few "lost notes," the sales person whose 
voice is weak, the secretary who gets hoarse on 
the telephone, the smoker with a small cancer, or 
anyone else with a voice complaint to get 
sophisticated medical evaluation enhanced by new 
equipment, conservative treatment when possibl~, 
and meticulous surgery when necessary. This 
advanced care is a result of growing 
understanding of how the voice works. Yet, many 

problems remain unsolved. The availability of 
scientific infonnation about the anatomy and 
physiology of phonation has given physicians, 
voice teachers, speech-language pathologists and 
others a new, accurate voice vocabulary. This 
enormously important advance has permitted the 
evolution of rational thought processes for voice 
diagnosis, treatment and training. 

Approaching voice problems 
When physicians encounter a patient with a voice 
problem, they approach the problem using a 
combination of art (style, empathy, intuition) and 
science (objective analysis based on facts). Both 
components are important, and no physician. 
speech-language pathologist or singing teacher 
can be considered excellent if he or she abandons 
the art of practice in favor of dispassionate, 
scientific analysis alone. 

However, care is at least as bad when we are 
forced to depend upon intuition almost 
exclusively, because of insufficient knowledge. 
This is popularly called "winging it;" and it is a 
fair description of most voice care prior to the last 
decade or two. Fortunately, science has provided 
us with an understanding that the voice consists of 
at least three principal components, that each 
component is designed to control specific aspects 
of voice production, and that there are ways to 
identify and quantify the perfonnance of each 
component This information provides voice care 
professionals with a framework and language with 
which we can think about voice problems. This 
has permitted us to add not only scientific fact, 
but also scientific thought to voice care. A basic 
understanding of scientific insights regarding 
anatomy and physiology of phonation helps 
clarify this important evolution in voice care 
(Sataloff, 1991, 1992; Gould, 1993; Sundberg, 
1987, 1991; Hirano, 1981; Baken, 1987; Titze, 
1994). 
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Medical care of voice disorders 
Until the 1980's, most physicians caring for 
patients with voice disorders asked only a few 



basic questions such as: How long have you been 
hoarse? Do you smoke? etc. The physician's ear 
was the sole "instrument" used routinely to assess 
voice quality and function. Visualization of the 
vocal folds was restricted to looking through a 
mirror placed inside the mouth using regular light, 
or to direct laryngoscopy with anesthesia in the 
operating room. Treatment was generally limited 
to medicines for infection or inflammation, 
surgery for bumps or masses, and no treatment if 
the vocal folds looked "nonnal." Occasionally 
"voice therapy" was recommended, but the 
specific nature of therapy was not well controlled, 
and results were often disappointing. In the last 
ten years, the standard of practice has changed 
dramatically. Sophisticated techniques for history 
taking, physical examination. surgery, and voice 
therapy have emerged because of scientific 
advances; and scientific advances have provided 
physicians with the intellectual tools needed to 
approach voice disorders in a new way.(Sataloff, 
1991, 1992; Gould, 1993) 
Within the last decade, the author has used and 
taught an approach to voice care that involves 
identifying the anatomic site of dysfunction, and 
recognizing the consequences of that dysfunction 
upon control strategies throughout the vocal tract. 
For example, a voice problem may originate in the 
oscillator, resonator or power source. Although 
multiple abnonnalities may exist, malfunction in 
anyone of these components of the vocal system 
often causes dysfunction in all of them. If an 
abnonnality is found at the level of the larynx 
(oscillator), history and physical examination are 
designed to determine whether the abnonnality is 
in the mucosa, intrinsic muscles, extrinsic muscles 
or skeleton; but it is also designed to detect 
secondary dysfunction. For example, vocal 
nodules cause hoarseness and breathiness. 
Patients often try to compensate by using excess 
tongue, jaw and neck muscle tension in the 
resonator system. Similarly, trauma or surgery 
that alters the structure or function of these 
muscles or ribs undermines the power source of 
the voice as do diseases that impair respiration, 
such as asthma. Deficiencies in the support 
mechanism often result in compensatory efforts 
which utilize the laryngeal muscles, not designed 
for power source functions. Such behavior can 
result in decreased function, rapid fatigue, pain 
and even structural pathology including vocal fold 
nodules. Current expert treatment for such 
problems focuses on correction of the underlying 
malfunction rather than surgery. 

Looking at voice problems in tenns of system 
control analysis is as useful to the physician as it 
is to engineers who routinely approach complex 
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systems in this way. Analyzing control strategies 
explains pathology and voice dysfunction in many 
patients. For example, if a patient habitually uses 
pressed phonation, considerable effort will be 
required to achieve loud voicing. The muscle 
patterns and force recruited to compensate for this 
laryngeal inefficiency may cause vocal damage. 
Understanding control mechanisms such as these 
pennits physicians to detect and correct 
inefficiencies that are responsible for voice abuse 
and vocal fold injury. Understanding the function 
of each component of the vocal tract also creates 
new possibilities for vocal rehabilitation. For 
example, when basic methods for controlling 
loudness are impaired by injury or disease, 
improving resonance through vocal training may 
allow a person to compensate adequately for the 
acoustic impainnent. 

Conclusions 
Great progress has been made toward 
understanding the function, dysfunction and 
treatment of the human voice. Because so many of 
the advances have involved collaboration among 
physicians, voice scientists, speech-language 
pathologists, singing teachers, singers and actors, 
they have been applied practically much more 
quickly than usual. The dramatic progress that 
has occurred in the last decade has resulted in 
great diagnostic and therapeutic benefits for all 
patients with voice complaints, the emergence of a 
medical subspecialty in voice, dramatic 
improvements in voice therapy, and the beginning 
of a new scientific era in voice pedagogy. Most 
importantly, scientific advances and collaboration 
have not given us merely new tools, but rather a 
whole new approach to the voice. No longer must 
we depend upon intuition and mysticism in the 
medical office or voice studio. We now have the 
knowledge and vocabulary necessary for accurate 
analysis of voice problems, and systematic, 
logical solutions. Thus, we finally have enough 
infonnation to include effectively in our voice care 
armamentarium the most important missing 
component: rational thought. It has raised the 
standard of voice care and training forever. 
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The pitch of short-duration vibrato tones: 
experimental data and numerical model 
C d'Alessandro & M Castellengo 

Abstract 
Vibrato is one of the most common ornaments in occidental classical music, particularly in singing. For actual 
vibrato tones, performed in a real musical situation, the tone durations are limited according to the musical score. 
The aim of the present work is to provide experimental data on pitch perception for vibrato tones of short 
duration. The pitch perceived of short vocal vibrato tones was measured using a method of adjustment. The 
stimuli were synthetic vocal tones, produced by a formant synthesizer. The main parameter under study was the 
tone duration, as a function of the fractional number of vibrato cycles. This parameter was examined in relation 
to: 1) vibrato extent (0, 50, 100 and 200 cents); 2) vibrato rate (4, 6 and 8 Hz); 3) nominal frequency (220, 440, 
880 and 1500 Hz); 4) initial phase of the vibrato waveform (0, 1t/2, n, 31t/2), assuming a sinusoidal vibrato 
waveform. Durations ranging from 1/2 cycle to 2 cycles were studied. A group of 12 musically educated subjects 
was used for the main experiment (nominal frequency 440 Hz, vibrato frequency 6 Hz, vibrato extent 100 cents). 
A smaller group of 4 selected subjects was used for the parametric experiments. Our results demonstrate that for 
short tones the pitch does not correspond to the mean frequency between the peaks of FO, as seems to be the case 
for long tones: rather, it corresponds to a weighted time-average of the FO pattern. A separate perception took 
place for the high and low parts of the vibrato cycles, for large vibrato extents or slow vibrato rates. This 
phenomenon was related consistently with the glissando threshold. A simple numerical model of weighted time
averaging with threshold is proposed. It demonstrated a good agreement with our experimental data. Finally, the 
experimental results obtained and the model proposed provide some insight into questions related to vibrato in 
actual singers' performances: synchronization of vibrato cycles with note transitions, vibrato patterns in large 
pitch changes (portendo etc.), vibrato patterns in short staccato tones. 

I.Introduction 
In actual singing, the durations of vibrato tones 
are limited. This induces an interaction between 
the intrinsic vibrato parameters and the tone 
patterns imposed by the musical score. This 
interaction is responsible for varied and 
complicated fundamental frequency (FO) patterns, 
that are noticeable on analyses of actual singers 
performances. Understanding pitch perception for 
short-duration vibrato tones appears as a 
challenging problem for music perception studies. 

In an extensive study by Shonle and Horan 
(1980), it was shown that the pitch which is 
perceived for long vibrato tones is the mean 
between the two extreme frequencies, with the 
geometric mean being a somewhat better fit than 
the arithmetic. In their experiments the number of 
vibrato cycles was indefinite, and no attention was 
paid to the initial and final phases of the 
modulation patterns. These results can hardly be 
extended to short tones. In this later case two 
additional parameters (tone duration and 
modulation phase) must be taken into account, in 
addition to the three intrinsic vibrato parameters 
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studied for long tones (nominal frequency, extent 
and vibrato frequency). 

In a previous work., we presented an 
experimental study on pitch perception for short 
duration vibrato tones. Due to space limitation, 
the reader is referred to (d' Alessandro & 
Castellengo, 94) for details on the experiments. In 
this paper, we review these experimental data, and 
we question the possible numerical models of 
pitch perception for short-duration vibrato tones 
(geometric or arithmetic means, time-average, 
weighted time-average). Finally, musical 
examples are discussed in the light of our model. 

2. Experimental data and results 

2.1 Experimental data 
The pitch for short-duration vibrato tones was 
measured using a method of adjustment, and 
synthetic vocal stimuli. The experimental 
conditions are described in (d'Alessandro & 
Castellengo, 94). Figure 1 shows the FO patterns 
used in the experiments: two different final phases 
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Figure 1: FO patterns used in the 
experiments. E: vibrato extent; F: vibrato 
nominal frequency; R vibrato rate; E+: FO 
maximum; E-: FO minimum. 

(0 and 1t) and seven durations (0.5, 0.75, 1, 1.25, 
1.5, 1.75, 2 cycles) were studied. In the main 
experiment, the vibrato extent (E) was 100 Ce~ts, 
the vibrato rate (R) was 6 Hz, and the nommal 
frequency (F) was 440 Hz. For parametric 
experiments, only five durations were studied 
(0.5, 0.75, 1, 1.5, 2 cycles). There were three 
parametric experiments: expo PI: E was varying 
in four steps (0,50,100,200 Cents) with R=6 Hz 
and F=440 Hz; expo P2: F was varying in four 
steps (220, 440, 880 and 1500 Hz) with R=6 Hz 
and E=loo Cents; expo P3: R was varying in three 
steps (4,6,8 Hz) with E=loo Hz and F=440 Hz. 
Sound Example 1 consists of seven FO patterns, 
with the same initial phase 0, the same vibrato 
rate 6 Hz, the same nominal frequency 440 Hz, 
the same vibrato extent 100 cents, and with seven 
durations 0.5, 0.75, 1, 1.25, 1.5, 1.75, 2 cycles. 
This example demonstrates that pitch depends on 
the shape of FO patterns. 

Figure 2 shows the results obtained ( 2A: main 
experiment; 2B,C,D: parametric experiments). X 
axis represents the pattern duration. Y axis 
represents the difference in Cents between the 
pitch judgement (average of all subjects 
responses) and the nominal frequency. It must be 
pointed out that for the 0.5 cycle conditions, the 
FO pattern is always either above or below the 
nominal frequency (see Figure 1, first pattern 00 

each line): this point will be discussed in the next 
section. Patterns sharing the same final phase are 
connected by a similar line. The two final phases, 
o and 1t that are present in our stimuli are 
therefore represented by two different lines. 

2.2 FO integration and influence of the 
final phase 
It is noticeable that the lines are converging 

towards the center frequency. Figure 2 
demonstrates that the pitch judgements were 
influenced most by the shape of FO patterns at the 
end of the tones_ The experiment P2 (Figure 2D) 
indicates that the convergence toward the center 
frequency is almost independent of this center 
frequency: the lines for 220, 440, 880, and 1500 
Hz are close together, when expressed in Cents 
relative to the nominal frequency. 

In experiment PI (Figure 2C), the lines clearly 
converge towards the center frequency for vibrato 
extent 0, 50 and 100 Cents. For the 200 cents 
extent condition, all the tones were perceived as 
either significantly higher or lower than the 
nominal frequency, almost independantly of their 
duration. This indicates that a separate perception 
of the high and low parts (extrema) of the FO 
patterns appeared: the stimuli were perceived as 
two alternating tones rather than vibrato tones. 
Borrowing the terminology introduced in Nabelek 
and al. (1970), in their study of pitch for tone 
bursts of changing frequency, we shall adopt the 
term "separation" when only the final arch of the 
vibrato waveform contributes to the pitch 
judgement, and the term "fusion" when the overall 
FO pattern contributes to the pitch judgement In a 
musical context, fusion could correspond to true 
vibrato, and separation might rather be related to 
trills or other melodic ornaments. Therefore, if the 
vibrato extent is large, a separate perception of 
the upper and lower arches of the vibrato 
waveform occurs (the final arch contributes alone 
to pitch perception, the overall FO pattern has 
very little influence, if any, on the pitch 
perceived). In the case of fusion, although the 
final part of the FO pattern seems still the most 
important for pitch perception, the overall FO 
pattern contributes to the pitch judgement. 

For experiment P3 (Figure 2B), the same FO 
patterns for different vibrato frequencies have 
different durations, because they have the same 
number of cycles. For a slow vibrato rate (4 Hz) 
all the FO patterns are perceived either high or 
low. Therefore, separation occurs for a slow 
vibrato rate (as was the case for a large extent), 
and in the case of fusion, the lines are converging 
faster for the higher vibrato rate. This observation 
is compatible with the observation that the overall 
FO pattern contributes to pitch perception in case 
of fusion. 

2.3 Fusion/separation and the glissando 
threshold 

As the fundamental frequency changes 
continuously in vibrato tones, the 
fusion/separation problem is related to the 
absolute threshold of pitch change, or glissando 
threshold. A unified view of this problem was 
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Figure 2: Experimental data. A: main experiment and mean frequency model; B: P3; C: Pl; 
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presented by 't Hart and al. (1990). Interpreting't 
Hart data in the case of vibrato tones, one can 
expect a separated perception if E * R3 > 0.02. 
The fusion/separation situations obselVed in the 
experiments P 1 and P3 are in good agreement 
with the glissando threshold. The glissando rates 
in case of separation are close to the glissando 
threshold, although they are clearly below the 
threshold in case of fusion. 

3. Numerical models 

3.1 Mean Pitch Model 
It has been generally accepted that the pitch which 
is perceived for long tones with vibrato is the 
mean pitch, with the geometric mean being a 
somewhat better fit than the arithmetic. Following 
a question raised by Sundberg (1993), we shall 
discuss this mean pitch hypothesis for short tones. 
The mean pitch is computed as the arithmetic or 
geometric mean between the two extreme values 
E+ and E- of the FO excursion (see Figure 4 top). 
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The mean pitch equals the nominal frequency for 
all the patterns used in our experiments, excepted 
the 0.5 cycles, phase 0 or 1t patterns, where the 
mean pitch equals the nominal frequency± half the 
vibrato extent expressed in Hz (the mean pitch for 
the main experiment is plotted in Figure 2A.). 
This is the reason why we chose to plot the 
experimental results as the difference in Cents 
compared to F, instead of a difference in Cents 
compared to the mean pitch. The 0.5 cycles phase 
o or 1t conditions are the only conditions where 
there is coincidence between the mean pitch and 
the perceived pitch: it must be pointed out that in 
these particular conditions other models (e.g. time 
average or weighted time average) give almost the 
same result. Moreover the mean pitch hypothesis 
is unable to explain all the other data, because all 
the other patterns have the same mean pitch 
(which equals the nominal frequency). Finally the 
mean pitch hypothesis does not take into account 
the fusion/separation phenomenon which emerges 
from the experimental data. Figure 4 top 
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demonstrates the inadequacy of the mean pitch 
hypothesis, showing FO patterns that are 
perceived with different pitches, but that have the 
same arithmetic or geometric means. 

3.2 Time-Average Model 
For long tones, Shonle & Horan (1980) also 
proposed a subsidiary experiment, using 
asymetrical vibrato WaVefOITIls. The results 
obtained indicated an averaging of all frequencies 
present, rather than a mean between the extreme 
frequencies. Let pet) denote the pitch perceived at 
time t, and f the time-varying FO function begining 
at time t. The equation for the time-average model 
is plotted in Figure 4 middle. But a simple time-

Figure 4: Equation of the models. Equal 
responses for different patterns which are 
perceived with different pitches are 
indicated. 
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p(t ) = { (E+ + E -)/2 Arithmetic Mean 
J E+ x E Geometric Mean 

(1) 

Time Average 

1 f' p(t ) = t fo f (r)dr (2) 

, . : .. '::; . .. \ 
, " "v. !\ l i ..: . ~ :. . \_: 

Weighted Time Average 

() 
ftl(e.xp(-r.>(t - r )) + (3) f (r)dr 

p t = with 
J6(exp( -a(t - r )) + (3)dr 

{ 
('( = - 22 {3 = 0.2 if[E' + E- ] x R3 > 0.02 

n = - 22 j3 = 0 It IE' + E-I x RJ ~ 0.Q2 

(3) 



average model is no more sufficient to explain our 
data, because for an integer number of vibrato 
cycles the time-average equals the nominal 
frequency, although the pitch judgements we 
obtained in these cases are not the nominal 
frequency. Another argument against the time
average model is the monotonic convergence: 
towards the nominal frequency observed in case of 
fusion. Figure 3A shows the time-average model 
output for the main experiment, and demonstrates 
its inadequacy. Figure 4 middle shows some FO 
patterns that are perceived with different pitches, 
but that have the same time-average. 

3.3 Weighted Time-Average Model 
It appeared that the final part of the tone had a 
larger weight on the pitch judgement than the 
initial one. A quantitative model for such a 
process is a time-average of the FO pattern viewed 
through a data window. A simple model for the 
data window is a raised exponential memory 
function, so that events in the past contribute 
exponentially less to the average. Let <x, ~ be two 
constants, Figure 4 bottom gives the equation of 
the weighted time average (WT A) model. The 
constant ~ accounts for the amount of long term 
time averaging, and the constant <X accounts for 
the weighting of the past (speed of decay of the 
exponential function). In the case of separation, 
the excitation patterns due to successive vibrato 
extrema become more separated in time or in 
frequency: it is reasonable to assume that if the 
glissando rate for a given condition is larger than 
the glissando threshold (separation), the amount 
of constant time-averaging represented by ~ is 
reduced.(~= 0). 

Only two free parameters <X and ~ have to be 
estimated. Optimal parameters have been 
estimated by minimizing the Root Mean Square 
distance between the response of the model and 
the experimental data. The minimum distance is 
reached for <x=-22 and ~=0.20.(20 % of long term 
time averaging). This numerical model seems to 
be well-suited to both fused and separated vibrato 
judgements, as it appears on Figure 3B, 3C, 3D. 

5. Musical examples 
Our results demonstrate that for short tones the 
pitch does not correspond to the mean frequency 
between the peaks of FO, as it seems to be the case 
for long tones. We found that for short-duration 
vibrato tones, the pitch perceived corresponds to a 
weighted time-average of the FO pattern. We shall 
examine now two musical examples in the light of 
this model. The first example, Figure 5 Top 
(sound example 2) shows the spectrogram of a 
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Figure 5: Musical examples. Top: "lafille du 
regiment" (Donizetti, Joan Sutherland). 
Bottom: "0 leg ere hirondelle" (Gounod, 
Mado Robin). 

sequence extracted from "La fille du regiment" 
(Donizetti) sung by Joan Sutherland, LP London 
OSA 13107. Various FO patterns are present in 
the two alternating short tones of this virtuoso 
passage. As predicted by our model, one can 
notice that the different vibrato patterns for a 
same pitch do have different nominal frequencies, 
according to their durations, rate and extent 

The second example, Figure 5 Bottom (sound 
example 3) shows the spectrogram of two 
sequences extracted from the Air "0 legere 
Hirondelle" (Mireille, Gounod), sung by Mado 
Robin, LP Decca LXT 2898. The two sequences 
consisted of variations on the same notes (legato 
by two, then staccato). Let us consider the last 
vibrato pattern of each example. Our model is 
able to explain the fact that in the first case (I) 
two notes are perceived, and in the second case 
(2) only one note is perceived. The glissando 
threshold is about 34 Semi-Tone/s for both. In (1) 
the glissando rate is about 53 ST/s at the begining 
(separation between D6 and C6). For (2) the 
rising glissando rate is about 38 ST/s, of the same 
ordre of magnitude than the threshold (there is 
fusion, only one note C6 is perceived ). 
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A physico mathematical model for the spontaneous 
organization of the auditory cortex 
P Camiz 

Abstract 
Synaptic connections between neurons in the auditory cortex can be thought as a mean for the organization of 
the acoustical perceptive space. We admit that the auditory space is already endowed with a "natural" one
dimensional topology induced by the frequency space. Individual acoustical experiences, strongly dependent on 
the acoustical environment, can distort or modify this organization, even with the introduction of further di
mensions. The physical analysis of the acoustical environment, characterized by the competition between noisy, 
periodic or aperiodic sounds (with continuous or discrete frequency spectra), is at the basis of a mathematical 
model, whose relevant feature is an equal-time correlation matrix in the cortical mapping of the frequency 
space. The role of this matrix in the organization of perceptive space is discussed, with particular emphasis on 
the musical aspects and the linguistic ones. Some results from computer simulations are presented, concerning 
the competition between pitch and vowel recognition. 

The use of sound for communication purposes is 
common to many living beings, like mammals, 
birds, insects, but the way in which infonnation is 
codified shows a great variety, strictly connected 
to the physiological structure of the sound source 
and of the auditory apparatus, namely the ear and 
the auditory cortex. In a fonnal classification of 
codification techniques, based on the features of 
the acoustic signal carrying the infonnation, we 
can identify two main categories: the first, in 
which only time domain is involved, can be 
divided in two subsets, namely the amplitude 
modulation (on a single frequency), and the 
rythmic modulation; the second, more evolved, 
works also in the frequency domain, in which 
frequency modulation, and even the more 
sophysticated timbric modulation are possible: for 
the latter to occur the sound source must contain a 
number of overtones, whose relative amplitudes 
can be modified by the speaker, changing the 
shape of the vocal tract. In human speaking (and 
singing) all these kinds of modulation are present, 
and even more, due to the possibility of modifying 
the noise spectrum. 

The physiological possibility of the frequency 
and timbric modulation is a necessary, but not a 
sufficient condition for the infonnation being 
codified in this way: the role of the auditory 
apparatus is crucial in the decodification process, 
since the ears and the auditory cortex must have 
the capacity of extracting the relevant infonnation 

from sound waves; we know that, if the signal to 
noise ratio is sufficiently high, we can recognize 
the direction of sound, the meaning (or the 
absence of meaning ) of the signal, the nature of 
the source (natural, artificial, dangerous, friendly, 
belonging or not to the community) and in many 
cases we can even identify the speaker. 

For this purpose a complex organization of 
the auditory cortex is needed, allowing many 
elaborations of the input, and a complete and 
satisfactory description of its behaviour is 
probably beyond our actual possibilities. I shall 
limit my analysis to a very small subset, 
concerning those sounds which can be reasonably 
considered as quasi-stationary, in such a way that 
they can be easily described by their Fourier 
components, extracted with a running window of 
constant width ~t of, say, 1/20 of a second In this 
domain we can consider a noisy background, over 
which is superimposed a discrete spectrum 
containing the infonnation on the pitch (or the 
pitches, if the sound is multiply periodic), the 
nature of the source, and the possible presence of 
vocalic fonnants filtering the source spectrum. 
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A physico-mathematical model needs a 
number of simplifications in the description of the 
auditory apparatus: I assume that the '10gic" ear 
consists of n units, each acting as a linear 
uncoupled resonator tuned on a given frequency 
C1lj (i=1,2, ... n), distributed with constant density 
on a frequency logarithmic scale of, say, ten 



octaves; in this way a single auditory experience 
at time t of length dt is represented by the 
simultaneous response of n units, i.e. by an 
n-components real vector V(t)={Vi(t); i=1,2 ... n }. 
The task of the auditory apparatus is not merely 
to take a snapshot of this Fourier spectrum -this is 
done by the ear-but to extract from it some 
relevant features which are supposed to carry the 
infonnation: even in the restricted space of quasi
stationary sounds there is room for pn different 
vectors, if p is the number of distinguishable 
states of each unit: taking p=2 and n=l000 (which 
are very conservative values) the number of 
vectors largely exceeds the number of elementary 
particles contained in the whole universe, and also 
the actual ability of the auditory apparatus to 
identify a single vector; what the auditory 
apparatus can certainly do is to assign a vector to 
a class of vectors, caracterized by one ore more 
labels identifying a class among a large but 
reasonable number of classes: a simple example of 
labels could be pitch+vowel. This ability is related 
to the structure of the auditory apparatus but is 
also dependent on the environment in which the 
living being undergoes his auditory experiences 
during a learning period; synaptic connections 
between neurons in the auditory cortex are 
modified by these experiences, and accordingly 
modify the "resolving power" of the subject for 
acoustic vectors. 

In order to describe the influence of the 
environment on the logic ear I introduce the 
"mnestic correlation matrix at equal times" (1) 

G :{Gij =L Vi (t) Vj (t); i,j=1,2 .... n} 
t 

whose elements Gij are defined as the sum over all 
the auditory experiences of the products of the i-th 
and the j-th component of the vector Vet): G is a 
real, symmetric (therefore hermitian) nxn matrix, 
which can be also defined as the sum of the 
projectors onto all the experienced vectors; should 
they form a complete and orthononnal set G 
would be the unit nxn matrix. Other correlation 
matrices can be defined, in which the i-th 
component of vector Vet) is multiplied by the j-th 
component of vector Vet +'t), and the sum over t is 
taken keeping 't constant. The equal time 
correlation matrix, in which the whole experience 
is summarized, may be related perhaps to the 
synaptic connections between neurons in the 
auditory cortex. 

The structure of the G matrix for each subject 
is strictly connected to the acoustic environment in 
which he lived: depending on the dominance of 
noisy experiences, or of sound experiences, the 
matrix will show a smooth behaviour or a highly 
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Figure 1: 240x240 correlation matrix G 1 
generated by sounds with 32 overtones 
running over 5 octaves (1 octave=48 pixels). 

structured one, in which the strong correlations 
between different overtones of the same 
fundamentals manifest themselves as narrow 
peaks separated by deep valleys, corresponding to 
strong anticorrelations. 

The peaked part of the matrix is almost 
invariant with respect to translations parallel to its 
principal diagonal: this is a consequence both of 
the constant distribution of the resonating units on 
the logarithmic frequency scale, and of the 
properties of the harmonic spectrum, in which 
frequency ratios between overtones are 
independent of the fundamental . If the acoustic 
experience is based only upon periodic unfiltered 
sounds, whose pitch runs along the whole 
frequency domain, the matrix will be very similar 
to the one depicted in fig. 1, which represents in 
logarithmic scale a 240x240 G matrix resulting 
from a computer simulation in which sounds with 
32 overtones of amplitude inversely proportional 
to the overtone order, run over 5 octaves divided 
in 48 equal intervals; for the following 
calculations we can assume that the frequency 
range of this ear runs from 100 to 3200 Hertz. If, 
on the other hand, the same sounds have been 
filtered by some vocalic fonnants, a large scale 
structure is superimposed to the peaked one, as in 
fig. 3, where the correlation matrix produced by 
two two-formants vowels, whose shapes are 
shown in fig.2, multiplies (element by element) the 
matrix of fig. 1. Of course a smooth background 
can always be added, representing the noise 



2.0 I I I I I 
.. ",-..... 

'. 
'. 

1.5 I- -

1.0 - . ,~ .~ . -
... 

" 
'. 

: 
, ,' 

" '. '. -D,S ~ 

.... 

" I~ .---r'" I 
~ . 

I I 

........ 

0.0 
50 100 150 200 250 

Figure 2: Frequency profile of 2 
twojormants model vowels in units of 
octavel48. 
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of Figure 2. 

contribution 
The equal time correlation matrix can be an 

instrument for measuring the vicinity of two sound 
vectors V and W: with a proper choice of 
normalization constants of the sound vectors the 
product <VIGIW> can be interpreted as the cosine 
of the angle formed by the two vectors in an 
n-dimensional space; the "true" cosine is given 
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by the scalar product <VIW>, but the presence of 
G gives rise to a "personal" evaluation of the 
distance between V and W: the distance is zero 
when cos= I, infinite when cos=O, the two vectors 
being in that case orthogonal. If there is a certain 
width in the response of the resonating units 
around the proper frequency, and if V and W 
represent harmonic sounds, the behaviour of <VIG 
IW> as a function of the frequency ratio of the 
fundamentals (fig.4) is very close to the 
psychoacoustic function showing peaks of 
consonance (large values of the cosine) in 
correspondence with the unison, the octave, the 
fifth, and so on, with decreasing amplitudes. (2) 

If this measure of the distance has to be 
assumed for the construction of a well defined 
mathematical space of acoustic perceptions a 
problem arises, since the single frequency 
dimension is not sufficient for taking into account 
the features of our everyday musical experience: 
as a matter of fact the large value of the cosine, 
for frequency ratios close to I, suggests a 
one-dimensional topology, in agreement with the 
physical nature of acoustic phenomena; on the 
other hand the large peak an octave apart suggests 
that the frequency line should tum on the surface 
of a vertical cylinder, in such a way that sounds 
separated by an octave lie on the same vertical 
line; in this way the cylindrical longitude 
corresponds to the position in the octave, but the 
correlations with higher overtones are completely 
ignored. Another possibility, for a geometrical 
representation, could be a multiplicity of lattices, 
built on the cylindrical frequency line, connecting 

33 



points with rational frequency ratios (up to a 
certain value of min ). 

Personally I prefer to avoid those complicated 
visual representations and I consider an 
n-dimensional abstract space in which the scalar 
product is defined through the matrix G. Even so 
the situation is not completely satisfactory if we 
want to go beyond the musical domain and enter 
the linguistic one. 

The G matrix can be adequate for musical 
purposes, but it fails as a mean for evaluating the 
difference or the similarity ( again a distance, in a 
certain sense) between two vowels, unless they are 
pronounced on the same fundamental pitch, which 
sometimes can be the case, but certainly is not the 
rule. 

If the same vowel is pronounced on two 
different pitches and theyr distance is calculated 
with the aid of G the cosine function will show a 
behaviour very similar to the one previously 
analysed with unfiltered sounds, in which the 
musical distance is prevailing over the vowel 
distance: in particular if the interval between the 
pitches is such that the unfiltered cosine value is 
close to zero, it will remain small also after the 
formant filtering; on the other hand it is a common 
experience that vowels are easily recognized in a 
way which is to a large extent independent of the 
pitch. Vowels recognition involves a large scale 
structure, given by the formants filtering the 
discrete spectrum, whereas the G matrix, even 
when it contains vowel's structures, is dominated 
by the small scale (harmonic) structure: a 
smoothing procedure is needed which eliminates 
the musical dominance of G. 

A formal way for accomplishing this task is to 
make a convolution of the input signal with a 
function, for instance a Gaussian, with a width a 
smaller than the formant's width, but much larger 
than the lines of the harmonic spectrum: this 
operation is equivalent to the action, on the sound 
vector, of a matrix M whose gaussian profile is 
orthogonal to the principal diagonal. The sound 
vector V is remplaced by a vector MV, in which, 
as a increases, the overtone structure becomes 
less evident until only the formant profile is 
visible, and the pitch information is almost 
completely lost (fig.5); the distance evaluation 
may occur again through the G matrix, the 
(vowel) cosine between V and W being given by 
<VMIGIMW>. 

Two schematic vowels V 1 and V2 with two 
formants have been prepared for a computer 
simulation: the formants were gaussian-shaped 
filters of half-width 30 (in units of octave/48) 
centered at 58 and 202 for the first vowel 
(simulating roughly a "I"), at 112 and 152 for the 

34 

0.6 f- 1 1 1 1 1 -

0.4 f- -

0.2 f- -

0.0 
·l 

50 .00 .so 200 250 

Figure 5a: F requency profile of the two 
vowels of Figure2 filtering a 32 overtone 
sound offrequency 100 Hertz . 

0.8 

0 .6 

.",.' 

0 .4 

~. 

0.2 .. . "-. 
.... ... . ... 

0.0 
50 .so 200 250 

Figure 5b: Same as in Sa, convoluted by a 
gaussian matrix with a =10. 

.. ",.-...... 

1.25 

1.00 

0 .75 

\'" 
, •.... ~ 

0.50 

0 .25 

0 .00 
o 

Figure 5c: Same as in Sb, with 0" = 20. 



second one (simulating a "0"); SOWIds similar to 
those used for the construction of the G matrix 
have been filtered by the two profiles VI and V2 
and then convoluted with a matrix M. The 
behaviour of the cosine of the angle between the 
two sound vectors has been calculated as function 
of the interval between the fundamental's pitches, 
for many values of 0 : for the definition of the 
cosine we have used the unit matrix, the G matrix 
of fig. 1 and the matrix of fig.3 which corresponds 
to the former G modified by the correlation matrix 
produced by the two vocalic profiles VI and V2. 
Some results are shown in fig.6, where cos Vl(i) 
Vl(j) and cos VI (i) V2(j) are plotted as a function 
of the pitch interval, for various values of 6; the 
reference vowel is supposed to be SWIg on a pitch 
of 100 Hertz in fig 6a, of 400 Hertz in fig.6b: for 
values of 0 less than 10 the behaviour of the two 
cosine functions is dominated by the musical 
interval, and only for the unison are the two 
cosines noticeably different; for larger values of 0 
the dependence on the pitch interval has been 
completely smoothed down, and the two cosine 
functions mantain almost the same difference 
along the octave. 

We can conclude that musical recognition, 
which involves a fine structure analysis of the 
Fourier spectrum for pitch and interval 
identification, and vowel recognition, involving 
large spectral structures, even if they are 
concerned with the same input, need two different 
processes; according to our simulation the vowel 
recognition needs a longer time than pitch 
recognition, since the input must pass through a 
large band filter; the same result could be obtained 
by a narrow window in time domain, so that 
vowel's perception could be established in a very 
short time, even before the occurrence of pitch 
recognition. Compared experiments on pitch and 
vowel recognition time could suggest the actual 
mechanism used by these two processes; do they 
occur along the same or different neural 
pathways? And, if so, which one was the first to 
appear in the evolutionary scale? I cannot answer 
the last question, but I tend to favour the two 
pathways hypothesis, remembering that music and 
language understanding are functions occurring in 
different cerebral hemyspheres. 
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Spectral peaks in auditory figure-background 
discrimination 
W A Deutsch 

Abstract 
Assuming that the leading voice of a musical signal has prominent spectral peaks, figure-background 
discrimination can be obtained by applying an adaptive filter which traces spectral peaks of the signal in an 
analysis-resynthesis procedure. The filter looks on the peaks of the amplitude spectrum and introduces a 
spreading function similar to auditory simultaneous masking. All spectral amplitudes below this artificial 
masking function are suppresseed. By varying the slopes of the spreading function gradually, arbitrary masking 
and overmasking effects can be obtained. By subtracting the filtered signal from the original a difference signal 
can be generated which corresponds mostly to the background if the signal has strong spectral peaks. One 
surprising result is that in some cases 10% to 20% of all spectral components of the amplitude spectrum are 
sufficient to model the main characteristics of the leading voice. 

Introduction 
Auditory figure-background discrimination in 
music can be seen as the result of complex 
interactions between perceptual discrimination 
and simultaneous integration in terms of stimulus 
parameters. Stimulus characteristics as onset 
synchronicity, pitch proximity, ensemble timbre, 
etc. elicitate several horizontal and vertical 
grouping processes which are necessary in order 
to create a good Gestalt percept. Horizontal 
grouping means that the listener is able to put 
together events that follow in time (sequential 
grouping). Vertical grouping integrates 
componentes that occur at the same time in 
different parts of the spectrum (simultaneous 
grouping). If isochronicity of the partials of 
complex tones has been destroyed or stochastic 
modulations have been applied by random 
processes, the distinctiveness of figure
background perception gets lost and ambiguities 
in auditory source localization and identification 
arise. 11lis paper deals with the role of amplitude 
discrimination on the most prominent spectral 
peaks of musical signals against the low level 
background, performed by an overmasking 
procedure, which can be introduced as an 
additional feature detector in horizontal 
organisation of the perception of musical voices. 

Computation of the masked threshold 
The concept of auditory masking is well 
established in psychoacoustics and has gained 
new importance in the coding of digital audio 
signals recently. The masking algorithm locks on 
the peaks of the amplitude spectrum and 
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suppresses spectral components according to the 
spreading function applied. 'The shape of the 
spreading function used for the computation of the 
standard masked threshold (MithOrschwelle) 
depends on the sensation level of the signal frame 
under consideration. 

It is assumed to be linear on Bark scale, with a 
slope of -27 dB/Bark on the low frequency side 
and -24 dB/Bark on the high frequency side. It has 
been shown that the linear approximation of the 
masking curves (on Bark scale) fits well to the 
results from listening tests. All spectral 
amplitudes below the standard masked threshold 
(irrelevance threshold) can be eliminated from the 
amplitude spectrum without any noticeable effect 

The present model of simultaneous masking 
(G. Eckel, 19891

) allows moreover free variation 
of the slopes and the offset level of the spreading 
function. Thus the standard irrelevance threshold 
can be computed as well as arbitrary overmasking 
functions by simply raising or decreasing the 
offset level or by changing the slopes of the 
spreading function. The estimation of the masking 
filter is given by: 

B(x)= 

l-u l+u~ 2 a+--(x+c)--- t+(x+c) ,V'x;t:O 
2 2 

and B(D) = - 00 



where: I = lower slope, U = upper slope, t = 
damping, which flattens the peaks of the masking 
function; the particular values for a and c have to 
be assigned that B(O) = 0; i.e., a and c are the 
crest values of the function: 

l-u l+u ~ 
-a = B(c)= Emax (-2-x--2-vt+r) 

Putting 1= 27 dB/Bark, U = -2dB/Bark and 
c = 0.03, we obtain 

B(x)= 

13.94 + 1.5(x + 0.03) - 22.5~0.3+ (x + 0.03)2 

where: x = frequency-difference in Bark, and B 
denotes a ratio in dB. 
B(O) = -00 and represents the masking spectral 
amplitude which does not mask itself. 

The filtering algorithm applied, uses a 
modification of a phase vocoder (Dolson, 1985).2 
Figure (1) shows the computation of the 
irrelevance threshold and the filtering, the phase 
vocoder not included. Due to the properties of the 
phase vocoder the numerical difference between 
the original signal s and the processed signal r can 
be made audible by simple subtraction d = s - r in 
the time domain. 

S A AB 

s 0- FFT i1- 1.1 
7- Bark 
~ Transf.r--

s 

Spectral peak extraction by means of 
ovennasking 
Overmasking (which should be avoided strictly in 
the implementation of audio signal coders) is 
easily obtained, as described, by raising the slopes 
of the spreading function and the overall level of 
the masking filter. This results in an increased 
number of suppressed low level spectral 
amplitudes by leaving untouched the most 
prominent spectral peaks. Thus, the leading voices 
of musical signals can be separated from the 
musical background, simply by spectral 
subtraction. Both components of the signal, the 
leading voice and the background, can be made 
audible separately. 

Musical signals have been reduced by 
overmasking to their 70%, 40%, and 5% most 
prominent spectral amplitudes (spectral peaks). 
With exception of broadband noise stimuli, as 
uniform exciting noise, up to 80% of the total 
energy is represented by less than 15 - 20% of all 
spectral amplitudes, constituting the leading 
voice(s). 80 - 85% of the (weaker) spectral 
amplitudes represent about 20% of the total 
energy and form the musical background 
listening experiments have shown that the 
separation of musical figure and background by 
means of overmasking depends to some extent on 
the specific spectral amplitude distibution, which 
has to be considered in detail in future 
experiments. Nevertheless the results obtained up 
to now indicate strongly the important role of 
spectral peaks in the horizontal grouping of 
musical voices. 

o 

? GB G ? F 

I.Bark 
TH * ~ r- ,--

Transf. 

T 

F I 
x - IFFT f-o r 

R 

Figure]: Simplified description of the 
filtering process, where: 
s = input siRnal (time domain) 

computation of the irrelevance threshold and the 

GB = masked spectral magnitude in Bark 
S = input siRnal (frequency domain) 
A = spectral maRnitude of S 
AB = spectral maRnitude of S in Bark 
BB = spreadinR function in Bark 
o = threshold offset 
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(convolution AB * BB) 
G = masked spectral magnitude 
F = irrelevance filter function 
R = output signal (frequency domain) 
r = output signal (time domain) 



SPL -Excess 

Overmasking 

Figure 

. .. Bark 

Figure 2: Variation of the highJrequency slope of the spreading function in order to compute 
overmasking. The signal separation of musical figure and background is obtained by spectral 
subtraction. 

References 
1 Eckel, G. (1989): Ein Modell der 

Mehrfachverdeckung fiir die Analyse 
musikalischer Schallsignale. Phil. Diss. Wien, 
pp.161. 

2 Dolson, M. (1985): The Phase Vocoder: A Tutorial, 
in: CARL Startup Kit, Computer Audio Research 
Laboratory, University of California, San Diego, 
La Jolla 

38 



Perception of just noticeable time displacement 
of a tone presented in a metrical sequence 
at different tempos 
A Friberg & J Sundberg 

Abstract 
The JND for a perturbation of the timing of a tone appearing in a metrical sequence was examined in an 
experiment where 30 listeners of varied musical background were asked to adjust the timing of the fourth tone in 
a sequence of 6 such that they heard the sequence as perfectly regular. The tones were presented at a constant 
interonset time that was varied between 100 ms and 1000 ms. The average JND was found to be about 10 ms for 
tones shorter than about 240 ms duration and about 5% of the duration for longer tones. Subjects' musical 
training did not appear to affect these values. 

Introduction 
Small perturbations of the duration of tones in a 
musical perfOImance is an important part of 
musical quality. The relevance of tone durations 
to music perfOImance has been demonstrated in 
many previous investigations (Schaffer, 1981; 
Gabrielsson and Bengtsson. 1983; Darke, 1982; 
Sloboda, 1983; Sundberg et al., 1991b; Todd, 
1985; Repp, 1992a). However, the scientific 
interest have focused mainly on the analysis of 
music perfonnances while the perceptual aspect 
has previously been somewhat neglected. Until 
now, investigations of the perception of time 
intervals have had a more basic psychoacoustic 
orientation. However, recently a widening of the 
horiwn has been noted (Repp, 1992b; Hirsh et al., 
1990; Monahan and Hirsh, 1990; Darke 1989; 
Sundberg et al., 1991a). 

In our ongoing research on musical 
perfonnance, we have fonnulated rules which 
alter the duration of certain notes depending on 
the musical context (Friberg, 1991). In this work, 
it would be very helpful to define a rule the effect 
of which remains perceptually the constant, when 
the tempo is varied. The problem is that musical 
excerpts are typically correlated with tempo. 
Therefore, a certain melody can not be transposed 
too much in tempo. 

The present investigation is a first attempt to 
solve this problem by detennining the just 
noticeable difference (JND) in duration in a very 
simple context 
An important question is whether these 
perturbations should be calculated as relative or 
absolute deviations from nominal durations. 
Relative deviations imply that the perturbation is 

Adjustment -
j j j j j j 
I- -I H 

interonset displacement 
duration 

Figure 1: The stimuli consisted of a sequence 
of six notes. All notes were fixed except the 
fourth, which could be moved back and forth 
in time relatively the others. 
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in percent of the note's nominal duration, while 
absolute deviations mean that a fixed amount in 
milliseconds is added or subtracted 
A strong argument favour relative deviations; for 
example, the note values in music notation is built 
on the principle of doubling and halving. On the 
other hand a perfectly strict application of the 
doublinglhalving principle does not seem likely; a 
percentual lengthening of a long note may add 
extra beats. In our perfonnance rule system we 
currently use both strategies. Most rules are based 
on relative deviations but some also use absolute 
deviations. 

Experiment 
To isolate the durational aspect of perception, 
minimizing other possibly influential factors such 
as melody, rhythmic pattern, musical fonn etc., a 
rather simple context were chosen. The stimuli 
consisted of six notes played in succession, see 
Fig 1. All notes were equally spaced in time 
except the fourth note which could be moved back 



and forth relatively the other notes. For each trial, 
the subject was asked to adjust the fourth note 
until all notes appeared to be evenly spaced in 
time. 

Nine interonset durations ranging between 100 
and 1000 ms were used. Each duration occurred 
three times totalling 27 trials in the test. Initially 
three test trials were presented for reasons of 
practice. Infonnation about the subjects' musical 
experience was collected, as well as the number of 
repeats they spent in each trial. The whole test 
took between 20 and 40 min and was 
automatically run by a Macintosh II computer. 
The stimulus order and the initial displacement 
value were all randomly varied. 

Standard MIDI equipment was used with the 
computer connected to a Yamaha FBOl 
synthesizer. The sound used had a guitar-like 
timbre with very fast attack (0.5 ms) and an slow, 
immediate decay. Due to the MIDI transmission 
the accuracy was rather modest The variation of 
the timing was 2 ms. This was considered 
acceptable and smaller than the expected results. 

Subjects 
Most of the subjects were students at the Royal 
Institute of Technology studying engineering and 
taking the course in music acoustics. Around half 
of them were amateur musicians and one of them 
was a professional. There were totally 30 subjects 
in the test. The subjects were divided into two 
groups according to the length of their reported 
musical experience. It turned out that half of the 
subjects were musically more or less active, while 
the other half of the subjects lacked musical 
experience almost entirely. 

Results 
The mean of twice the absolute value of the 
subjects' error relative to mechanical regularity, 
henceforth the displacement, was chosen as an 
estimate of the JND: 

JND = MEAN ( 2 * I displacementi I ) 

The overall result is shown in Fig. 2, with the 
relative JND as a function of the interonset 
durations. The error bars indicate 95% confidence 
intervals. As can be seen, the JND curve is rather 
constant for durations higher than 250 ms. In Fig. 
3, the same result is displayed with absolute 
rather than the relative JND. For durations shorter 
than 250 ms the absolute JND is almost constant 
These results seem to suggest that two different 
processes are used for the perception of time 
intervals of this type. 

Somewhat surprisingly, no effect of musical 
experience was observed in this group of subjects; 
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Figure 2: The JND of duration in percent of 
the interonset duration as a function of 
interonset duration for the displacement of 
the fourth note in a six note sequence. The 
bars indicate 95% confidence intervals for 
each value. 
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Figure 3: The JND of duration as a fixed 
amount in ms as a function of the interonset 
duration for the displacement of the fourth 
note in a six note sequence. The bars indicate 
95% confidence intervals for each value. 

there were no significant differences between the 
two groups for any of the measured interonset 
durations. 

Another parameter that the program stored 
was the number of repetitions the subject used in 
each trial. In Fig. 4 the mean values of this 
number are shown as a function of interonset 
duration. The number of repetitions can be 
assumed to reflect the difficulty of the task. 
Interestingly, the number of repetitions follow the 
JND curve quite closely. This indicates that the 
perceived difficulty of the task was dependent on 
the JND. There were no significant differences 
between the results from the musicians and the 
non-musicians in this regard. 



Comparison with previous work 
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Figure 4: Mean of the subject's number of 
repetitions of each stimulus as a function of 
interonset duration. 

Our results can be compared with those emerging 
from some previous investigations in Fig. 5. 
Important to remember here is that in all these 
investigations different stimuli and different 
methods were used. Using pairwise presentation 
of tone sequences Drake & Batte (1993) measured 
the tempo discrimination, varying the number of 
tones in the sequence. In the figure, DB 1 
indicates comparisons of singular intervals and 
DB 2 comparisons of isochronous sequences 
containing two time intervals. The overall shape 
of their curves is quite similar to ours with regard 
to the increase toward shorter time intervals and 
relatively constant values for intennediate 
intervals. However, for longer time intervals the 
curves of Drake & Botte show a slight upward 
slope. Except for short intervals Lunney's (1974) 
results approach ours quite closely. For shorter 
time intervals, however, his results seem to 
deviate from those gained in most other 
experiments. In the work by van Noorden (1975) 

10 --1.1--- Friberg & Sundberg 

9 - - 0 - - vanNoorden 

8 
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Figure 5: Comparison with previous work. vanNoorden is the JND for an infinite sequence of notes 
where every other note was adjusted. Lunney is the JND of every fourth note in an infinite sequence. 
D&B 1 is Drake & Botte in the case of JND of single time intervals. D&B 2 is Drake & Botte in the 
case of JND of tempo for regular sequences containing three notes. 
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Figure 6: A two-piece linear approximation 
of the JND curve. The first line was 
approximated using the values corresponding 
to interonset duration = 100 ms to 240 ms 
and the second line with the values 
corresponding to interonset duration = 300 
ms to 1000 ms. 

about melodic fusion and fission one of the 
experiments was comparable to ours; an infinite 
sequence of tones, where every other tone could 
be displaced in time. 

Comparing the absolute levels of the JND 
showed that our results were lower than those 
found for single intervals by Drake &Botte. On 
the other hand they were higher than those found 
by Drake & Botte for sequences containing two or 
more intervals. Unfortunately, both the sounds 
used for the time markers and the method for 
determining the JND were different in these two 
investigations. 

Model 
Our results showed a reasonably simple 
dependence on the interonset duration. Therefore, 
an attempt was made to express the measured 
JNDs into a piecewise linear approximation. This 
is shown in Fig. 6. There are two line segments, 
one for intervals shorter than 242 ms and another 
one for longer intervals. It is not unlikely that this 
curve can be used for deriving a method of 
perceptually uniform perturbation of tone 
durations in music performance. 

Discussion 
The effect of musical experience on the detection 
of small temporal deviations in a music 
performance have so far yielded contradictory 
results. In Sundberg et al (1991a) and 
Drake&Botte (1993) there was clear and 
significant effect of musical experience. On the 
other hand Repp (1992b) and this investigation 

42 

showed little or no effect of musical training. 
Sundberg et al and Repp both used stimuli close 
to a real music perfOlmance while Drake and this 
investigation used musically less realistic contexts 
consisting of short sequences of notes of equal 
pitch. There can be several possible explanations 
for the lack of effect of musical experience in our 
results: 
(1) There was too little difference between the 
groups since almost nobody was a professional 
musician. However, even if they were not 
professionals, several subjects had quite extensive 
musical experience and one was, indeed, 
professional. Furthermore, a comparison of 
individual data revealed nothing that suggested 
that the results of even the most experienced 
subjects deviated appreciably from those of the 
rest. 
(2) There is a clear difference between listening 
and performance. Previously it has sometimes 
been assumed that perception and performance of 
time are using the same mechanism. However, 
Sternberg et al. (1982) compared results based on 
perception and production of fractions of 
durations, and found diverging results. llis 
supports the hypothesis that perception and 
performance of timing are in fact different skills. 
(3) Perhaps, the skill of perceiving deviations in 
timing is acquired early or even prenatally. A 
possible origin of this skill may be speech, where 
syllable length is an important factor. For 
instance, the lengthening of a syllable is a very 
effective way of signalling emphasis, an often 
essential aspect of the meaning of a sentence. 

The knee of the JND curve near 240 ms is 
interesting. This duration is close to the average 
duration of syllables in speech. Also, it is in the 
vicinity of a typical duration of short tones in 
musical performance, where lengthening of tone 
duration is typically used for the purpose of 
musical expression. 

Conclusion 
The JND for deviations from a mechanical 
regularity in a sequence of equal tones plotted as 
function of tone interonset duration shows a well 
defined curve. As a rule of thumb, the JND is 
about 10 ms for the interonset durations shorter 
than 250 ms and about 5% of the interonset 
duration for longer durations. No significant effect 
was found of the subjects' musical experience. 
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Pitch-establishing time 
Z Gong, G Xiaomin & X Wenxue 

Abstract 
In this paper, we present some preliminary experiment data for the time necessary to establish sense of pitch in 
hearing. Our tests and analysis have covered both sexes and various frequencies (1lOHz-880Hz), timbres (pure 
tones, synthesized string tones and synthesized pipe tones) and ages (children, university students, and adults). 
On making the tapes, we have deliberately reduced the influence of subjective psychological factors and adopted 
random arrangement. The initial results show that the sense of pitch cannot be established when the sound 
duration is less than 1.4 periods or even more than 1.4 periods but less than 3 ms. The time-lapse effect of the 
loudspeaker has also been considered. 

Introduction 
Pitch is one of the basic elements of musical 
sound. Pitch-establishing time indicates the time 
necessary for human ears to establish the sense of 
pitch. This study is a part of the basic research on 
music acoustics in our university. Before we 
carried out this study, we noticed that detailed and 
accurate results based on experiments had not 
been obtained in China. Here we report some 
results drawn from the tests taken among the 
Chinese. 

In our tests, we included people of various 
ages, sexes, professions and educational levels. we 
tried to consider the pitch-establishing times for 
sounds with different frequencies and timbres. 
Moreover, we didn't ignore the influence of some 
objective conditions such as environmental noise. 

What we expect is to find a threshold for pitch
establishing time. It is not only a necessary basic 
work with theoretical importance but also a 
practical guidance in synthesizing sounds, 
composing music with computer and fonning 
chord with separated sounds. 

Experimental program 
1) In order to improve the accuracy of subjective 
judgment and reduce the influence of subjective 
psychological factors, we adopted a couple of 
sounds with an interval of octave. That was to 
give a lower reference sound with obvious pitch at 
first and then the other one -- octave, a higher 
sample sound to be tested. As we observed, people 
are usually much familiar and sensitive with an 
interval of octave. 

We also made random arrangement for the 
duration of sample sound to remove the influence 
of habitual effect to one's judgment and sense of 
hearing. 
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2) For frequencies, we selected 110Hz-220Hz, 
220Hz-440Hz and 440Hz-880Hz. The reason is 
that the 110Hz sound is already hardly to hear as 
shown in the tape especially for pure tone and the 
period of 880Hz sound is near Ims, as the 
consequence of this study, more less than 3 ms is 
enough. 
3) For timbres, we adopted pure tone, synthesized 
string tone and synthesized pipe tone in order to 
accord with the traditional music world However, 
it is for the accuracy control of pitch and duration 
that synthesized tones had been used. Using 
synthesized tones also made it easy to modulate, 
check, and repeat the sound 
4) For duration, Table 1 shows the conversion 
between the time we adopted and its 
corresponding hexadecimal code in the time-lapse 
program of the microcomputer. The data is based 
on certain survey. 

The 8t corresponding to the code 2 which is 
0.17 ms, is considered to be impossible for 
establishing sense of pitch with any frequencies 
and that to the code D which is 22 ms, is assumed 
to be sufficient in all normal cases. 

Tape Making 
With all the aoove assumptions, we made the tape 
as shown in Figure 1. 

After debugging the complied hexadecimal 
program and linking the circuit, adjust and test the 
sound mixture and steady the recording electrical 
level at 3dB±O.5dB. Keep this level during the 
whole recording process. 

The duration of each sound is: 
Reference sound 3 sec; 
Pause 3 sec; 
Sample sound 8t. 



Table 1 

hexadecimal code 2 3 4 5 6 7 

corresponding ot (ms) 0.17 0.38 0.82 1.44 2.30 3.47 

hexadecimal code 8 9 A B C D 

corresponding ot (ms) 5.05 7.00 9.75 11.00 17.00 22.00 

sound source switch power amp 

freq. meter earphone recorder 

computer loudspeaker 

power supply: 220 V A.C. 

sound source: CSTCB sine oscillator 

YAMAHA DX - 7 synthesizer 

recorder: 

computer: 

switch: 

OTART Mx -5050 

Tp801B - z80 

CD4066BE 

mixture: DYNACORD Mc/6/4{2 tape: AMPEX63l, AMPEX456 

Figure 1: Schematic diagramfor the tape making. 

Listening Test 

Age Groups Number of people 

children 26 

adults 32 

Univ. students 34 

Data and Results 
We consider a correct judgment ratio of 50% as 
the threshold for establishing pitch. The results 
are processed and drawn into 54 figures. The first 
27 of them describe the relation between the 
correct judgment ratio and the sample sound's 

Environment 

small classroom, relatively quiet 

large classroom, relatively no~ 

classroom, dormitory, laboratory 
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lasting time; the other 27 ones show the relation 
between that ratio and the number of the sound 
wave's period. Due to the limited space, we omit 
the figures but give the following two tables 
obtained from them. 

From the first 27 figures, we obtain Table 2. 



Table 2 Pitch Establishing Time T' (ms)for Various Age Groups 

Timbres Frequencies (Hz) children 

pure 110--220 -

220--440 -

tone 440--880 3.7 

synthesized 110--220 5.3 

string 220--440 3.2 

tone 440--880 3.1 

synthesized 110--220 6.5 

pipe 220--440 3.1 

tone 440--880 3.0 

It shows: 
1) the pitch establishing time T for the youth 
group is relatively longer than that for the adult 
group; 
2) the judgment to pure tone is rather vague, 
which means that this kind of tone would 
influence the results; 
3) the T for 11O-220Hz is rather longer than that 

adults x outh Average 

T'(ms) 

- - -
- 4.3 4.3 

3.0 4.2 3.6 

6.6 7.1 6.3 

3.1 4.1 3.5 

3.0 2.8 3.0 

5.9 7.3 6.6 

3.0 3.2 3.1 

3.0 3.0 3.0 

for 220-440Hz while the T for 220-440Hz is only 
slightly longer than that for 44O-880Hz, which 
means that the reduction of T with the increase of 
frequency has a certain limit That is to say any 
time less than this limit is not enough for anyone 
to establish the sense of pitch. The limit is 1" = 
3.Oms. 

From the other 27 figures, we obtain Table 3. 

Table 3: Pitch Establishing Time N' (nT)for Various Age Groups 

Timbres Frequencies (Hz) children 

pure 110--220 -
220--440 -

tone 440--880 2.5 

synthesized 110--220 1.4 

string 220--440 1.4 

tone 440--880 2.8 

synthesized 110--220 1.3 

pipe 220--440 1.4 

tone 440--880 2.6 

It shows: 
1) the N' for youth group is relatively small, 
which tally with Table 2. We use the average as 
the final results ignoring the subject factors; 
2) timbre analysis for N' is the same as that for T; 
3) the N for 220-440 Hz is much smaller than 
that for 440-880 Hz but is similar to that for 110-
220Hz ( for all timbres), which means that the 
reduction of N' with the detrease of frequency has 
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I adults youth Average 

N'(nT) 

- - -

- 1.9 1.9 

3.0 3.4 3.0 

1.6 1.4 1.5 

1.8 1.4 1.6 

2.4 1.9 2.4 

1.4 1.4 1.4 

1.4 1.4 1.4 

2.6 2.3 2.5 

a certain limit That is to say any time represented 
by N less than this limit is not enough for anyone 
to establish the sense of pitch. The limit is N 
=1.4. 
Conclusion 
Final conclusion is that the sense of pitch cannot 
be established when the sound duration is less 
than 1.4 periods or even more than 1.4 periods but 
less than 3ms. 



Categorical perception of short rhythmic events 
R Parncutt 

Abstract 
Litemture on the perception and performance of rhythm in music suggests a fundamental perceptual difference 
between 2:1 and 3:1 time mtios. Alternating lOIs in the intended or notated mtio 2:1 are generally perceived as 
distinct temporal categories, and produce triple meter or triple subdivision of the beat. If the nominal mtio is 3: I, 
only the longer duration appears to be perceived as a temporal category; the shorter duration tends to function as 
a non-metrical anacrusis to the longer duration that follows it. This interpretation is supported by a range of 
empirical data on rhythmic timing, and may have important consequences for theories of rhythmic structure and 
models of performance timing. 

Introduction 
Gabrielsson, Bengtsson, and Gabrielsson (1983) 
analysed monophonic performances of melodies in 
ternary metres (3/4, 6/8) and found that nominal 
durations in the ratio 2: I were consistently 
softened, that is, performed in a temporal ratio of 
less than 2:1 (e.g., 1.75:1). This effect was 
incorporated into Sundberg's rules of music 
performance (see e.g. Sundberg, 1988) under the 
heading softening oj durational contrasts. 
According to that rule, a note may be lengthened 
if it is preceded by another note of twice its 
duration and followed by a tone of longer 
duration. 

The inverse effect has been observed, although 
less consistently, for nominal ratios in the ratio 
3:1 (dotted rhythms). It appears that such ratios 
are often performed in a ratio exceeding 3: 1. The 
conventional "double-dotting" of some Baroque 
dotted rhythms is a familiar example. In 
Sundberg's rules, this effect may be accounted for 
under the heading heightening oj durational 
contrasts, whereby short note values are slightly 
shortened. 

Recently, Undstrt)m (1992) and Gabrielsson 
(1993) demonstrated that the timing of short-long 
duration pairs in performance varies greatly as a 
function of the emotional content of the music as 
intended by the performer. For example, 
durational contrasts may be heightened to give a 
happy or angry affect, or softened to give a sad or 
tender effect. Their results suggest that emotional 
content affects both nominal ratios (that is, 
intended notation) and expressive deviations from 
nominal ratios. For example, in a sad or tender 
performance a performer may interpret nominal 
3:1 ratios (dotted) as if they were 1:1 (even 
subdivision of the beat). 
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The present paper is concerned only with 
relationships between notation and timing. The 
effect of emotional content is neglected. 
Moreover, I will be concerned only with inter
onset intervals, or lOIs (called Dii values by 
Gabrielsson et al., 1983). Of course 101 is only 
one of several performance parameters related to 
the notation and emotional character of rhythms. 
Other parameters include articulation (ratio of 
duration to 101, or DiofDii) and (relative) playing 
level (dynamic contrast). 

Why are some nominal duration contrasts 
softened, while others are sharpened? A possible 
explanation is suggested by Clarice's (1987) 
experiments on the categorical perception of 
rhythms. In identification and discrimination tasks 
performed by musically trained listeners, Clarice 
found a clear category boundary between duration 
ratios 1: 1 and 2: I, but no category boundary 
between 2:1 and 3:1. He concluded, in general 
agreement with Fraisse (1956) and Povel (1981), 
that duration ratios are generally perceived in only 
two categories - even or uneven subdivisions of 
the beat - and that distinctions between different 
uneven subdivisions (e.g., 2:1, 3:1, 7:1) are of a 
continuous rather than a categorical nature. The 
difference between nominal 2: 1 and 3: 1 ratios may 
thus be categorically perceptible only if the 
difference is exaggerated. Perhaps this is why 
musicians exaggerate the difference between the 
two ratios in performance. Such an explanation 
would be consistent with Sundberg's (1988) 
tentative explanations of the purpose of the rules 
of performance. However it remains unclear why 
deviations from 2:1 and 3:1 are maintained in a 
piece of music long after it has become clear to 
the listener which of the two possibilities is 



intended. 
The purpose of the present paper is to propose 

an alternative explanation for the observed 
exaggeration of the distinction between nominal 
2:1 and 3:1 ratios in music perfonnance. I 
hypothesise that the shorter of the two events has 
metrical accent in the 2:1 case but not in the 3:1 
case, or, more precisely, that the metrical accent 
of the shorter event is so small in the 3: 1 case that 
it is negligible or imperceptible. I then hypothesise 
that local tempo slows in the vicinity of metrical 
accents, accounting for the softening of 2: 1 ratios, 
and that non-metrical events are shortened, 
accounting for the sharpening of 3: 1 ratios. 

Defmition of metrical accent 
The present definition of metrical accent differs 
somewhat from that generally accepted in music 
theory, and more recently, in the psychology of 
music. Music theory texts generally define 
metrical accent according to the relative strength 
of the beats of a bar. In 4/4 time, for example, the 
first beat is the strongest, the middle the second
strongest, and the second and fourth least strong. 
Palmer and Krumhansl (1990) measured the 
relative strength of beats and sub-beats in a 
measure by a probe-tone task.. 

A definition of metrical accent based on the 
notated measure appears to enable a good 
quantitative approximation to perceived metrical 
accent in the case of unambiguous meters. 
However metrical accent may also depend on the 
actual rhythm that creates the meter, that is, on 
the specific positions and durations of the notes in 
each measure. I prefer to define meter in a way 
that follows directly from Yeston's (1976) theory 
of rhythm. According to Yeston, a meter is 
composed of rhythmic strata. For example, the 
strata that make up 4/4 meter include the 
downbeat (first beat) of each bar, with a period of 
one measure, or one whole-note; the first and third 
beats, with a period of one half-measure, or one 
half-note; and the beats themselves, with a period 
of one quarter-note. A perceived meter may also 
include hypennetric strata, that is, strata whose 
periods exceed the notated length of the measure. 
The perception of rhythmic strata may be 
emphasised by calling them pulse percepts 
(pamcutt, 1987) or pulse sensations (pamcutt, in 
press) and considering their perceptual salience. 
The relative importance of the four beats of a 4/4 
measure then depends on the relative importance 
of the pulse sensations generated by the rhythm in 
question. For example, if the pulse sensation of 
period one measure is much more salient than the 
pulse sensation of period one half-measure, then 
the first beat of the measure will be much stronger 
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than the third. Conversely, if the half-measure 
pulse is very strong and the measure pulse very 
weak, or if there is a strong pulse of period one 
measure coinciding with the third beat of each bar 
(an example of metrical ambiguity), then the first 
and third beats may turn out to have roughly 
equal metrical accent strength. The experimental 
results of Parncutt (in press), and the model that I 
developed to aCCOunt for them, are consistent with 
these musical intuitions. 

A suitable quantitative definition of metrical 
accent emerging from the above observations is 
the following: The metrical accent of an event 
depends on the perceptual saliences of all pulse 
sensations including that event. In a simple linear 
model, metrical accent may be predicted simply 
by adding corresponding pulse saliences. Pulse 
salience depends in turn on the number and 
phenomenal accent of rhythmic events coinciding 
with the pulse, and may be modelled by a pattern
matching routine. Note that an event need not be 
actually present in a rhythm to have metrical 
accent; a rest at the start of a measure has 
metrical accent, but no phenomenal accent 

Metrical accent additionally depends on tempo. 
As the tempo of a piece in 4/4 meter is steadily 
increased, the downbeats become stronger at the 
expense of the individual beats, which begin to be 
perceived instead as subdivisions of beats; and 
new metrical accents appear, for example at the 
starts of alternate measures (hypenneter). 
Conversely, if the tempo is steadily decreased, 
nominal subdivisions of the beat may begin to be 
perceived as beats. The present definition of 
metrical accent takes into account the dependency 
of metrical accent on tempo by allowing pulse 
salience to depend directly on tempo, and metrical 
accent to depend on pulse salience. Fraisse (1982) 
summarised literature on rhythm and tempo and 
concluded that musical rhythm is confined to 
pulse periods in the approximate range 200 to 
1800 ms, and that the strongest rhythms are 
produced by pulses in the approximate range 400 
to 900 ms, centred on about 600 ms. I have 
quantified these findings (parncutt, in press) by a 
bell-shaped relationship between pulse salience 
and pulse period, called the existence or 
dominance region of pulse sensation. 

Enhancement of pulse salience 
Rosenthal (1992) defined a parent rhythmic level 
(or pulse) to be 2 or 3 times slower than a given 
reference pulse, and a child level to be 2 or 3 
times faster. Rosenthal's tennino10gy is convenient 
for the expression of the following interesting 
hypothesis: The salience of a pulse 



may depend not only on the events of a rhythm 
that coincide with that pulse (pattern-matching) 
and on the pulse's tempo, as described above, but 
also on the presence of child or parent pulse 
sensations. I call this effect enhancement of pulse 
salience. Evidence for an enhancement effect may 
be found in historical experiments on subjective 
rhythmisation whereby a simple undifferentiated 
pulse (isochronous sequence of identical sound 
events) is spontaneously perceived in groups of 
two, three, four, or more. The result of interest 
here is that groups of four occur consistently more 
often than groups of three. A possible explanation 
is that 4/4 meter is more common than 3/4 meter, 
so listeners are more likely to fit a more familiar 
"4/4 template" to an isochronous sequence. 
However this does not explain why 4/4 is more 
common in the first place. According to the 
hypothesis of pulse salience enhancement, groups 
of four are perceived more often than groups of 
three because the salience of the pulse sensation 
corresponding to every fourth event is enhanced 
by the simultaneous presence of another strong 
pulse sensation corresponding to every second 
event No parallel situation exists in the case of 
grouping by three. 

The principle of pulse salience enhancement 
may be applied to durations in the nominal ratio 
2:1 and 3:1. A repeating 2:1 rhythm can evoke 
pulse sensations of period 1 and 3, where every 
event of the pulse of period 3 corresponds to the 
onset of the longer of the two events, and both 
event onsets belong to the pulse of unit period. At 
an appropriate tempo, the faster of these two 
pulses is generally salient enough to be perceived, 
as two out of three events in the pulse correspond 
to actual rhythmic events, and the two pulses 
mutually reinforce each other according to the 
principle of pulse salience enhancement. At first 
glance one might suppose that a repeating 3:1 
(dotted) rhythm might by analogy evoke pulse 
sensations of duration 1 and 4. However there are 
two reasons why the pulse sensation of unit 
duration may be so weak as to be imperceptible. 
The first is that only two out of four of the events 
in that pulse correspond to actual rhythmic events. 
The second is that the two pulse sensations do not, 
according to the hypothesis of pulse salience 
enhancement, reinforce each other. Their periods 
stand in the ratio 4: 1, so there is a missing level 
between the two: using Rosenthal's tenninology, 
one is the grandchild, not the child, of the other .. 
The repeating 3:1 rhythm may therefore evoke 
only one pulse sensation - the pulse of period 4, 
corresponding to the onsets of the longer notes. 

According to the above definition of metrical 
accent, an event can have metrical accent only if it 
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belongs to a pulse sensation. If the previous 
argumentation is correct, a repeating 2: 1 mythm 
typically has three metrical accents in each cycle, 
two of which correspond to the actual notes. But 
in the 3:1 case, there is only one appreciable 
metrical accent in each cycle, corresponding to the 
onset of the longer eyent The shorter event has 
metrical accent in the 2:1 case but not in the 3:1 
case. 

Metrical accent and timing 
How could this state of affairs explain the 
observed softening of 2: 1 relationships and 
heightening of 3: 1 relationships? I propose two 
general principles that may account for these (and 
other) timing effects. They are slowing of local 
tempo in the vicinity of metrical accents, and 
shortening of events with weak or negligible 
metrical accent. 

Local tempo is often assumed to vary 
continuously with time, and fluctuations in local 
tempo may be assumed to communicate musical 
structure (Clarke, 1987). It has commonly been 
observed in the literature on the perfonnance and 
perception of musical rhythm that important or 
accented events are either delayed or lengthened, 
or both. Combining these two observations, one 
may suppose that local tempo slows temporarily 
in the vicinity of accents. Accents may be 
phenomenal, metrical, or structural; for the 
present purpose, I am concerned only with 
metrical accents, and assume that similar 
principles apply to other varieties of accent 
Consider the case of a nominal 2: 1 ratio. If tempo 
slows near the onset of the longer event, the ratio 
2/1 will become (2+d)/Cl +d), where d is a small 
time increment (say, less than one). The result is 
less than 2, consistent with observed softening of 
2:1 ratios. In the 3:1 case, one may assume 
instead that the shorter note is shifted closer to the 
longer one, to emphasise its weaker status as a 
non-metrical anacrusis to the note that follows it, 
or to strengthen the perceived relationship 
between the two notes. (An interesting analogy in 
the area of intonation is the sharpening of the 
leading tone. Perhaps the leading tone is shifted 
toward the tonic in order to emphasise its tonal 
weakness by comparison to the strength of the 
tonic, or to strengthen the perceived relationship 
by reducing the pitch distance between the two 
tones.) 

The two proposed rules (slowing of local 
tempo in the vicinity of metrical accents, and 
shortening of events with weak or negligible 
metrical accent) may in some cases cancel each 
other out A non-metrical upbeat to a particularly 
strong downbeat may perhaps be both shortened 



to emphasise its non-menical nature and 
lengthened to delay and thereby emphasise the 
downbeat. Which of these two rules will "win out" 
in a given situation presumably depends primarily 
on the strength of the menical accent following 
the 101 in question. These ideas are consistent 
with findings of Gabrielsson (1993) that dotted 
subdivisions of the beat in 3/4 time are sharper in 
the middle of the measure than at the end of the 
measure: at the end of the measure, the short note 
may be lengthened to emphasise the menical 
accent (downbeat) that follows it, thus softening 
the nomina13:l ratio. The interaction between the 
two proposed rules is consistent with the 
observation that nominal 3:1 ratios are sometimes 
sharpened, sometimes softened, as found for 
example by Lindstrom (1992) - although it is 
clear that emotional intent had a far greater effect 
on the timing of performances studied by 
Lindstr<>m than did notation. 

In the 2:1 case, the relative robustness of the 
timing of the shorter event may be accounted for 
by regarding the shorter event as a temporal 
category (just as chromatic scale-steps may be 
regarded as pitch categories). The prevailing 
temporal framework or frame of reference of a 
rhythm may be thought to consist of temporal 
categories. Each cycle of a 2: 1 rhythm appears to 
contain three temporal categories, two of which 
contain real events (phenomenal accents) and one 
of which does not. In the 3:1 case, the timing of 
the shorter event is less robust, suggesting that it 
is not perceived as a temporal category but rather 
as an anacrusis or neighbour to the longer note 
that follows it. If this concept of temporal 
category is correct, then there is a one-to-one 
correspondence between temporal category and 
metrical accent. If a note has non-negligible 
metrical accent, then it will be perceived to fall in 
a temporal category of its own; otherwise, it will 
be perceived as no more than a near neighbour to 
another, stronger event. 

These observations suggest a revision to the 
theory of Lerdahl and Jackendoff (1983), who 
assumed that every notated event onset 
corresponds to a beat at the smallest level of 
metrical structure (Menical Well-Formedness 
Rule No.1). It appears instead that events must 
have perceptible metrical accent (as defined here) 
in order to correspond to a beat in the menical 
structure. In short, not all notated events are 
menical. 

It is instructive to apply the two proposed rules 
of rhythmic timing to the well-known opening 
theme in 6/8 metre of Mozart's A-major sonata 
K.331, whose performance was analysed by 
Gabrielsson (1987). The first note (duration: 

dotted 1/8-note) is sometimes lengthened. 
sometimes shortened by the pianists whose 
performance Gabrielsson analysed, perhaps 
because the tempo was not yet established. The 
second note of the theme (duration: lI16-note) is 
generally shortened in performance, as it is a non
metrical accent preceding a weak menical accent. 
The third note (duration: l/8-note) is lengthened 
due to the slowing of local tempo in the vicinity of 
the metrical accent on the following (fourth) note. 
The fourth note (duration: l/4-note) is shortened 
due to normalisation of note durations following 
lengthening of other notes according to the various 
rules. The fifth note (duration: lI8-note) is 
lengthened due to slowing of local tempo near the 
metrical accent that follows it. Where two 1/16-
notes occur at the end of a measure, the second 
lI16-note is longer than the first, again due to 
slowing of local tempo near the metrical accent 
that follows it. Consistent application of these 
rules to examples such as this could produce 
machine performances that are musically more 
satisfying than has previously been possible. 
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Summary and conclusion 
The ideas presented here may be applied to the 
automatic generation of musical performances of 
any notated rhythm by the following tentative 
procedure. First, estimate the phenomenal, 
metrical, and structural accent of each event 
(actual and implied) in the rhythm, as described 
above. Classify events with negligible menical 
accent as "non-metrical." Then apply the principle 
that local tempo slows in the vicinity of accents, 
to an extent that depends on the strength of the 
accent. A tempo curve may be plotted as the 
reciprocal of local tempo against notated time in 
beats, such that the area under the curve between 
any two points corresponds to the physical time 
interval between the points. In a first 
approximation, continuous fluctuations in local 
tempo in the vicinity of metrical events may be 
modelled by a triangular peak in the tempo CUIve -
the higher the peak, the greater the slowing. The 
gradient of the two sides of the peak may be 
different: for example, the slowing before an 
important event may last for a longer time period 
than the acceleration after the event. The two 
gradients of the tempo curve may be regarded as 
free parameters in a model for expressive timing 
that depend on musical style. The triangular peak 
corresponding to a given event may include other 
events, so that for example a string of less
important events leading to an important event 
may decelerate in the fashion of a ritardando. A 
more sophisticated model could incorporate the 
mathematical model of ritardando 



proposed by Kronman and Sundberg (1987), or 
other curves implying physical motion (reviewed 
by Repp, 1993). Contributions to the tempo curve 
from different events may initially be assumed to 
add linearly. After all contributions are added, the 
result would be normalised so as to control the 
overall tempo of the passage. Non-metrical events 
would then be shifted to be closer to their 
immediate neighbours, the degree of shifting 
depending presumably on relative metrical acce?t 
and temporal proximity. The other rules ill 

Sundberg's system would then be applied, such as 
the higher the louder, shortening of start tone in 
rising intervals, and marking of melodic and 
harmonic charge. 

The proposed two rules are intended to replace 
two of the rules in Sundberg's system, but there is 
not a one-to-one correspondence between the new 
and old rules. The first new rule - that of slowing 
in the vicinity of metrical accents - can have the 
effect of softening durational contrasts in the case 
of alternating 2: I patterns, but in conjunction with 
the normalisation of durations so as to hold 
overall tempo constant, the rule may heighten 
durational contrasts when applied to a string of 
short events leading to a metrical accent. The 
second new rule shortens notes with negligible 
metrical accent, also heightening durational 
contrasts. As discussed above, both rules may act 
at the same time, partially or completely 
cancelling each other out. 

The proposed rules have the following 
advantages. First, they are less ad hoc than the 
rules that they replace, as they are more closely 
related to fundamental perceptual parameters in 
Ihythmic perception - pulse salience and metrical 
accent. Secondly, they are intrinsically tempo 
dependent, as metrical accent depends on pulse 
salience, and pulse salience is tempo dependent. 
Third, they are less "local" than the rules that they 
replace, depending not only on immedia~ly 
preceding and following notes but on all notes ill a 
time span at least as long as the psychological 
present (say, 2 to 8 seconds). Pulse salience and 
metrical accent are determined or affected by time 
spans at least as long as the psychological p:esent. 

A disadvantage of the proposed rules 18 that 
the quantitative theory upon which they are based 
is currently incomplete in several of its details. 
For example, the quantitative relationship between 
phenomenal accent and the various paramet.ers 
that influence phenomenal accent - 101, duration 
(articulation), pitch (melodic contour, harmonic 
change), dynamics, timbre, and interactions 
between these parameters - is presently only 
partially understood (pamcutt, in press). The 
general application of the described model 

depends on a reasonably accurate model of such 
relationships. Until the gaps in the model are 
filled, it will be difficult to apply the model in a 
general way. 
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Investigating short-term auditory memory 
with the method of vocal pitch control 
A Rakowski 

Abstract 
Five musicians listened to standard tones within the convenient range of their voices and reproduced these tones 
vocally with various time delays. During the time-delay intervals each subject was either mentally rehearsing a 
given standard tone, listened to interfering tones, or was engaged in a cognitive activity that excluded rehearsing. 
It was found, that preserving the exact memory of pitch without rehearsing is possible up to the time of about 2 
minutes. 

Introduction 
Since the mid-1960s the question whether the 
memory should be regarded as a single unitary 
system or whether it should be treated as a 
combination of separate subsystems has been 
widely discussed among psychologists (Squire, 
1975). Recently, more and more evidence has 
accwnulated in favour of a dual theory specifying 
short-term memory (STM) as separate from long
term memory (L TM). The structure of STM 
appears to be of particular interest The term 
"worldng memory" has been introduced to stress 
the role of STM in such tasks as learning, 
reasoning or comprehension on one hand and 
short-term storing of incoming information on the 
other. In a series of experiments it was shown that 
worldng memory itself is a compound structure 
(Baddeley, 1988). It consists of a central 
executive responsible for the cognitive tasks and 
of two slave subsystems, the short-term store for 
visual information "visuospatial sketchpad" and 
the short-term auditory store, "articulatory loop". 
The aim of the present experiment is to bring 
some new evidence concerning the short-term 
auditory store; this time, however, without any 
relation to specific perceptual properties of 
speech, which the Baddeley's term suggests. 

The material to be remembered was the exact 
value of pitch. The amount of forgetting was 
estimated from dispersion measures of repeated 
reproductions of the remembered pitch value. This 
method was first used with subjects listening to a 
pure-tone standard and then, after a given time 
delay, tuning a pure-tone oscillator to the same 
pitch (Rakowski & Morawska-Bungeler, 1987). 
The results showed a sudden decrease of tuning 
accuracy at time delays longer than 3 minutes. A 
version of that method was worlced out recently 
(Rakowski, 1992; 1993). The present experiment 
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is a continuation of the one started in 1992 and 
uses part of its results. 

Method 
Five musicians were used as subjects. They 
claimed not to have absolute pitch (the ability to 
preserve in long-term memory the exact values of 
musical pitch standards). However, one of the 
subjects appeared to have the so-called quasi 
absolute pitch (Bachem, 1937) and could 
reproduce from memory the musical standard tone 
A. His results were excluded from the general file 
and used only to show his specific performance in 
the experiment (Fig. 3). All subjects were given 
individual training in the experimental conditions 
(Rakowski, 1993). After that the experimental 
design was as follows. 

On a very accurately tuned guitar a standard 
musical tone was played and the subject repeated 
it vocally several times until his matching error 
was within +/-2 cents. At that moment the "time 
delay" started filled either with total silence ("no 
interference"), with interfering succession of tones 
("tonal interference"), or with quickly whispering 
by the subject a series of nwnbers (counting 
backward in threes - "cognitive interference"). 
After a given time delay (1, 10, 30 seconds, 1, 2, 
3, 4, or 6 minutes) the subject had to repeat 
vocally the remembered standard and the 
difference between the two frequency levels in 
cents was noted. 

Five tone frequencies of normalized, equally 
tempered musical pitch were used as standards. 
The tones were F#, G, G#, A and A# taken in the 
3rd octave for male subjects (frequencies 185.0, 
195.9, 207.7, 220.0, and 233.1 Hz) or in the 4th 
octave for female subjects (frequencies 370.0, 
391.9, 415.3, 440.0, and 466.2 Hz respectively). 



At any given interference or in no-interference 
conditions performance of each subject was 
randomized across five tone frequencies and 7 or 
8 time-delay values (in some cases the time delay 
1 second was omitted). The number of matchings 
per measuring point was always 12. Subjects 
were tested individually in a sound-insulated room 
with low reverberation. An experimental session 
lasted no longer than 1 hour and had several 
intermissions. The interfering tones were 
presented from a small loudspeaker at about 60 
dB SPL. Frequencies of the guitar tones and of all 
sung notes were measured with the automatic 
tuner ZEN-ON Chromatina 331 with the accuracy 
of +/- 1 cent (one hundredth of a semitone). 

At the beginning of each experimental session, 
or in a separate measurement (at least 15 minutes 
after any other measurements) subjects were 
asked to sing one randomly chosen note from the 
set used in the experiment, but this time they were 
not given any standard. After 5 x 12 data had 
been collected in consecutive days the resulting 
standard deviations were recorded as individual 
results for long-term memory (shown in the 
figures as LTM). 

Results 
The results are mostly given in the form of 
"forgetting cuNes" showing standard deviations 
(SD) of pitch matchings in their dependence on 
time delay values. In the results of individual 
subjects each SD was calculated from 60 
individual data (12 matchings of 5 tones). 

In Fig.l the results of two male (AR, JM) and 
two female subjects (DR, HC) are shown in silent 
conditions with subject's attention concentrated on 
the memory of the exact value of pitch. 

In Fig.2 averaged results of four subjects are 
shown for 3 different experimental conditions: in 
silence, with concurrent cognitive task of counting 
backward, and with continuously sounding 
ascending series of tones, "pitch ladder" (Shepard, 
1964). The experiment with no interference was 
performed first; the two other conditions were 
introduced later. Two subjects performed first the 
experiment with cognitive interference and 
remaining two performed first the experiment with 
tonal interference. 

As it has been told, the performance of the 
fifth subject was different from that of the others. 
He could keep in his long-term memory a single 
standard pitch A. Therefore, even in the difficult 
conditions of tonal interference his performance 
was markedly better than that of other subjects. In 
particular the dispersion at matching his internal 
standard was lower compared to that of matching 
the other standard tones. This is shown in Fig.3. 
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In Fig.4 average standard errors in singing 
each of the five memorized tones are shown 
separately for various time delays. As it can be 
seen in the figure, for most time delays there is a 
systematic tendency to sing the highest tone A# 
somewhat lower than the standard, while for the 
lowest tone F# relatively most pronounced 
opposite tendency may be noted This tendency is 
probably explained by the effect of "attraction by 
the centre of gravity" described as part of the 
adaptation level theory (Helson, 1959). Contrary 
to the above effect appears the distribution of 
constant errors in L TM, where pitch matchings 
were performed in a context-free situation. 

Discussion 
The results obtained at no-interference conditions 
show a rather considerable increase of forgetting 
after 3-4 minutes of time delay. This is consistent 
with the previous results obtained by tuning a tone 
generator (Rakowski & Morawska-Bungeler, 
1987). In the opinion of the subjects high 
precision of tuning at short time delays is due to 
"silent ringing in the ear" of the memorized 
standards. Strained attention and subvocal 
rehearsing of the standard pitch performed in 
order to prolong that imaginary ringing is possible 
only up to some moment at which it inevitably 
disappears. After that, repeating the standard 
pitch is to the large extent a sort of guessing. 

Still more intriguing are the results obtained at 
cognitive interference. In this case a relatively low 
level of dispersion is preserved up to about 2 
minutes. Subjects prevented from rehearsing the 
standard mentally by counting backward were 
sincerely surprised finding that after 1 or 2 
minutes the standard could still be recalled 
"ringing somewhere in the ear". 

The results of the above-mentioned two parts 
of the experiment are to some extent consistent 
with the model of worldng memory offered by 
Baddeley (1992). The central executive may help 
in maintaining prolonged activation of the short
term sensory store through concentrated attention 
and mental rehearsal of pitch. However, even 
when it is engaged in another cognitive activity 
(e.g counting backwards by threes) the auditory 
slave subsystem holds the acquired material (the 
exact value of pitch) with considerable accuracy 
and offers it back for further processing within the 
short-term operational mode. The time constant of 
the auditory short-term sensory store is of the 
order of 2-3 minutes. The prolongation of its 
activity through subvocal rehearsal seems to 
depend on individual ability to concentrate 
attention and varies individually. 

The above description is fully consistent with 
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the observations from musical practice. In 
particular, the short-tenn sensory store for pitch, 
independent of attention, is one ~f the impo~t 
faculties in choir singing, conductmg, and playmg 
in orchestra. 

It may be argued that investigating memory for 
pitch with vocal matchings brings some 
uncertainly as to the strategy adopted by the 
subjects. In particular, in spite of having been 
instructed to use only auditory cues while 
memorizing pitch, some of them could rely ~ 
memory for muscular tension kept unchanged m 
the throat during the whole "waiting period". 
However, inspection of the results does not seem 
to confirm such a hypothesis. Particularly 
interesting are the results obtained in the 
conditions of "cognitive interference". In these 
conditions whispering the numbers totally 
excluded the possibility of keeping the throat 
muscles in tension. 

The reason to choose the method of vocal pitch 
matchings rather than previously used ~eth~ of 
tuning the electronic oscillator to a deSIred p1tch 
(Rakowski & Morawska-Bungeler, 1987) was 
that singing the memorized tones does . not 
introduce the undesired interference of rap1dly 
changing frequency of the oscillator with the faint 
trace of pitch memory. 
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An analysis of electroencephalograms 
recorded during music listening 
N Saiwaki, S Inokuchi, T Inouye, S Katayama & Y Hori 

Abstract 
We are concerned with the study of EEG as response to musical stimuli. Since music cognition has many 
emotional aspects, it is expected that EEG recorded during music listening reflect the electrical activities of brain 
regions related to those emotional aspects. irst, the autoregressive model was applied to the power spectra of 
EEG's of different brain regions. Then, the frequency structures were compared by a statistical model given by 
Ale. It is found that the power spectra recorded at different positions on the right hemisphere are similar, while 
there is no such similarity for the left hemisphere. We also calculated the fractal dimensions of EEG's, and it 
seems that the fractal dimensions have a strong correlation with musical form. 

Introduction 
We are concerned with the study of 
Electroencephalogram (BEG) in response to 
musical stimuli (Katayama & al ., 1990; 
Katayama & al., 1991). Many aspects of music 
cognition rely on emotional components. 
Therefore, EEG response may be significant as it 
reflects the electrical activity of brain regions 
involved with emotive events. This research 
examines how to trace transition of human mental 
activity using EEG in the context of music 
appreciation. We are paying prior attention to the 
dimension of time. Instead of just checking 
whether a particular musical stimulus provokes a 
particular reaction, we traced particular events in 
the EEG and then map them to the corresponding 
moments in the musical score. 

In recent years, a number of studies have been 
made on cognitive musicology (ZUckerkandl 
1959, Meyer 1973, Critcheley & al. 1977, 
Hosokawa 1981, Lerdahl &al. 1983, Hofstadter 
1985, Murao 1987, Hiraga 1987, Johnson-Laird 
1988, Tsunoda 1992), but there is little agreement 
as what music is and how it is described (Bloom 
& al. 1985, Hirata 1991). One reason is the lack 
of a link between information processing of 
human brain and biological structure. Therefore, 
famous neurobiologist Tsukahara proposed 
"informational neurobiology" (Tsukahara 1987). 
The researches of modern scientists have thrown 
new light on music recognition related to this field 
(Giannitrapani & al. 1988, Osaka 1989, Oohashi 
& al. 1992, Sergent & al. 1992). 

We do not think that the results of the analysis 
immediately show the relation between EEG and 
music cognition. But, it is useful to know the 
condition of our brain. To the objection that there 

is not significant interrelation between BEG and 
stimuli, we reply that it is the problem of control 
parameters (Denis 1979). 

Material And Method 
The EEG data was led by electrodes pasted on the 
subject's head (Fig. 1). Electrodes Al and A2 are 
ground. According to our experiments, we get 
sufficient data from the twelve electrodes. 

o 

~ 
~ 
Pz 

-.............. 
1 ch 

2 ch 
3 ch 
4 ch 
5 ch 
6 ch 

7 ch 
8 ch 
9 ch 

10 ch 

m onopo la r 1 ead 

FP1 " A1 

F?2" A2 
3 " A1 

F4 " A2 
T3 " A1 
T4 " A2 

P3 " A1 
P4 " A2 

°1 " A1 

°2 " Az 
11 ch Fz " A1 
12 ch Cz " A1 

Ten - twenty electrode system 

58 

Figure 1: Arrangement of the electrodes 

These data are recorded on a 
Electroencephalograph and a data recorder. Fig. 2 
shows the structure of the system. Data was 
digitally sampled through twelve channels for 
signal processing. EEG frequency response was 
usually from O. 5 Hz to 30Hz. So, the sampling 
rate was 128Hz/12bit per channel. EEG of each 
channel was independently influenced by offset 



lD~ta Recorder 16~it, 128Hz (Y,D 

Figure 2: EEG analysis system 

and the gains of amplifiers of the recorder. 
Calibration data. compensated these. 

EEG looks like noise at first glance. To extract 
significant infonnation, we have to segment it 
using stationary states of the stochastic structure 
of EEG along the time and :frequency axis. 
Several experiments have shown that auto
correlation yields reasonable results (equation(1)). 

N-h-l 

R(h) = ~L x(n} x (n+h) 
n=O 

(1) 

While the data belongs to the same periodicity. 
R(h) keeps on monotonous decreasing. And if the 
data is irregular, R(h) suddenly increases. In this 
way. the system is able to segment the EEG. Fig. 
3 shows an example of the result of segmentation 

Figure 3: An example of segmentation 
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Peak frequency analysis 
ARMethod 

Comparison of the frequency 
structures by Statistical Model 

---Display ---.... 
• Time-Frequency M~p 
• Cortical Activation Patterns 

In this case, FFT which uses fixed length 
window gives unreliable results. On the other 
hand, Auto-Regression model allows to use 
flexible data length. We use a combination of 
auto-correlation and AR mode1. An AR model is 
given by equation (2). 

p 

x{n) = -L akx{n-k) + e(n) (2) 
k=l 

The order of AR model was given by Ale 
(Akaike's Infonnation Criterion). 

The power spectrum of AR model was 
calculated by Burg's algorithm with MEM 
(maximum entropy method) by equation(3). 

(3) 

TIme-Spectrum peak frequency map was drawn 
on the basis of this analysis. 

It is hard to recognize the general features of 
change of EEG from Time-Spectrum peak 
:frequency map. Assuming that spectral peak of 
frequency obeys nonna! distribution, we can 
extract the features of T -S map as parameters 
(mu) and (sigma) (equation (4)(5)). W(Weight) 
may be defined as duration of peak :frequency. 



In this way, TIme-Frequency disttibution map 
is drawn and similarity of frequency pattern of 
EEG between channels may be defined as, 

SIM = - { AIC( 11, c?-) - AIC( 111,112, crr, cr~)} (6) 

In this equation, AlC (Akaike's Infonnation 
Criterion) shows a degree of confonnity between 
statistical models. 

Regarding EEG as a kind of infonnation, the 
directional infonnation flow between channels 
may be defined as (Kamitake & al. 1977, 
Kushwaha & al. 1992), 

I(WXk ~ Yk+m) = t log 

\

1 + A~x k+m,k l (7) 

m-I ( 2 2 ) ,I. AyX k+m,k+m-i+Ayy k+m,k+m-i 
1=0 

X, Y: channel, Wx: source 
A: impulse response coefficient 

This method has been applied to the analysis 
of linguistic processes and obtains good results 
(Inouye & al. 1981, Inouye & al. 1982, Inouye & 
al.1983). 

Experiments 
The purpose of our experiments was to explore 
the correlation between musical fonn and 
fluctuation of EEG. At first, difference of EEG 
caused by the awareness of tonality was especially 
looked for. Experimental stimuli were both tonal 
and non-tonal piano music. In these experiments, 
EEGs were recorded in the following conditions: 
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(4) 

[al] relaxing with closed eyes for 3 min. 
[a2] listening to tonal music with closed eyes 

(Example: "Duetto" by Mendelssohn) 
[a3] relaxing with closed eyes for 3 min. after 

listening to the music 
[hI] relaxing with closed eyes for 3 min. 
[h2] listening to non-tonal music with closed eyes 

(Example: "waltz" by Schoenberg) 
[h3] relaxing with closed eyes for 3 min. after 

listening to the music 

The EEG data were recorded from dozens of 
subjects. The experiments were repeated once a 
week for 2 month from the first reading a score till 
playing it on the piano. During the experiments, 
the subjects devoted themselves to listen to the 
music with imaging of playing piano. The 
following are typical examples of analysis. A 
subject was a female graduate student aged 24 
years. She had taken classical piano lessons for 19 
years. 

Results 
Fig. 4, 5, 6 are TIme-Spectrum peak frequency 
maps of condition aI, a2 and b2. The center of 
ellipse is peak frequency. The width of ellipse is 
duration of peak frequency. The height is 
amplitude. At first glance, difference of both maps 
is not so clear. 

The statistical model is then applied to 
frequency disttibution of EEG. Fig. 7, 8, 9 are 
TIme-Frequency disttibution maps of condition 
aI, a2 and b2. A center of a circle is an average of 
peak frequency. A radius means duration of peak 
frequency. A crossed line shows standard 
deviation of peak frequency. 

The similarity of frequency patterns of EEG 
between channels is estimated by comparison of 
Time-Frequency maps (Fig. 10, 11, 12). 

Fig. 13, 14 indicate the directional 
infonnation flow between some channels. 

Conclusion 
The following results were obtained: 
1. It is obvious that the change of the average 
frequency responds to the experimental music. For 
example, "Duetto" by Mendelssohn is in three 
sections (Lied fonn) A-B-A'(B:50sec-, A':90sec-, 
Coda: 120sec-). In section B, the average of peak 
frequency rises high and standard deviation of 



peak. frequency becomes low. This stems from 
emotional tension in development. There was a 
sudden drop in the average of frequency around 
90sec. It was caused by the dissolving of tension 
at the beginning of recapitulation, section A'. The 
same phenomena were observed in other 
conditions and with different subjects. 
2. The EEGs of right hemisphere's channels 
remain quite similar to each other during tonal 
music listening by the similarity of frequency 
pattern. ., 
3. The information flow dunng tonal mUSlC 
listening seems to show that predominant activity 
lies in the right hemisphere and auditory regions 
of both hemispheres. But the information flow 
during non-tonal music listening was irregular. 

These results reflect that a subject fonnally 
trained in classical music strongly responds to 
tonal musical forms. But the experimental musics 
are not same in statistical and physical meanings. 
We think that the influence of them should be 
considered as one of future problems. 
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Analysis by synthesis in piano performance: 
a study on the theme of the Brahms' 
"Variations on a theme of Paganini" Ope 35. 
G U Battel & R Bresin 

Abstract 
The present research is founded on the idea of interpretation as choice and continues Friberg's work on 
instrument independent general performance rules. An aim is to verify these rules on the "real" piano and to see 
some specific rules for piano on a particular repertoire. The goal is not to find the ideal performance but to give a 
scientific foundation to a matter belonging almost only to opinions and beliefs. We choose the Brahms' Paganini
Variationen theme. The results suggest that (1) rests should be considered as independent entities rather than 
blank spaces between two notes; (2) the expressive modifications in terms of staccato and legato, grace-notes and 
pedaling are important; (3) it is important to investigate the expressive power available when all voices rather 
than the melody only is played. Some performance rules seem to communicate the structural characteristics of the 
musical piece. Our equipment allows analysis of both real performances and analysis by synthesis (a Disklavier 
Yamaha Grand Piano connected via MIDI to a PC 386/40 MHz). We implemented the program Melodia for 
producing computer controlled performances allowing experimentation with rules, listening in real time, and 
graphical display of deviations. The system also offers the possibility to save the rules settings in a me used to 
perform the score by means of artificial neural networks. 

Introduction 
Modem tools give the possibility to analyse each 
variable of a musical perfonnance in a very 
precise way. One method is to extract data from 
real perfonnances or from recordings to fonnulate 
some theories on the perfonning actions. Another 
one is the analysis-by-synthesis method (Friberg 
& al., 1991; Friberg, 1991): by means of the 
experience of a professional musician some 
hypothesis are fonnulated on the use of 
parameters which are present in a perfonnance, 
and on their effect on the variables of the 
perfonnance itself. Once these intuitions are 
translated into mathematical tenns, some rules to 
reproduce the process of perfonnance are 
fonnulated. In this way it is possible to create 
artificial perfonnances, which can validate the 
starting hypothesis through a comparison between 
the real perfonnance and the judgement of the 
listeners. A further perspective in automatic score 
perfonnance is possible training some artificial 
neural netwoIks with rules or with real 
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perfonnances (Bresin & al., 1992; Battel & al., 
1993). The aim of the present research is to give a 
more scientific reading to what is happening in the 
field of automatic perfonnance. 

We chose to limit our investigation on the 
perfonnance on acoustic piano for practical 
reasons. At present this is the only traditional 
instrument where are possible, via computer, real
time recording, and reproduction of a 
perfonnance: we used the Disklavier. 

Equipment 
The Yamaha Disklavier Grand Piano, in a similar 
way to the piano with sensors invented by Shaffer 
(Shaffer, 1981), detects the position, and the 
movement of the hammers, and in addition the 
solenoids allow the movement of the keys. The 
Disklavier is connected via MIDI to a personal 
computer. To test the perfonnance rules we used a 
program called MELODIA developed at the 
C.s.c. (Bresin, 1993). 



Choice of the theme of the Brahms
Paganini variations 
The present work starts from studies due to the 
competence of a violinist, and the consequent 
production of rules shows this instrumental 
specificity. Therefore, since we wanted to focus 
our attention on another instrument, the piano, the 
famous capriccio of Paganini, used by Brahms in 
his variations op.35, seemed to be a trait d'union, 
as repertoire, with the researches developed at the 
K.T.H. This piece answers also the property of 
being meaningfully expressive while perfonning 
only the melody, in fact Brahms has only doubled 
at one octave distance the melodic line of the 
violin. Another characteristic of this theme is the 
simple structure: this property is almost a 
necessary condition to use rules which must be 
easily generalised 

Principal characteristics . 
Since we apply the K.T.H. rules system to pIano 
performance, we need to introduce some 
enhancements in order to take advantage of the 
expressive possibilities of the piano. 
Our research is focused on the expressive meaning 
of some components of piano performance, and 
they are listed below: 
1 - Rests are considered as independent entities 
and not blank spaces between two notes; 
2 - The introduction of expressive modifications 
due to legato, and staccato; 
3 - The relation between loudness and duration; 
4 - The introduction of grace-notes. 

Rests as independent entities 
In the K.T.H. system, rules act on notes as the 
element to modify, and every blank space between 
notes is referred to the last note. This system 
doesn't consider rest as an autonomous entity. 
Even if this system produces to the ears what in 
music is called rest, doesn't give to the silence the 
structural and expressive meaning proper to 
music. 

But in a complete musical analysis silence 
inside music assumes each time different 
meanings, i.e. the case where silence is a simple 
articulation between two notes is different in 
respect to the case of silence as a breath between 
two phrases, or to the one of a long rest at the end 
of a whole section. 

To summarize we can say that silence can be 
considered, according to the musical situation, 
whether as a blank space referred to the last note 
played or as an independent entity. This second 
case takes account of most part of rests in a score. 
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Therefore we consider rests as independent 
entities. 

A first result is noticeable in the theme of the 
Brahms' Paganini variations: rests are very 
important as independent entities since separate 
phrases and periods. 

Staccato and Legato 
In piano performance some very important actions 
in music, like the possibility to modify the 
envelope, the frequency, and the vibrato of a note 
during its duration, are not possible. This lack of 
expressive tools is filled in by the importance of 
the control of articulation between notes. So the 
use of staccato, and legato assumes a particular 
expressive meaning. 

Since we use a real piano, not a synthesiser, a 
score with only the indications of pitches, and of 
durations can't give a real performance, and it 
would result incomplete if we wouldn't write 
staccato and legato. So we introduced some 
symbols to mark the staccato, and the groups of 
notes within a legato. Legato is implemented with 
an overlap of a few milliseconds between two 
consecutive notes: this is characteristic in 
performances on a keyboard instrument 

Loudness-Duration Relation 
In real piano, the presence of the only two 
variables, loudness and duration, forces the 
pianist to pursue a more accurate refinement in 
the use of relations between these two variables. 
In particular, in the use of intensity it seems to be 
more emphasis in respect to other instruments, in 
which are possible other alterations of the sound 
For these reasons we introduced a system that 
emphasises the deviations of loudness in respect to 
those of duration: there is a conversion factor 
from decibel to key velocity, and, in some rules, it 
is possible to select different values of the K 
constant, one for time deviations and the other for 
loudness deviations (see table 1). 

Grace-Notes 
Also grace-notes can be considered as independent 
entities, external to the normal melodic flow, and 
so they have to be processed independently. Since 
grace-notes have a short duration, the rules of 
K.T.H. system give a small deviation. 

In certain situations, like leaps between notes, 
it is useful to isolate grace-notes, and to consider 
the relation between real notes. For these reasons 
we introduced a notation to tell to the rules not to 
process the grace-notes. 



Table 1 
Rul~s .Applied to the Brahms' Paganini Variations Theme (Kdr = K value for duration 
devzatlOn; KdB = K value for loudness deviation) 

Durational Contrast Kdr= 0.9 

High Loud Kdr= 0.6 

Melodic Charge Kdr= 0.9 

Chromatic Charge (with rests) Kdr=O 

Leap Tone Duration Kdr= 1 

Leap Articulation Kdr= 1 

Articulation of Repetition Kdr= 1 

Harmonic Charge Kdr= 0.5 

Final Ritard Kdr= 0.2 

Phrase Kdr=l 

The experiment 
We chose those rules of the K.T.H. system which 
are compatible with the piano, and useful for the 
score in exam. We gave different values to the K 
parameter in each rule: these values were 
detennined on the basis of repeated trials. By 
means of listening tests with students of the music 
Conservatory of Venice, and professional 
musicians, we finally chose the values showed in 
table 1. 
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It is to notice that some rules have two 
different weights of the K parameter, depending if 
the value is referred to the duration or to the 
loudness of the note in exam. 

In fi~ 1, 2, and 3. are plotted respectively 
the flowmg of the deVIations of the durations 
(mr) , the flowing of the deviations of the off
time durations (mro) , and the flowing of the 
deviations of the loudness (M.) in the Brahms
Paganini Variations' theme after the application of 
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Figure 1: Flowing of the time deviations (tillr) in the Brahm's Paganini Variations' theme 
op.35 
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Figure 2: Flowing of the off-time deviations (tillro) in the Brahm's Paganini Variations' 
theme op.35 

the rules listed in table 1. 
In all of these figures the x axis represents the 
numberofthecurrentnore. 
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The soWld examples allow to compare the 
performance without rules with the one with rules, 
and, in both cases, the produced sOWld is complere 
of all the parameters used by the pianist. 

Notes 

Figure 3: Flowing of the loudness deviations (tlL) in the Brahm's Paganini Variations' theme 
op.35 
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Conclusions 
The experiment, also by means of informal 
listening tests, confirmed both the validation of the 
performance rules developed by Sundberg and c0-

workers, and the possibility, with the new 
hypotheses (use of staccato and legato, rests, and 
duration-loudness relation), to use these rules in a 
performance with a real instrument These new 
hypotheses help the K.T.H. system to be very 
effective, and to give, in perspective, the 
possibility of a real analytical comparison 
between performances made by a pianist, and 
artificial performances. The present work is still 
in progress and will consider in future the use of 
the pedals, and the polyphony. 
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A neural networks based system for 
automatic performance of musical scores 
R Bresin, G De Poli & A Vidolin 

Abstract 
Music performed according to the metronomic symbols sounds extremely mechanic and frigid, because 
traditional musical notation does not efficiently describe the composer's intentions. Thus, musicians, according to 
the instrument they play, introduce deviations in intensity, durational and timbreef These deviations detennine 
the musician's performing style and ability. Sundberg and collaborators developed some symbolic performance 
rules using the analysis-by-synthesis method. The performance is obtained from the sum of time, sound and 
timbre deviations due to the simultaneous application of numerous symbolic rules. Our group built a hybrid 
system, where two sets of symbolic and sub-symbolic rules act in co-operation. The idea was to integrate the 
results from some small neural nets controlled by symbolic rules. We used the back-propagation algorithm to 
train the neural nets. As inputs we chose some parameters proposed by Sundberg and using his rules, we 
produced the output to teach the network (i.e. time or loudness deviations are taught according to the particular 
net). To train a neural network with two hidden layers and ten nodes, takes thirty seconds using a NeXTCube 
with a 68040-25MHz. This is impressive when compared to a beginner who reaches comparable performances 
after at least one year of practice. If we compare our neural nets with a physiological system we could say that the 
input and output neurones correspond to the optic nerves and the hand of the pianist. The cause is the score 
reading and the effect is the mechanic action. To implement neural networks capable of learning the performing 
style of a professional pianist, we chose a more complex modes of net: the ecological neural net, i.e. an artificial 
neural net with feedback. This net considers the stimuli coming from the environment (net's inputs) in the N 
cycle as a function both of the characteristics of the environment and of the action of the net itself (net's output) 
at the N-I cycle. In this model of net there is new input neurone which could represent the acoustic nerves, i.e. 
the pianist listens to himself playing and acts accordingly. The ecological net gave a better result than the nets 
without feed-back. The results conftrm the ussefulness of artiftcial neural nets in musical performance research. 
It is important that our nets allow real-time performance of any score, provided the net is given some 
fundamental parameters such as the nominal durations and intensities of the notes and their positions in the 
score. This procedure is new when compared to the previous approaches computer performance. 

Introduction 
Musical notation implicitly includes a cognitive 
reference to the composition in order that it is 
translated into a performance. This information 
often is not enough to render the intentions of 
the composer, in addition it lends itself to 
different performances according to the culture, 
the mood, and the ability of the performer. 
Therefore he is the trait d'union between 
symbolic description (musical score), and 
performance, and he allows to obtain different 
performances. You can find analogous 
situations in speech: in the acting of a literary 
text the actor introduces intonations, accents, 
and rests which emphasise certain situations. In 
the particular case of musical performance, the 
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mUSICIan executes intensity, duration and 
timbre deviations, since the traditional musical 
notation is not suffice enough to the composer's 
intentions. As a matter of fact, music performed 
according to the metronomic symbols sounds 
extremely mechanic and dull to the listener. 
These deviations determine the performing style 
and the ability of a musician in contrast to 
another. The problem of performance is a 
crucial aspect in computer music, where the 
computer itself is the performer. The execution, 
obtained with a literal translation of the 
classical performing symbols of a score, leads 
to an 



extremely mechanic performance. So one feels the 
need to perfonn in a wanner and more human 
way. 

In the field of musical perfonnance many 
researches have been made in the past years: from 
the first researches of Carl Seashore and his c0-

workers at the Iowa University (Seashore, 1938), 
to the qualitative analysis of Bruno Repp (Repp, 
1990), and Clynes, who made the assumption that 
there exists a distinctive rhythm of the metronome 
in the occidental classical music composers 
(Clynes, 1983). Others proposed some rules' 
systems, as De Poli, Irone and Vidolin (De Poli & 
al., 1990), who built an expert system to perfonn 
musical scores using a multi-level data base, and 
Sundberg and his collaborators (Friberg & al., 
1991; Friberg, 1991). 

In particular Sundberg and his co-workers at 
the KTH in Stockholm built a symbolic rules' 
system using the analysis-by-synthesis method. 
The purpose of these rules is to change a music 
score into an acceptable perfonnance. The 
resulting deviations from the rules are additive 
because each note can be processed by several 
rules. These deviations made by each rule, are 
successively added to the parameters of that note. 
With this method expert musicians and teachers 
were asked to fonnulate some performing rules. 
These rules, from the suggestions of an expert 
musician, who judged whether the adding effect of 
the single rule was pleasant or not, were applied 
in sequence during the perfonnance. The 
perfonnance is obtained through the sum of time, 
sound and timbre deviations due to the 
simultaneous application of numerous symbolic 
rules. But all these systems aren't able to achieve 
a good perfonnance: since they are based on 
conscious decisions, it is difficult to extract sub
conscious decisions with them. 

We propose a model that allows to render 
nuances and to obtain time, and loudness 
deviations starting from infonnation which can be 
extract only reading the score. In the present 
work, we start from the results of Sundberg and 
we build a hybrid system, where two sets of 
symbolic and sub-symbolic rules act in c0-

operation. The idea is to integrate the results from 
some small neural networks (NNs) controlled by 
symbolic rules. 

The proposed model 
As it is possible to notice in the performing 
practice, the perfonnance at a cognitive level 
occurs in two subsequent steps. In a first phase 
the perfonner analyses the structure of the 
composition and than, after he has assimilated it, 
he concentrates his attention on the perfonnance 

at a local level, studying the particularly 
meaningful passages, to produce the deviations 
which will sensibly characterise his perfonnance. 
In substance the perfonner works in two time 
spaces: a short tenn one, where he concentrate 
himself on local actions, and a long tenn one, 
where he must render the meaning of the whole 
piece of music. In both cases the perfonner 
introduces conscious, and unconscious (sense
motor actions) deviations. These two phases may 
be respectively divided in two kinds of models: 
models based on structural characteristics, and 
models acting on local infonnation. The idea of 
structural models is to study the deviations which 
transfer the infonnation of the global structure of 
the piece. These models imply a preliminary 
analysis of the score. Therefore it seems more 
appropriate a model in which the performing 
choices are based on a logic founded on symbolic 
rules. There are many possibilities to render these 
choices by means of deviations (Todd, 1992). 
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Local models introduce micro-deviations at a 
local level, and need some choices without an 
excessive processing. This last kind of model 
allows an instantaneous action on perfonnance, 
and also to greatly consider the performing 
choices, and it less depends on the context. There 
is a more immediate dependence from text, and 
from other instantaneous factors, rather than other 
factors, like the context, which appear in 
structural models. All of this has the advantage to 
consider a model where deviations depend from 
only a few parameters, which are directly 
estractable from the score. We think that, at a 
local level, a non-symbolic approach can better 
match with reality. The performing action imply 
the co-operation between macro-level rules 
(typically realised by symbolic rules), and micro
level rules (local rules), which we implement by 
means of a combination of rules and NNs. We 
will focus our attention on NNs. 

Our model is based on local infonnation for 
several reasons. The first one is the need of 
building a real-time system. Another one is that 
we wanted to see if it was possible to overcome 
some undesirable effects of the additive model 
developed at the K. T.R. Our system allows to get 
some structural infonnation starting from local 
infonnation: for instance, to build the ''Leap 
articulation" rule (Friberg, 1991), the NN receives 
in input the length of the leap, and the position of 
the current note in the leap itself (i.e. first or 
second note in the leap, ascending or descending 
leap). 

The symbolic rules of the system are divided in 
two sub-sets: decision rules, and performing rules. 
Decision rules are necessary to select a particular 
net or a particular input to the net according to the 



particular musical situation. For instance, 
supposed there is a refrain in the musical score, 
the rules will choose a net to perform the refrain 
the first time and another net to perform it the 
second time. Another example could be a NN with 
an input node representing an emphasis parameter 
(see the K parameter of the Sundberg's rules): we 
need some decision rules to detennine which is the 
preferred value of this parameter. We left some 
performing rules in the symbolic rules' set since 
they reflect some conscious decision of the 
performer (e.g. phrasing rules). The performance 
is also made by non-formalising rules depending, 
for example, from the performer's sensibility and 
from his sense-motor activities. We suppose that 
these kinds of behaviours could be modelled by 
NNs. 

Let us examine in depth the sub-symbolic rules 
model, that is the most important part of our 
system. In our model the problem of performance 
is seen like a relation that computes the time, 
and/or loudness deviation to apply to the note in 
exam depending to some meaningful parameters 
of the note itself. Therefore we can talk of a local 
model based on a non linear function that has a 
little context The model proposed uses only the 
function g(), that considers the effect due to all the 
various parameters, and it has the following 
general expression: 

(1) Yn = g(k,xn ) 

where XII represents the vector of the parameters 
used by the K.T.H. rules applied at the n-th note, 
and it is possible to extract it by means of a dir.ect 
reading of the score, without any processing, k is 
a vector of constants or of variables, which evolve 
very slowly in time, Yn is the deviation. In the 
model developed by Sundberg and co-wOIkers, 
deviations are obtained by the contemporaneous 
application of many rules, with the sum of effects, 
as in the following equation: 

N _ 
(2) Y = '" k. · F.(Xn) 11 .L..J I ), 

;=1 
where XII is the same of equation (1), and the fiC) 
functions represent the various rules detennined in 
an heuristic way, k; is a constant used to 
emphasise the deviation due to each i-th rule. 

It is known that NNs are able to represent any 
non linear function, in particular they work as 
good non linear interpolators if the choice of the 
architecture, and of the training patterns was 
suitable. This last property is known as the 
generalisation property, and it has to be 
experimentally verified for each kind of problem. 
The factors which influence the performance in 
our problem are numerous, and they interact in a 
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non simple way. So it is important to identify a 
net's architecture with good generalisation 
properties in order to have meaningful results, if 
we train the net only with a limited number of well 
chosen significant cases. Therefore we decided to 
choose as g function a NN trained with suitable 
examples; than the equation (1) becomes: 

(3) YII = net(k,x,,) 

where net represents the NN, XII is the same of 
equation (1), and k is a vector of constants or of 
variables which evolve very slowly in time. 

The above mentioned decision rules 
correspond in Sundberg's system to the choices of 
the K parameter (Battel & al., 1993a), in our 
model they correspond also to the choice of 
different net or g. 

If we compare our NNs with a physiological 
system we could say that the input neurones 
correspond to the optic nerves of the pianist and 
the output neurones corresponds to the hands of 
the pianist himself. The cause is the score reading 
(i.e. the stimulus to the optic nerves) and the 
effect is the mechanic action (the hands of the 
pianist). 

It is possible to train the NN s with particular 
inputs and outputs. At first we used the standard 
feed-forward NN with the back-propagation 
algorithm (Rumelhart & al. 1988), using the same 
NNs' structures described in (Battel & al., 1993b) 
and (Bresin & al., 1991). The outputs of the NN 
were the time and loudness deviations, and the 
inputs depended from the particular experiment 
and from the particular architecture of the NN. 

Two applications of the model 
In the following paragraphs we will show two 
applications of our model. In the first one is 
shown as a NN can learn rules and apply them to 
any score. In the second example we present the 
results obtained with a NN trained with the 
performing style of a professional pianist 

Neural networks trained with performing 
rules 
We applied the equation (3) to some scores, and 
build two NNs: one net for time deviations, with 
two output nodes giving respectively the deviation 
of the duration, and of the off-time duration 
(Friberg, 1991; Bresin & al. 1991; Battel & al., 
1993b; Bresin, 1993), and another net for 
loudness deviations. In figure 1 is possible to 
observe the flowing of the deviations of the 
durations in the theme of the Mozart's Sonata 
K284, due to the K.T.H. rules. In figure 2 is 
shown the result of the processing of the same 
score by a NN trained with the same rules which 
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Figure 1: Symbolic rules: deviations of the 
durations (tillr) in the theme of the Mozart's 
Sonata K284. 

gave the deviations of figure 1. In both cases the 
rules are used with the parameter K set to 1. 
Ustening tests validated the use of NNs: the 
listeners preferred the perfonnance with NN s 
(Battel & al., 1993b), and we propose the same 
sound examples of these tests. One of them 
exactly corresponds to figures 1 and 2. 

Neural networks trained with the 
performing style of a pianist 
Figure 3 shows the flowing of the time deviations 
in milliseconds of the theme of the Mozart's piano 
sonata K331 played by a NN trained with the 
performing style of a pianist. The pianist was 
asked to play the Beethoven minuetto of the 
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Figure 2: Neural networks: deviations of the 
durations (tillr) in the theme of the Mozart's 
Sonata K284. 

sonata op.31, and the deviations which re 
produced where used to trained a neural network 
with feed-back (Bresin & al. 1991). The 
perfonnance proposed in the sound example 
allows to verify the good generalisation achieved 
by this NN. For instance, analysing figure 3, the 
two big peaks related to notes at the end of a 
phrase, and the deviations of 96 ms at the 6th 
note, and that of 13 ms at the 7th note in 
correspondence to an end of subphrase between 
two notes in a descending leap, confinn that there 
is a correspondence between the performing style 
of the pianist simulated by the NN, and the rules 
proposed by Sundberg and co-workers. 

Notes 
'-------- - ------------------------ - ---------------------- --- ---

Figure 3: Deviations of the durations (tillr) in the theme of the Mozart's Sonata K331 
performed by a NN trained with the performing style of a pianist. 
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Conclusions 
The model proposed in this work gave good 
results as showed in the examples above and in 
the soWld examples. The use of NNs allows to 
realise an automatic performance of a score in 
real time, and gives the possibility to introduce 
particular parameters, which take accoWlt of 
different perfonning nuances or of structural 
information. Our principal aim is not to exactly 
reproduce the style of a pianist, but to Wlderstand 
it in order to extract any information useful to 
obtain more human, and less cold performances of 
computer generated music. 
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Fusion or separation : 
From vibrato to vocal trill 
M Castellengo 

Abstract 
The vocal trill, contrary the instrumental one, is nothing but a large vibrato. However, we hear two successive 
notes instead of a single one. In this study we have made several analysis of the different acoustic parameters of 
trills recorded by great singers: frequency extent and speed of the trill compared with those of vibrate note of 
similar frequency, sung by the same singers. By interpreting this lot of data, and using them to produce 
synthesized vocal sequences, we attempt to answer some questions. What are, if any, the differences between 
minor and major trills? What is function of the so-called preparation of trill? In what conditions do we tilt from 
fusion over ftssion? The results are compared with previous works on fusion/ftssion perception (Schonle 1980, 
Nabelek 1970). 

Khz 

1.5 

1 

0.5 

o 
PREPARATION ~MINOR TRll..L UPON D ---------r) ENDING.· • 

Figure 1: Spectrograghic analysis of a trill sung by I.Sutherland (V.Bellini, la Sonnambula). 
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Introduction 
From the musical point of view, a trill consists of 
a quick alternation of two notes, a tone or a semi
tone apart. On an instrument, the trill is produced 
by alternating two fingering - trombone excepted
and two distinct notes are effectively heard as it is 
written on a score. But what happens with the 
voice where a "note" does not correspond to a 
particuliar geometric configuration, and 
particularly in bel canto where all notes are 
vibrated? Early in 1938 C. Seashore raised the 
difficult question of pitch perception of vibrated 
tones without considering the vocal trill. Later W. 
Vennard (1967) gave spectrographic descriptions 
of some vocal trills and studied the amplitude 
modulation. But did not find any extensive 
acoustical work upon this interesting subject. 

Analysis of a vocal trill: the three parts 
Let us take, for example, a trill sung by Joan 
Sutherland in "La Sonnambula" (V. Bellini) and 
study the frequency/time analysis. [Fig.1] 

This beautiful trill, which will serve as pattern 
for the synthesis, is perfectly perfonned [Sound 
example 1]. It appears as a very large vibrato, 
clearly distinguishable from the preparation where 
the two notes D and Eb alternate slowly (with two 
or three arches of vibrato on each), and the ending 
fonnula on Eb, D and C. 

Immediately several questions arise : 
- Where are located, in the acoustic signal, the 
two notes of the trill ? 
- In what manner does a trill differ from a vibrato 
so that we hear two notes instead of one? Is there 
a value of the frequency extent for which we 
switch from fusion to fission? 
- What is the musical accuracy of a vocal trill ? 
We shall try to give, in this study, some 
preliminary parts of the answer. 

Trill and vibrato: 
comparative measurements of extent and 
rate of the frequency variations in several 
singers prodUctions 
Trill and vibrato are frequency modulations. To 
speak about these acoustics phenomenon we use 
the following words [fig.2 ]. ~f (in Hz) is the 
frequency interval between the upper and the 
lower limit of the frequency modulation. F is the 
mean frequency (the frequency without 
modulation). Extent of the modulation is the 
ratio M/F. We can express it in percentage or in 
cents. As it is well known 0.06 = 100 cents, 0.12 
= 200 cents and so on. The Rate of the 
modulation is the number of cycles per second 

By listening to several records of great singers, 
we pointed out trills and vibrated notes of the 
same pitch, in the same musical context. Then we 
made measurements of rate and extent of the 
frequency modulation and put them in a table [ 
fig.3] . 

From left to right we find for the trill, the 
name of the singer, the trill interval (M for Major 
and m for minor), the pitch of the main note, the 
extent, and the rate. We have the same labels for 
the vibrato, excepted (of course) the interval. 
Results are seen separately for female and for 
male singers. 

F ¥JIJ\fIfvW M EXTENT = !'>iff 

:.., Is. . 

RATE = Number of cycles Is 

Figure 2: Description o/the acoustical parameters. 
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FEMALE TRILL I VIBRATO MALE TRILL I VIBRATO 
Name M m Note Ext. Rate Note Ext. Rate Name M m Note Ext. ~ate Note Ext {late 

J. Sutherland M EbS .30 7 Ab6 .14 S.5 D.Devries M C4 .15 7 C4 .09 7.5 

m G5 .12 8 A6 .13 6.5 m E4 .14 7.5 E4 .10 7.5 

M Eb5 .24 8 Ab5 .12 6.5 M G4 .14 7.5 G4 .08 7.5 

m D5 .27 8 EbS .09 6.5 EscalaIs M C4 .14 6.8 C4 .10 6.7 

C. Deutekom M F5 .23 6.3 Bb 5 .16 6.3 C. Merrit m D4 .17 6.5 Eb4 .09 5.6 

E. Gruberowa M C6 .18 7 F5 .12 7 A. Endreze m B3 .13 8 B4 .07 7 

m C6 .13 7.3 Pol Planr;on m A3 .20 7.5 D4 .09 7.5 

T. Zylis-Gara M BbS .17 7.5 Bb5 .10 7.5 N. de Angelis M G3 .35 7 G3 .14 6.5 

m CS .17 7 FS .13 6 G. Reinhardt M Bb3 .23 5.8 B3 .15 6.3 

Nelly Melba m E5 .14 6.8 FS .06 7 m Ab3 .21 5.8 A3 .17 6 
MadoRobin M C6 .13 7.S F5 .10 7.5 M G3 .23 5.8 G3 .15 6.5 
Selma Kurz M F5 .18 6 BbS .11 6 m G3 .19 5.8 

Figure 3: Measurements of extent and rate of trills and vibrated notes extracted of 
performances given by female and male singers. 

Comparing trill and vibrato rate 
According to the singers, there are two groups. 
For the major part of the singers, the speed of the 
modulation is approximately the same for the 
vibrato and for the trill, but some singers exhibit 
differences. The rate is sometimes greater for the 
trill than for the vibrato (J. Sutherland) or 
sometimes weaker (G. Reinhardt). 
Comparing the data extent 
Looking now to the numerical values of the extent 
we can see, as expected, that the lowest values 
are related to the vibrato and the largest one, to 
the trills. More precisely, when M/F < 0.12 (200 
cents) it is a vibrated note, and when M/F > 0.18 
(300 cents) it is a trill. But what is surprising, is 
to find vibrato and trill extent with same values in 
a large data interval, roughly when 
0.12<M/F<0.18. There seems to be no difference 
between females and males. 

The first and important conclusion is then : 
when the frequency modulation interval stands 
between a tone and a minor third, we may hear 
either a vibrato or a trill. Or, in other words, we 
may fuse the frequency modulation in ONE note -
that is vibrato hearing - or split the frequency 
bandwith into TWO separate notes - that is the 
trill hearing. [fig.4 ] 

The trill threshold; fusion and separation 
In 1950 Miller and Heise set a trill threshold 
with two alternating sinus tones (5/s). When the 
frequency difference was small, the alternation 
sounded like a continuous up-and-down 
movement of the pitch. Increasing the difference, 
they found a point for which two unrelated and 
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intenupted tones were heard. They called this 
breaking point "trill threshold". In Miller's 
experimental conditions trill threshold's extent 
was closed to 0.15 and constant with the 
frequency (from 125 to 7000 Hz). Looking back 
to our results we see that this value, 0.15 goes 
through the middle of what we may call the 
common area (vibrato and trill) 

0.12 < EXTENT < 0.18 

f\f\f\f\f\f\ ) 
\TV \T\TV V VIBRATO HEARING 

TRILL HEARING 

Figure 4: Fusion and separation for same 
modulation frequency. 

In 1976 Shonle and Horan made similar 
measurements between 250 and 4000 Hz. They 
gave smaller mean values and found a frequency 
dependence of the trill threshold: 0.13 for 250Hz, 
0.06 for 500 Hz, and 0.03 for 1000 Hz. But they 
noticed in their conclusion : "The spread in the 
data is considerable, showing a moderate variation 
for a given subject and considerable intersubject 
variation", 

As the stimulus of these experiments is an 
instrumental trill, consisting in two distinct 
straight tones, it is difficult to take into account 



the results, to interpret our measurements. We just 
want to mention that d'Alessandro and 
Castellengo (1994 found, in an adjusunent test 
using synthetic vibrated tones, a separation 
situation ("trill hearing") which occurs for M/F = 
0.12, in good agreement with our data extracted 
from musical perfOImances. 

The importance of the context in trill 
perception 
Trill or Vibrato 
We saw that extent values between 200 and 300 
cents (0.12 and 0.18) were related to vibrated 
notes as well as trills. To test the role of the 
musical context we made an experiment using 
synthetic voice [sound example 2 ]. The hearing 
of an isolated frequency modulation M (F=554.3 
Hz; M/F=0.14; R=7.14) give indifferently the 
perception of one or two notes. One cannot 
decide. Now, with exactly the same element (M), 
we build two phrases : 
1) A4, B4,(two crotchets) and M. In this phrase, 
M become a vibrated C#5. 
2) C5,D5,C5,D5,C5,D5,(six semiquavers with 
accelerando) and M. Now M is a trill and we hear 
the two distinct notes announced before. 

In this short experiment we see the great 
importance of the context in the musical 
perception, and the difficulties to "measure" a trill 
threshold 

- Minor and Major trills 
If we examine the table now we can see that, with 
regard to the extent, the minor and Major trills 
cannot be separated, either for male nor for female 
singers. Therefore, the frequency excursion of a 
trill is not sufficient to perceive the exact interval. 
In a private recording, at the laboratory, a 
professional singer (soprano) gave us a clear 
example of minor and major trills. These were 
effectively very clear for the ear, but measuring 
the extent was troublesome at that time (1965) 
because the frequency extent was exactly the same 
for the minor and for the major trill ! In this case, 
context is given by the preparation. The two 
future notes of the trill interval are sung without 
vibrato, and with amplitude reinforcement. [Sound 
example 3] 

Conclusion: 
Some guide to hear clearly a vocal trill 
In music the trills are employed in two ways 
(Colas & coll. 1994). First as an embellishment of 
the melodic line, among appoggiaturas, turns, 
shakes and other grace notes for which emphasis 
is not put on pitch definition. These trills are short 
and generally without termination. On the other 
way the trill has an hannonic function. We find it 
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generally at the cadence, when the singer is a 
capella. And as a final signal it must be 
unambiguous. 

To hear clearly such a trill, several "aids" can 
be find: 
1 - Frequency extent of the trill must be at least of 
0.12 to allow the separation, or, in other words, 
larger than the currently vibrated notes. 
2 - As the perception is always a relative process, 
the notes involving the trill, particularly those of 
the preparation, must ve very weakly vibrated 
This constrast facilitates the separation. 
3 - The trill begins with a preparation which is an 
announcement of the true musical interval, major 
or minor second, and ends with a teImination 
which reinforces the perception. 
4 - The musical context announces a trill : 
because of the harmonic cadence, or by imitation 
of an instrument. 

Finally the acoustical study of the vocal trill 
perception leads us to put several questions as 
matter for further works. The most important one 
is that we don't know what are the real perceived 
limits of the frequency excursion, and if M must 
be reduced to represent the musical interval that 
we hear. The perception of the accuracy of the 
trill interval must be tested in and out musical 

context, and also the effect of the amplitude 
modulation associated to some trills. 
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Extent < 0.12 Only VIBRATO 
200 cents 

0.12 seems to be a lower limit for fission 

0.12 < Extent < 0.18 Both TRILL and VIBRATO 

200 cents 300 cents but each singer makes differences between 
Trill and Vibrato. 

0.12 < Extent < 0.24 
200 cents 400 cents 

MAJOR and MINOR TRILLS 
Mixed 

Extent vary with - musical character 
- voice type 

Figure 5: Some conclusions about extent measurements and vocal trills. The numerical 
values give approximate borders. 
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The tyranny of the bar-lines 
Encoding notated meter in performance 

B Edlund 

Abstract 
Time signatures and bar-lines may appear redundant since they do not request any specific actions and most 
often do not tell anything that an informed reader could not figure out from the structure itself. However, when 
the inherent meter is ambiguous or when there is conflict between inherent and notated meter, the metric signs 
become strictly normative, demanding that the designated metric organization is conveyed - some way or other. 
In order to study how notated meter is encoded in performance, a number of Bach melodies, representing metric 
ambiguity and conflict, were rewritten to expose the metric alternatives, and these variants were then played by 
professional musicians on three instruments differing with regard to their basic conditions of tone production: 
piano, harpsichord, and organ. The renditions were then analysed with regard to inter-onset timing, articulation, 
and stress patterning. Finally, in order to fmd out to what extent the various cues were actually expressive of the 
notated meter, all performed versions were judged by musically trained listeners with respect to apprehended 
metric organization. 

Introduction and theoretic background 
To many people the bar-lines seem more or less 
redundant. Unlike most other signs in musical 
notation that in a quite positive way either tell the 
player what to play or how to play it, it is less 
certain what bar-lines stand for We have all been 
taught that bar-lines show the beginnings of some 
mid-level metric units starting with an accent, but 
this, as well as further more detailed information 
as regards the actual metric organization and its 
hierarchy of accents, competent music readers can 
most often gather directly from the musical 
structure as it is given in the score, even if all 
metric signs are removed. And while elementary 
teaching summons us to "accentuate", i. e. to 
support the accented positions indicated by 
bar-lines or beams with extra emphases, the 
actual nature of these additional cues is actually 
left open though many rest content with the 
conviction that strong beats should of course be 
dynamically stressed. 

And yet we all know that bar-lines are 
important, and that they may in some musical 
situations take on a strictly normative character. 
The metric organization is a basic aspect of most 
musical passages, and while listeners, guided by 
inherent, "structural" accents only, can generally 
identify the meter, even if metric cues are entirely 
absent in the execution, such performances are 
likely to sound inexpressive and devoid of the 
individuality that is lent by a vivid Ihythmic 
rendering, including suitable metric emphases. In 
addition there are passages in which failing or 
misapplied metric cueing is bound to evoke 
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negative listener reactions, the manner of playing 
being such that the meter seemed to disappear or 
was heard erroneously, robbing the music of its 
proper character. 

In order to better understand the gentle, and at 
times quite severe, rule of the bar-lines and to 
define a few basic concepts, a short diversion to 
Ihythmic theory is called for. (A more thorough 
discussion of these matters is to be found in 
Edlund 1993a.) 

A fundamental assumption is that Ihythm, 
being an aspect of musical structure in 
comprehensive sense, is phenomenal. This means 
that musical Ihythm is a mental construct built 
upon (real or imagined) sounds, and thus that it is 
not just immediately based on acoustic percepts 
per se. It also means that the actual locus of 
rhythm is the mind - not the score where we most 
often study it - and that some kind of 
interpretation or understanding is necessary in 
order to apprehend rhythm. 

Meter in tum is an aspect of Ihythm: viz. the 
aspect of hierarchically and regularly coinciding 
accents within the musical structure. Accents are 
phenomenal facts and may come about in diverse 
ways: there are many kinds of emphases in music 
that cause or contribute to accent. Though it is 
theoretically important to distinguish between 
different sources. Or accent, it makes no 
phenomenological difference whether accents 
derive from (simple or quite complex) interacting 
events specified in the score, or from additional 
properties pertaining to the interpretation -



"interpretation" taken here to include perfomring 
as well as reading and imagining music. 

But besides the concept of phenomenal meter 
we must distinguish two further facets of musical 
meter that are vital, interactive forces decisive for 
interpretation and phenomenal meter. Both of 
them stem from the score, and concurrently they 
make up the metric substratum that the player (or 
music reader) has to understand and modify in 
order to render (sense) the meter as a living 
phenomenon Inherent meter, thus, is a matter of 
code competence and musical understanding, and 
is to be conceived of as the estimated effect of 
occurring changes in compositional parameters -
and as such it is devoid of animated perceptual 
content; it is the accentual hierarchy that the 
notated events, especially the symbols designating 
pitch and duration, concurrently give rise to 
according to our generalized knowledge of such 
events. Notated meter, on the other hand, derives 
from the conceptual framework supplied by music 
theory, and consists of the various metric signs 
present in the score time signatures, bar-lines, 
beams etc. - signs that prescribe the main features 
of the intended hierarchy of accents and metric 
formats. Most often the relationship between 
inherent and notated meter is simple: the tonal 
events jointly indicate just one inherent meter, and 
that accentual hierarchy is also confirmed by the 
metric signs. In such cases the metric organization 
is unequivocal, and (since the inherent meter is so 
patent) the player is free to supply emphases, 
either confirming the accents or highlighting the 
upbeat events, as the character of the music seems 
to demand But it may also happen that the 
various events within the pitch/time structure 
internct in a way that admits of not just one 
ordered metric hierarchy, but of two (or several) 
different inherent meters. When such metric 
ambiguity prevails, the notated meter is bound to 
designate one of the inherent meters at the expense 
of the other, which means that (excepting special 
cases) this prescribed metric organization should 
dominate over the other, merely latent. 
configuration when the music is played Finally, 
the inherent meter may be unmistakably indicated 
by the structural events, but the notated meter 
runs contmry to it, promoting events that lack 
structural emphasis to accents and relegating 
emphasized events to unaccented positions When 
such a conflict between notated and inherent meter 
is at hand, the notated meter, being 
counterindicated by the structure, turns strictly 
normative and demands to be supported by 
additional emphases in performance - otherwise 
the peculiar character of such passages will be 
destroyed. (For a more detailed discussion of this 
and related issues, cf. Edlund 1993a.) 
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Granting that the most effective cues for 
accent are already inscribed in the scores by the 
composers, what extra means do players have at 
their disposal to encode meter in perfonnance? 
The perfonner may of course use dynamic stress 
to signal metric accents. Another quite potent cue 
for meter is slurring. If, say, two notes are slurred 
together, the first of them will nonnally seem to be 
accented. But articulation differences can also be 
used when all nores are played detached from each 
other: tones that are held perceptibly longer than 
their neighbours may be heard as accents. Finally, 
when the note values are equal, the player can 
modify the time intervals between the onsets of 
consecutive tones, producing patterns in which 
relatively lengthened or shortened durations might 
function as cues for accent. 

These means for clarifying the meter are 
however not always at disposal: depending on the 
instrument in question certain kinds of cueing are 
not available. But since it seems possible to 
convey meter on all instruments, the various cues 
can probably replace each other or be used so as 
to enter into certain effective combinations. 

A vital aspect of phenomenal rhythm is 
grouping, and - no matter whether one considers 
notated structure or music-as-perfonned -
grouping and meter are to a great extent 
determined by the same cues: considering 
performance, upbeats beginning rhythmic groups 
may for instance, as may metric downbeats, be 
emphasized by means of dynamic stress. 
Rhythmic groups either coincide with the metric 
units or overlap them, but in any case the problem 
of sepamting the cues for meter from those that 
pertain to grouping is there. Thus, studying 
manners of encoding meter in perfonnance is also 
to some extent studying ways to express rhythmic 
grouping. And besides grouping structure all 
melodies of any interest have further traits that 
demand to be expressed - melodic departures, 
peaks and arrivals, as well as points of tension 
and release with respect to the implied hannony -
and this is again accomplished by these very same 
means: variations with respect to stress, 
articulation, and inter-note timing. (A recent study 
by Drake & Palmer (1993) is important since it 
undertakes to distinguish between cues deriving 
from metric, grouping, and melodic structure.) 
Two researchers, cf, Sloboda (1983 and 1985) 
and Talley (1989), have especially devoted 
themselves to the problem of meter in musical 
performance. Their contributions have been 
presented and discussed at some length elsewhere 
by this author, cf. Edlund (1993a and 1993b), 
making it superfluous to account for them in this 
brief report on an investigation that should be 
regarded as a differently realized complement. 
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Experimental procedures and remarks on 
method 
A comprehensive and detailed account for the 
procedures and methods involved can be found in 
Edlund (l993a); therefore the following 
presentation is restricted to main features of 
immediate relevance for this report. 

From J. S. Bach's output for clavier 
instruments 48 melodies, suitable for the present 
purposes and exhibiting a wide variety of tempos, 
rhythmic characters, and metric configurations, 
were selected for study Some of these melodies 
were metrically unequivocal, while others 
exemplified metric ambiguity or conflict between 
inherent and notated meter; by changing time 
signatures and/or bar-line positions melodies of 
the latter categories were renotated in order to 
bring out the latent metric organization and to 
distinguish the suppressed inherent meter from the 
notated, respectively. 

All metric variants (i. e., all original melodies 
as well as the modifications of them) were 
recorded by two professional pianists and further 
by two professional musicians equally versed at 
the piano, the harpsichord, and the organ. The 
material was sent to the performers who could 
study it and practice in advance as much as they 
wanted. At the recording sessions the original 
melodies and their metric reformulations were 
played in immediate succession. 

The task thus forced the performers to 
distinguish between the metric variants - and that 
clear metric distinction (in addition to a good 
musical interpretation) was desired, was 
furthermore pointed out in the instructions the 
wish to gain insights as to principles of metric 
cueing was the main interest When playing the 
harpsichord and the organ you can not vary the 
intensity, and from the piano and the harpsichord 
you can only get tones with decaying intensity. 
Thus the influence of three crucially different 
instruments on metric cueing could be studied. 
The reason for using the same two musicians for 
all three instruments was to isolate the factor of 
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instrument influence, to raise it above individual 
differences of interpretation - a factor that was 
brought to the fore by the fact that the material 
was played on the piano by four different 
subjects. 

All versions - of which the very last notes were 
taken away in order not to disclose the meter -
were then judged by eight highly qualified 
listeners. They were requested to identify the 
notated meter underlying the renditions, i. e., to 
decide which of two (or several) notations, 
differing with respect to time signature and/or 
bar-line positions, that best matched the music 
they heard. Cassettes were distributed and the 
subjects carried out the task as individual 
home-work. They were permitted to listen to 
difficult items as many times as needed in order to 
be certain - the subjects were requested not to 
guess and to mark versions that could not be 
identified. They were also asked to mark if any 
rendition seemed demonstratively metric in 
character. In order to prevent comparisons and 
attempts at "logical" conclusions, the sequence of 
versions on the cassettes was randomized, keeping 
renditions of the same or related variants widely 
apart. 

As also Talley (1989) reports, distinguishing 
between different metric variants of the same 
melody may often be a very delicate and 
bewildering task. Therefore the listening test was 
used rather as a supplement to the investigator's 
painstaking efforts to penetrate into the perceptual 
properties of the renderings. First he tried to 
positively determine the notated metric 
organization behind each version - it was of 
course completely impossible to remember the 
randomized sequence of all these versions - then, 
using the advantage of knowing which variant that 
was played in each instance and taking care to 
separate structural accents from emphases 
deriving from performance, he attempted to 
observe as many metric cues in the individual 
versions as possible. Finally, when the physical 
properties of the renderings had been ascertained, 
the versions were again listened to in order to 



establish the perceptual effects of the various 
perfonnance characteristics. 

The recordings were fed into a Synclavier n 
computer, which by means of digital analysis 
converted the acoustic signals to analogue 
registrations on paper. From these registrations 
plotting amplitude over time, data on all relevant 
perfonnance factors could be obtained, using the 
procedures described in Edlund (1985), though 
with some modifications to meet the present 
purposes. 

Turning first to the inter-onset timing factor, it 
was ascertained as follows. Exact inter-note time 
intervals, or Dii ("Duration-in-in") values, were 
measured with a ruler admitting an acuity 
equivalent to 5 ms. These values were then 
combined to fonn short overlapping patterns of 
two or three tones, ensuring that every duration 
was compared with the durations of the preceding 
and following tones. The patterns were classified 
as LS (long-short) or SL (short-long) - when 
dealing with three-note patterns the events were 
classified long, intennediate (0), and short - and 
patterns exhibiting substantial deviations, i. e. 
deviations from mechanical regularity exceeding 
or equal to 20 ms., were especially marked. 

Differences in articulation were also assessed 
by means of visual inspection, though without any 
exact measurement. Silences between slurred 
tones, if any, were noted, and it was also observed 
if these Doi ("duration-out-in") values were of 
different magnitude. In cases of detached playing 
the sounding portions of consecutive tones were 
observed. and conspicuous instances of patterning 
with respect to such Dio ("Duration-in-out") 
values were taken down as described above with 
respect to Dii values. 

Amplitude (A) differences were of course 
noted, and arranged so as to fonn overlapping 
patterns in a manner corresponding to that used 
for inter-onset proportions. The stress patterns 
were thus classified as IW (intense-weak) or WI 
(weak-intense) and among were marked 
occurrences of intensity differences manifestly 
greater than the others. In this work level 
differences less than approx. 1 dB were 
disregarded; a lower limit for pronounced 
differences in intensity can not be generally stated 
- the overall level varied between the versions -
but level differences below 4-5 dB were seldom 
judged to be substantial. 

The scoring of listening test was quite simple. 
For each version was taken down the number of 
correct identifications in relation to the number of 
judgements delivered. 

As is apparent from the designs of both the 
perfonnance experiment and the listening test, the 
main concern was to study metric cueing in 
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perfonnance in a wide variety of musical 
situations, and to find out when such cues (in 
concurrence of course with the metric cues 
residing in the composed structure) convey the 
notated meter correctly. 

This means that the design of the investigation 
was not primarily devised to meet statistical 
requirements of representativity, generalization 
and significance testing. And the results were 
neither established by calculations across different 
measures within versions nor across versions of 
the same variant as played by different musicians. 
Such calculations might in fact sometimes be 
questionable, since the musical structure upon 
which the perfonners' metric cues are 
superimposed is bound to be more or less 
variable, and since the players' intentions with 
respect to such things as rtlythmic grouping and 
melodic expression are unknown and may be quite 
different. The approach when gathering the results 
was basically qualitative, taking account of the 
musical structures at hand. and starting from the 
properties of individual versions, the process of 
generalization proceeded cautiously step by step. 
carefully avoiding undue clustering of data of 
possibly heterogeneous origin and import, and 
noting manners of execution that tended to turn up 
frequently in meaningful ways. 

Results and discussion 
Since the material is far too great, the outcome 
can not be presented in all its detailed entirety 
within this brief account. Instead some 
observations on the versions of one melody and its 
variant will be presented, and from this specimen 
we will tum directly to the highest level of 
generalization, advancing some trends present in 
the perfonnances at large. The structure of 
Melody 26A is inherently ambiguous since it also 
lends itself to the metric interpretation 26B. In 
measures 1 and 4 of the original melody the 
semiquavers give rise to upbeat groups, while in 
measures 2-3 downbeat grouping gains the upper 
hand. In the variant 26B, on the other hand, the 
semiquavers bind the quavers as afterbeats to the 
preceding accents, and the melody emerges as a 
series of patent downbeat groups. 

In measures 1 and 4 of both variants the 
quavers (irrespective of whether they were 
downbeats or afterbeats) practically always had 
lengthened Dii values. In 26A the pianists most 
often stressed the downbeat quavers: in 26B the 
initial, downbeat semiquavers were frequently 
loud. The downbeat quavers in 26A were often 
played with long Dio values, while the afterbeat 
quavers in 26B were always short. One subject 
tended to slur the first two semiquavers in each 
group in 26B. 



Turning to measures 2-3 the quavers after the 
bar-lines were always stressed, and so were 
(except in one case) the fourth quaver in 26A and 
the downbeat crotchet in 26B. (In two cases the 
off-beat crotchet in 26A - being a syncopated note 
- was also played loudly.) In both variants the 
crucial first quaver of the bars nearly always had 
long Dio values. No overall tendency could be 
detected as to the Dii patterning: a few versions 
featured short initial quavers. however. 

In this melody aspects of Dio patterning 
proved to be particularly effective as cues for 
meter. A few notes that often were crucial with 
respect to correct identification are marked with 
asterisks. 

Dynamic emphasis (IW patterning) was often, 
and on some occasions in a rather demonstrative 
way, used as cue for meter by the pianists. On the 
other hand, unaccented notes were frequently also 
loud, and in some cases - notably when these 
stresses could not reasonably be heard as cues for 
upbeat grouping - off-beat dynamic emphases 
apparently mislead the listeners into hearing 
wrong bar-line positions. 

The harpsichordists and especially the 
organists (being the same two persons in this 
investigation) consistently used slurring to express 
the meter. Bringing out groups, congruent with 
and thus supporting the metric units, by means of 
articulation was an extremely effective cue, and 
though slurring may be taken to be a considerable 
interference, it very seldom seemed demonstrative. 
Slurring was much more sparingly used by the 
pianists - this observation holds also for the two 
multi-instrumentalists when they played the piano 
- who generally preferred to render the variants 
legato throughout. 

When playing series of notes in detached 
articulation, the performers frequently patterned 
the Dio values so as to express the meter. To 
distinguish accented notes from unaccented ones 
by giving them longer effective duration is 
evidently related to (but most likely less definite 
than) using slurs as a cue for meter, and some 
versions featured border-line cases between 
slurring and LS Dio patterning. 

Turning to the inter-note timing, in fast and 
medium fast sequences of equal note values 
metrically co-ordinated SL Dii patterns were 
significantly more frequent than LS patterns, and 
quite consistent SL patterning occurred in many 
versions, contributing to correct identification of 
the meter even when the durational inequality 
involved was little pronounced. However, one of 
the pianists rather favoured LS Dii patterns, and 
one of the organists sometimes quite 
demonstratively emphasized strong metric 
positions by means of substantially lengthened Dii 

values It thus appears that both positive (LS) and 
negative (SL) inequality can be used as cues for 
meter, and that the choice seems to depend on 
tempo, the Ihythmic character in view, and 
perhaps also on personal playing style 

LS as well as SL Dii patterning were fairly 
often supported by IW stress patterns in the piano 
versions, but it should be observed that SL 
patterns were used as, and worked as, cues also 
without this support - in order for SL patterning 
to function properly as cue for meter, good 
agreement with inherent accents seems to be the 
crucial point 
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Confronting listening experience with the 
evidence of the registrations, it could frequently be 
noted that the first slurred event, lengthened Dio 
values and prolonged as well as shortened Dii 
values were not only heard as cues for accent, but 
also misheard to be dynamic emphases. 

Even when fairly substantial and consistent 
metric cues were present in renderings of variants 
of ambiguous melodies or of melodies featuring 
conflict between inherent and notated meter, the 
latent or suppressed meter could sometimes be 
heard instead of the correct notated metric 
organization - a fact that testifies both to the 
strength of the inherent meter and to the 
importance of the listener's mental set. 
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Static and dynamic model of musical intonation 
JFyk 

Abstract 
This study deals with the static and dynamic model of musical intonation as regards violin performance. The 
paper consists of two parts. In the ftrst part, a historical review, presented are the factors which led to changes in 
aesthetic attitudes at the fall of the 18th and 19th centuries, securing thus favourable conditions for the close 
relationship between intonation and high artistic expression in musical performance to occur. In the second part 
which concerns the dynamic model of intonation, discussed are the research fmdings from four experiments 
focused on intonation in violin playing, carried out by the present author and other researchers. In Experiment I 
two excellent violinists performed a melodic sequence composed of two short melodies. The musical material was 
recorded monophonically. The measurement methods were selected in line with the subdivision of the envelope 
and reflected the dynamic character of musical tone. The frequency of the fundamental partial was calculated by 
measuring the deftnite number of tone periods. The period duration was measured using computer programmes 
in Turbo-Pascal, especially designed for that purpose. In Experiment II twenty four music students listened to and 
judged the size of augmented fourth and the size of diminished flfth in each of ftve performances of two melodies 
from Experiment 1. Three-grade rating scale was used. 
It has been shown that there is a feedback in violin playing wich forms intonational relations and affects the 
perception and assessment of interval size in a melodic context. The above factors and a phenomena verify and 
confmn the dynamic model of intonation. It is remarkable that the results from former research in violin 
intonation also justify the above mentioned model of intonation. 

1. Introduction 
From ancient times till more or less the 18th 
century, music was subjected to purely objective 
speculations. Beauty in music was assessed in 
terms of general criteria such as hannony, order, 
proportion and number. It was Pythagoras who 
discovered the relationship between the natural 
numbers and the hannony of tones when stating 
that instrument strings truly hannonize if the 
relationship of their lenghts is a ratio of simple 
numbers. 'This idea established the foundations for 
musical concepts for over 2.500 years which 
followed. Subjected to numbers and proportions, 
music revealed thus a great many secrets of 
beauty. The theory of beauty considered in terms 
of ideal proportions concerned not only music for 
it was thought to apply to the whole universe. The 
Pythagoreans believed that even the sound 
produced by the rotation of stars was hannonious 
and this gave rise to the assumption that the whole 
nature could be described in mathematical terms 
only. In the course of history, there was a belief in
the existence of a universal model of intonational 
justness, represented by numerical relationships 
between interval tones in the Pythagorean system, 
and beginning from G. Zarlino - termed as just 
intonation. 
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2. Static model of intonation 
In treatises on violin playing published at the 
beginning of the 18th century, we can find 
fingering charts of violin instruments on which, 
with mathematical precision, marked are the tones 
to be produced on each string. One of the best 
known charts is the diagram by Peter Prelleur 
which served as a model in the control of just 
intonation [Prelleur, 1730/1965]. The diagram 
measurements performed by Boyden in our times 
point out that tones marked on Prelleur's 
fingerboard referred to the just intonation: major 
whole tone equal to 204 cents, and minor whole 
tone - to 182 cents. Boyden found that Prelleur's 
diagram comprised four kinds of semitones, two 
kinds of minor seventh and so-called "bad fifth" 
between F-sharp and C-sharp (the size of 679 
cents) instead of pure fifth equal to 702 cents 
[Boyden, 1951]. Thirty years later, Prelleur's 
treatise strongly affected the ideas expressed by 
Francesco Geminiani in his handbook for more 
advanced violin players [Geminiani, 1751/1952]. 
Giuseppe Tartini, an Italian violinist and 
theoretician of music, also spoke in favour of the 
static model of musical intonation. Approving of 
the mathematical proportions as Descartes defined 
them, Tartini jeered at and ridiculed everyone who 



believed that universal laws of music might lean 
on subjective feelings, mastery or art [planchart, 
1960]. Tartini claimed that just and at the same 
time perfect intonation was the product of 
universal laws of music as he himself understood 
them in his dissertation "De' principj dell'annonia 
musicale contenuta nel diatonico genere". His 
static model of intonation was consistent with the 
principles assumed by him a priori and stood in 
contrast with the type of musical expression 
characteristic of the violin music of the 18th 
century. 

Preference for the static model of intonation 
can still be found in violinists of the 19th century. 
In 1850, Fetis noted that Beriot, a great violin 
master, put his finger exactly at the same place on 
string D so as to produce E, both in C-major and 
in D-major [Esbroeck, Monfort, 1946]. From 
Helmholtz's research findings it follows that 
Joseph Joachim, a Hungarian violinist whose 
artistry Helmholtz admired, produced perfect 
major thirds even in melody. According to the 
hannonic division of the tone, labelled as 
"natural", they based on the frequency ratio of 
4:5. Moreover, the sizes of his sixths 
corresponded to the sizes of these intelVals in the 
overtone series. Helmholtz also found that singers 
intoned natural intelVals as well [Helmholtz, 
1863/1954]. Still, 36 years before Helmholtz, 
Delezenne came to another conclusion. For him, 
the model of perfect intonation was based on the 
relationships between tones in the Pythagorean 
scale [Esbroeck, Monfort, 1946]. In the 19th 
century, the Pythagorean scale was also treated as 
a model of perfect intonation by such researchers 
as Ritter, Cornu and Mercadier, Steiner and 
Jonquier [Esbroeck, Monfort, 1946]. 

The static model of intonation found its 
representations both in the Pythagorean and in the 
"natural" ideals of perfect intonation, almost 
accounting for a myth of "pure" intonation, i.e. the 
intonation in which relationships between intelVal 
tones corresponded to strictly determined 
mathematical proportions. The myth of "pure" 
intonation was abolished by performers 
themselves and the greatest merit in that respect is 
due to Carl Flesch [1923/1960; 1928/1964]. 

3. Dynamic model of intonation 

3.1. Expressive purity as a component of 
artistic performance 
Changes in aesthetic attitudes caused by greater 
importance ascribed to the element of artistic 
expression secured favourable conditions for the 
hannonious interaction between intonation and 
other musical elements, especially the aesthetics 
of tone quality, in service of the final artistic 

achievement It was found that the technical side 
of playing instruments without fixed tuning, the 
bowed string instruments first place, allowed 
innovations like these to be introduced Therefore, 
to eliminate differences in tone quality between 
strings shortened and non-shortened by fingers, 
the usage of the latter ones was limited When 
passing from one position to the other, the 
application of portamento in the manner of 
perceived glissando became more frequent. 
"Swell" vibrato was replaced by continuous 
vibrato. The approach taking into account 
psychoacoustic and physiological foundations of 
perception gained in importance and replaced 
formerly applied machanical control of intonation 
accuracy. As it had never occurred before, 
intonation became commonly associated with the 
interpretative side of musical performance, correct 
at least if not of high artistry. In the first half of 
the 20th century, intonation qUality became an 
indispensable component of artistic performance 
in all music [Flesch, 1923/1960; 1928/1964]. 
Soon after, Pablo Casals devised his principles of 
"expressive purity". The term denotes the 
formation of intelVal sizes as regards their 
functions in the scale and the intonation of tones 
in agreement with their gravitations [Corrector, 
1955/1971]. Expressive purity selVes to enforce 
the musical expression. It suits the purpose to 
display aesthetic nuances of a piece of music and 
enhances the dynamics of expression. Expressive 
purity has become the ideal of perfect intonation 
among musicians nowadays. 
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3.2. Results from recent investigations of 
violin intonation 

3.2.1 Experiment 1: Intonation of melodic 
sequences in violin performance 
Procedure 
Two excellent violinists were asked to perform on 
their own instruments a melodic sequence 
composed of two four-tone melodies. Melody I 
beginning with an augmented fourth and Melody 2 
with a diminished fifth. Either of two violinists 
performed two versions - legato and vibrato, 
legato without vibrato - of the melodic sequence 
five times. The staff notation of the melodic 
sequence is shown in Fig. 1. 

Results and conclusions 
From the analysis of sizes in particular 
performances of augmented fourth in Melody 1 a 
conclusion can be drawn that the size of factually 
performed intelVal determines the size of the 
successive intelVal in agreement with the 
dependance: the larger the size of the first intelVal, 
the smaller is the size of the successive intelVal. 



Melody 1 
#4 m2 m6 

Melody 2 
511 m2 M3 

D···· ········································ 

C:IV VII VIII III G: VII IV III I 

Figure 1: The staff notation of the melodic 
sequence, including the intervallic structure 
of Melody 1 and Melody 2. Roman numerals 
denote degrees of the major scale. 

Total negative correlation in this respect can be 
observed in Violinist 1, the melody without 
vibrato perfonned five times. In Melody 2, since 
the movement direction of the second interval as 
regards the first one, i.e., diminished fifth, was 
different, the smaller size of diminished fifth 
corresponds, respectively, to the smaller size of 
minor second, and vice versa. Such 
interdependence can be found in all perfonnances 
of Melody 2 by Violinist 1, both with and without 
vibrato (see Table 1). 

The strength of these interrelationships is 
demonstrated by the computed regression lines 
presented in Table 2. 

The relationship in which the size of factually 
perfonned interval affects the size of the 
successive interval may be tenned as intonation 
feedback. 

The tendency to increase the size of augmented 
fourth and to decrease the size of diminished fifth, 
ascribed to these intervals respective of the model 
of tonal gravitations, can mostly be observed 
when there occur relations between augmented 
fourth and minor second, and between diminished 
fifth and minor second, expressed by size 
interdependencies between both the intervals. This 
interrelationship determines the size of 
intonational variants of the intervals under 
investigation in given melodies. 

3.2.2 Experiment II: Perception and size 
judgement of augmented fourth and 
diminished fifth in a melodic context 

Procedure 
Subjects in the present experiment were 24 
second-year students from Academy of Music in 
Warsaw who were asked to listen to the 
perfonnances by Violinistl and Violinist 2. Their 
task was to judge the size of augmented fourth in 
each of five perfonnances of Melody 1 and the 
size of diminished fifth in each of five 
perfonnances of Melody 2 from Experiment I. 
Moreover, they were asked to compare the size of 
the interval they factually listened to with the 
preconceived ideal image of the size of this 
interval respective of the model of tonal 
gravitations acquired through training. Three
grade rating scale was used in which "-1" stood 
for the interval size a little too small, "0" - a 
variant of ideal size, and "+ I" - the size a little too 
large. The sequences of both the melodies were 
presented to the subjects in the same order in 
which they were perfonned by the violinists in 
Experiment I. There were five judgement sessions 
with intervals of a week or two. 

Results and conclusions 
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In augmented fourth, a great many subjects 
responded in favour of the variant of 610 cents 
and 608 cents, approximating the Pythagorean 
size of this interval equal to 612 cents. In 
diminished fifth, most subjects favoured the 
smallest sizes, i.e. 591 and 595 cents, more or less 
approximating the Pythagorean size of this 
interval equal to 588 cents. 

Subjective judgement of the interval size in a 
melodic context is the result of assessing the size 
of factually perceived interval and the size of 
successive interval. Hence the size judgement 
assumes the fonn of interpretation of this size in a 
wider context. Support for such assessment 
mechanisms can be found in the Gestalt 
psychology. "Gestalt", the key concept of this 
branch of psychology, determines the result 
attained by organism which is the product of the 
process of perception. Making use of the 
terminology from Gestalt psychology, the object 
of estimation in the experiment was a 
"configuration" composed of augmented fourth 
and minor second or of diminished fifth and minor 
second 

The wrong size sensation that the 
configurations composed of augmented fourth and 
minor second or of diminished fifth and minor 
second evoke as a whole becomes a source of 
intonational illusions, i.e. the error in size 
perception of the interval constituting a part of the 



Table 1: Interval sizes in particular peiformances of Melody 2. Violinist 1 and Violinist 2 
peiformed the melody five times with vibrato and five times without vibrato. The 
peiformances are arranged according to the increasing sizes of the first interval. 

Interval size in cents 

Manner of 5p m2 M3 51:> m2 M3 
performance 

Violinist 1 Violinist 2 

591 -81 -410 593 -67 -407 
601 -82 -404 604 -89 -400 

with vibrato 605 -88 -414 606 -101 -407 
607 -96 -383 608 -87 -395 
609 -105 -403 610 -86 -400 

595 -84 -405 594 -84 -403 
603 -89 -409 605 -94 -389 

without vibrato 610 -92 -411 613 -90 -405 
616 -92 -405 615 -95 -396 
632 -121 -398 618 -93 -397 

Table 2: Computed regression lines for deviations in size of: (1) the second interval of 
Melody 1 and Melody 2 from equal temperament in relation to the size of the first interval of 
a given melody; (2) the third interval of Melody 1 and Melody 2 in relation to the size of the 
second interval of a given melody. N = 10 peiformances. A, B - estimators of regression 
coefficients, SD a. - standard deviation of the regression constant, SD ~ - standard deviation 
of the regression coefficient, r - correlation coefficient, p - significance level. 

Intervals and manner 
A B SD~ SD9 of performance 

r p 

Melody 1 

#4 and m2 with vibrato -0.87 -1.82 0.26 3.07 -0.77 0.01 
#4 and m2 without vibrato -0.61 7.88 0.34 3.85 -0.53 ns 
m2 and m6 with vibrato 0.26 -2.78 0.26 3.48 0.32 ns 
m2 and m6 without vibrato 0.37 6.35 0.25 2.30 0.46 ns 

Melody 2 

5band m2 with vibrato 1.18 -15.70 0.41 2.86 0.71 0.02 
5band m2 without vibrato 0.77 -14.29 0.17 2.53 0.85 0.01 

m2 and M3 with vibrato -0.22 - 0.21 0.28 4.32 -0.27 ns 
m2 and M3 without vibrato -0.23 0.35 0.22 2.59 -0.35 ns 
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} 1. J 
m2 #2 

size in cents 

79 

80 
85 

96 
99 

333 

317 
333 

278 

304 

N=5 

r = -0.77; p = 0.13 

Figure 2: The opening bars of Violin Concerto in A-minor Op. 82 by A. Glazunov and the size 
of the minor second (m2) and augmented second (#2). Given are values of correlation 
coefficient (r) and significance level (p). 

larger perceptual entity. The source of this error 
may have been the listener's psychic orientation in 
agreement with the musical quality of the inteIVal 
which was formed by the laws of tonal syntax. 

In the case of approximating the sizes of 
augmented fourth and diminished fifth to the sizes 
of these inteIVals in the equal temperament the 
strength of intonational illusions gets weaker. This 
judgement correlates with an earlier conclusion by 
Shackford [1961; 1962], namely that the equally 
tempered tritone remains beyond the feeling of the 
power of resolution. When intonational illusions 
does not occur, preference is given, in augmented 
fourth, to the size larger and, in diminished fifth, 
to smaller than the sizes of these inteIVals in the 
equal temperament. 

The technique of melody performance, with or 
without vibrato, has no effect on inteIVal size 
judgements. 

4. Evidence from former research m 
violin intonation 
Justifying the Dynamic Model of 
Musical Intonation 
From the research in violin intonation carried out 
by Rabinovitch [1932] it follows that the musical 
intonation is of a dynamic character. Rabinovitch 
performed an oscillographic analysis of the five 
initial bars of Alexander Glazunov's Violin 
Concerto in A-minor Op. 82 played by J. 
Rabinovitch (2 performances), M. Karevitch (2 
performances) and I. Yampolsld (l performance). 
The staff notation of the first bar is shown in 
Fig. 2. 
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Determined by Rabinovitch, the sizes of the 
minor second and augmented second which form a 
characteristic melodic sequence point to the 
interrelationship between the sizes of both 
inteIVals. And this proves of the feedback and its 
corrective effect during the perfonnance. 
According to Rabinovitch "musical system is a 
statistic notion". Moreover, he claims that the 
equally-tempered system is "a dead pattern of 
absolutely equal inteIVals, the crowning of the 
scholastic concept of musical temperament" 
[Rabinovitch, 1932: 27]. 
A support for the dynamic model of intonation 
can also be found in Garbuzov's research findings 
[1948]. In his study Garbuzov analyzed 
commercial recordings of three violin 
performances of the twelve initial bars of the Air 
on the G-string from Suite No 3 by Bach
Wilhelmj done by M. Elman, E. Zimbalist and 
D. Oistrakh. Using a chromatic stroboscope 
Garbuzov determined the sizes of the successive 
inteIValS of the melody. He demonstrated that the 
octave encompassed twelve inteIValliC zones. 
Relying on this, Garbuzov assumed that the 
violinists adopted a twelve-wne tuning system for 
the Air. 

The staff notation of the musical material 
analyzed by Garbuzov and the values of a 
regression coefficient for some adjacent inteIVals 
are shown in Fig. 3. 

Calculated from the data of six performances, 
the coefficient points to the corrective effects of 
feedback. And this is a further argument in 
support of the dynamic model of intonation. 
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p = 0.21 

Figure 3: Four initial bars of Air on the G-string from Suite No 3 by Bach-Wilhf!lmj a.,nd the 
values of the regression coefficient (r) and significance level (p) for the gIven sIzes of 
adjacent intervals. 

5. General Conclusions 
Dynamics of the process of pitch perception and 
interval size judgement finds its full support in the 
dynamic model of musical intonation in relation to 
both - performance and the organization of 
perception. Contrary to the static model of 
intonation, this one enables the adequate meaning 
and inteIpretation of intonational nuances and the 
deviations of intervals from their rigid sizes. fu 
this model a greater or lesse similarity between the 
size of a given interval and its value in the 
Pythagorean system, equal temperament or just 
intonation is a secondary phenomenon, the effect 
rather than cause. The dynamic model of 
intonation, propounded in this study, leads to 
better understanding of the music perception with 
respect to the process of both forming intonation 
and perception. Two of them rely on the previous 
auditory experiences, i.e. the skills and abilities 
due to ear discrimination and the perceptual 
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habits. These learned conventions attribute a 
logical character to the relationships between the 
sizes of adjacent intervals and make them 
understandable. 

According to the dynamic model of intonation 
the tonal structure affects the intonation of tones. 
It means that intonation reflects to a certain 
degree the relations between tones as the scale 
degrees. The dynamic character of intonation 
revealed when the successive pitches are shaped 
within melody is evidenced by feedback of 
intonational links. Such intonation feedback is 
stronger in the case of these intervals to which 
particular importance is attached by the 
performers. 

The dynamics of intonation in relation to the 
organization of perception is suggested by the 
occurence of intonational illusions. futonational 
illusion, i.e. erroneous perception of the interval 
size which forms part of a larger perceptual 



whole, proves that certain musical structures are 
perceived as indivisible entities. At the same time 
such errors indicate that the listener develops 
expectations as to the size of the next intervals. 
These expectations meet the psychological need of 
a distinct shape (good configuration) and reflect 
the action of the principle of good continuation. 
Intonational illusions prove that from the musical 
point of view - according to the opinion of a 
Soviet violin teacher expressed much earlier -
"one should consider as the simplest elements of 
pure intonation not any pure intervals regarded in 
isolation but purely performed melodic-hannonic 
wholes of the simplest type, containing at least 2 -
3 intervals in their course or consonances" 
[Lesman, 1934 : 37]. The above quotation proves 
that also in the case of the dynamic model of 
intonation suggested in this study, musical 
practice and musicians' intuition were ahead of the 
theory. 
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"Parmi veder Ie Iagrime". 
One aria, three interpretations 
F Fjjdermayr & W A Deutsch 

Abstract 
Three interpretations of the famous aria from Verdi's Rigoletto are analysed with the aim of digital equipment. 
The analysis concerns various dimensions of performance such as timing microstructure, dynamic, intonation, 
timbre, registers, vibrato etc. and attempts to derive a characterization of each performance. Considering the 
content of the opera and of the aria, a hypothesis of an conscious or unconscious idea (concept) of interpretation 
which guides possibly each performance should be formulated. 

It is a well-known fact that the effect of a musical 
composition depends not only on the musical text 
but is essentially affected by the manner of 
performance. This is why we always speak about 
a musical composition and its performer. TIlls is 
true also in the case of the famous aria of the 
duke, "Parmi veder Ie lagrime" in Verdi's 
"Rigoletto" at the beginning of the second act. In 
this aria the duke deplores the loss of Gilda, who -
as it seems to him - the only one who could set his 
heart on fire with the flame of true love. To 
investigate how different renowned singers 
perform this aria might be enticing but a very 
difficult task. 

Indeed a general and superficial valuation can 
be drawn easily by merely listening repeatedly to 
different performances - in our case of three 
singers, Ferruccio Tagliavini (Dino Classics, 
Fonit Cetra CD 9075122. Rec.1954), Alfredo 
Kraus (RCA GD 86506. Rec.1963), and Luciano 
Pavarotti (Decca 425 864-2 DH2. Rec.1988). It 
seems that FT uses register differences and strong 
dynamical variations. AK. interprets the aria with 
a strong rubato in combination with subtle shades 
of dynamics, and LP sings the aria from the 
beginning to the end with his splendid Belcanto 
voice. Such a general and superficial assessment 
will be unsatisfying. On the contrary, it is 
necessary to go further into details. 

In the case under investigation it is particularly 
important to ask how several singers conceive the 
part of the duke. Do they consider the duke a 
character who is capable of deep and sincere 
feeling or is he a libertine incapable of genuine 
love. So they perform the aria according to their 
assessement. Or is the singer simply convinced 
that the aria was composed in order to give him 
the possibility of demonstrating his bravura? Does 
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the tradition of a particular school of singing 
influence the performance? 

The pursuit of such questions requires the 
examination of many details and thus makes such 
a study very time consuming. So we would like to 
show in our paper with some examples only the 
methodological approach and to hint at some 
possible answers. 

In general there are three approaches for such 
an inquiry, 1) Listening the renditions and 
analysing what seems to be characteristic; 2) 
Considering the parameters a singer has at his 
disposal to perform a composition and then 
analysing all these points one after another. 3) -
and this is the method we have chosen - a 
combined analysis: that means, taking into 
consideration the possible parameters and at the 
same time comparing the individual musical 
segments of the composition by listening to the 
various interpretations. So, a constant correlation 
of data of measurement with the perception is 
guaranted and we are not in danger of forgetting 
the musical question one wants to examine. 
Parameters for the analysis are: attack, release, 
transition from one to another tone, timbre as a 
consequence of the spectral characteristics such as 
registers and formants and other subtleties of 
timbre, modulations of the steady state of a tone, 
particularly vibrato, dynamics, timing macro- and 
microstructure, intonation, pronounciation. 

As a first step of the study the three 
performances of the aria and the preceding 
recitativo have been transferred to our digital 
workstation (S_ TOOLS) and divided into musical 
segments. The three versions of each segment 
were then arranged, one after another, so that they 
could easily be compared by listening. The 
duration of the elements of each segment was 
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Figure 1: Performance profile of the beginning of the aria. Some similiarity can be found 
between FI' and AX. 

determined by means of spectrograms. This 
procedure was facilitated by the fact that our 
worlcstation allows us to move the cursors of the 
screen in steps of a few milliseconds and hearing 
the sound simultaneously. Besides this there is a 
screen window with a waveform magnification. 

For studying the subtleties of timing the 
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application of the method of performance profiles 
developed in Sweden (Bengtsson & Gabrielsson 
1983:31 ff.) would be reasonable (Fig. 1). The 
profiles at the beat level show some similarity 
between Ff and AK. LP's profile differs. But 
there are only few segments in our aria that are 
performed without any variations in tempo. In 
most segments - and this is particularly 



LP 

e-1..k - e - voria.. kol a.. - 1'\ i-ma. - fa. - - r-t{kvaltJu. - Prea.,- - ta.-

Figure 2: Example of a musical narrow transcription. First line: the notation from the score. 
Below the three interpretations. 

Figure 3: Musical na"ow transcription of 
the beginning of the aria. 

true for the recitativo - tempo is changed every 
second or even every measure. So it does not seem 
to be reasonable to use the method of performance 
profiles in such cases. Hence we prefer to 
transform the measured time values in a musical 
narrow transcription (Fig. 2 as an example). llis 
method allows us to examine the aria as a whole 
and to interpret the data immediately according to 
the musical questions. 

Now let's return to the segment mentioned first 
(Fig. 3). All three singers articulate the Irl very 
clearly, most clearly AK. That fits with the 
tendency of this singer to articulate clearly, even 
to the point of almost approaching parlando in the 
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recitativo despite the requirements of Belcanto. 
Ff and AK include the consonat Irl in the first 
beat, LP stretches the beat with his articulation of 
the Ir/. Besides he begins the first tone with an 
upward slide and finishes by clipping the last tone 
(Abschnappen in German). The triplet is stretched 
by Ff, performed rather metronomic ally exact by 
AK and dotted bei LP. The dotted figure in the 
second measure is not performed according to the 
notation by any of the singers. LP achieves the 
closest approximation. 

By means of spectrograms we can view other 
aspects of the same segment which are of course 
then included in the narrow transcription: Ff and 
AK sing the phrase in piano and mezzoforte, Ff 
(Fig. 4) maintains the same level and uses the 
middle register until the word /lagrime/, where re 
changes to chest voice, AK (Fig. 5) switches 
between mezzoforte and piano and sings the whole 
phrase in chest voice. Only at the syllable Ipa/ is 
there a tendency to middle voice. 

The analysis of the performance of this 
segment gives a hint to the comprehension of the 
part of the duke by the two singers. Apparently 
they understand the duke as a twofold character 
and perform the aria accordingly. Though a 
notorious seducer, his affair with Gilda seems to 
have touched some genuine feelings in him and 
therefore it makes sense to use a soft chest voice 
or middle register at these points as the expression 
of tenderness. This tendency is also obvious in 



other similar places as will be demonstrated now. 
Ff uses the middle voice to express the regrets 

of the duke in not being able to help Gilda when 
she was kidnapped (Fig. 6), AK uses a soft chest 
voice (Fig.7). This performance characteristic can 
be seen most clearly in the last two tones of the 
aria (Fig.8-10). In the case of Ff it is enhanced 
by the use of falsetto. LP finishes the aria in chest 
voice and fortissimo. This singer also performs 
the two other segments just mentioned in forte or 
fortissimo chest voice, and that is an indication 
that he has a different conception of the part of the 
duke as well as of the aria. However that does not 
mean that this singer does not vary his expression. 
For example it seems to us that the regret that re 
was not able to prevent Gilda from being 
kidnapped, is expressed by a subtle shade of the 
vowel quality (Fig. 11). As the spectrogram and a 
filtering shows, the modification of the vowel 
quality is made by a reduction of intensity of the 
1. Formant and by a high antiformant 

After having analysed all musical segments of 
the recitativo and the aria in the sketched manner, 
one must examine how other arias in the three 
recordings are performed according to their 
content by the three singers and compare the 
results. In this way we hope to be able to derive a 
performance characteristic of each of the three 
singers. Moreover it would be interesting to show 
how one and the same singer performs the aria at 
different times. But that will be the subject of 
another study. 
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Figure 7: Use of a soft chest voice by AK for the expression of regret. 
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Figure 8: The last two tones of the aria as performed by FT: soft falsetto . 
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Figure 9: The last two tones of the aria as performed by AK: soft chest voice. 
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Figure 10: The last tow tones a/the aria as performed by LP: strong chest voice. 
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Intention and emotional expression 
in music performance 
A Gabrielsson 

Abstract 
Music is often said to be "the language of emotions". Elaborating on this theme, Susanne Langer postulated an 
isomorphism between the structure of feelings and the structure of music. "music sounds the way moods feel" . 
The emotional character of a piece of music depends on its structure with regard to pitch, dynamics, rhythm, 
melody, harmony, tempo, and other parameters. However, the emotional character is also achieved by 
manipulating the microstructure in the performance according to unwritten principles. A series of experiments 
were conducted, in which musicians performed monophonic pieces on their instruments (violin, flute, electric 
guitar, synthesizer, singing) with different prescribed intentions concerning the emotional expression. Each piece 
was thus performed so as to sound "happy", "sad", "solemn", "angry", "soft", and "without expression". As 
expected, the microstructure concerning timing, dynamics, and intonation displayed various "deviations" and 
other features in accordance with Langer's general hypothesis. The use of these features were also confirmed by 
the performers in interviews afterwards. 

Introduction 
Every perfonnance of music involves some kind 
of intention, more or less conscious, concerning 
the proper way of rendering the music its 
appropriate expression. The perfonner may try to 
understand and realize a composer's intentions, or 
he may want to put on his own stamp on the 
music. Differences in intentions are one of the 
main reasons why a musical score may be 
perfonned differently by different perfonners or 
why the same perfonner may perfonn a piece 
differently on different occasions. Therefore, any 
study or model of music perfonnance has to take 
the intention with the perf()nnance into account 
when analyzing and interpreting the results. 

A fundamental part of the intentions concerns 
the emotional expression. One of the theories on 
music and emotion claims that there is a 
fundamental isomorphism between the structure 
of music and the structure of feelings (Langer, 
1957); in Winner's (1982, p. 211) words: "Music 
sounds the way moods feel". This fonns the 
general theoretical background for the research 
descibed here; see further Gabrielsson (in press). 

With regard to perfonnance the isomorphism 
principle may be stated as follows: The perfonner 
should structure the music in such a way that it 
resembles as closely as possible the structure of 
the feeling(s) that he thinks the music is intended 
to express. The means for achieving this are the 
usual ones: tempo, dynamics, phrasing, 
intonation, timing, articulation etc, at macro- as 
well as micro-structural levels. 
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Methods 
In a series of ongoing experiments we study how 

the perfonnance of short monophonic pieces of 
music is affected by different instructions 
concerning their emotional character. Some pieces 
are well-known and usually perfonned by heart, 
others are less known or newly composed and 
therefore given in a score. Triads and various 
rhythm patterns are included as well. The 
instructions tell the perfonner to play (sing) the 
piece in different versions so as to sound "happy", 
"sad", "solemn", "angry", "soft/tender", and 
"without expression". He must keep the pitches in 
the piece, but otherwise he is free to do whatever 
he wants in order to generate the prescribed 
emotional character, e.g., vary the tempo, 
dynamics, rhythm, articulation, phrasing etc. 

Presently ten musicians, almost all of them 
professional, have participated using the violin, 
the flute, the electric guitar, the synthesizer, and 
singing. The perfonnances are recorded and 
stored in computer memory and analyzed using 
different sampling systems. listening tests are 
perfonned in order to see whether listeners 
perceive the intended emotional characters. 

Some results 
This presentation is limited to a few examples 

from the perfonnances·on the flute and the violin. 
Parts of the results from perfonnances with the 
synthesizer appeared in lindstrom (1992) and 
with he electric guitar in Justin (1993). 
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Figure 1: Amplitude envelopes for different 
perjonnances of a D major triad. 

The first example refers to perfonnance of ;} 
major triad. A violinist was asked to play a triad 
jn D major CD -F sharp - A) with this Ihythm: 

J }J 
: nd so that it would so' nd happy, sad, solemn etc. 
His perfonnance can be heard in Sound Example 
1. The corresponding amplitud;~ envelopes appear 
in Figure 1. 

It is apparent that: 
(a) The tempo is most rapid for the happy and 
angry versions, slower for the soft/tender, solemn, 
and sad versions. 
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(b) The sound level is loudest for the angry and 
solemn versions, softest for the soft/tender 
version. In the sad and soft/tender versions the last 
tone is softer than the preceding ones and decays 
slowly. 
(c) The dotting is performed much sharper in the 
angry and happy versions (the ratio between the 
dotted quarter note and the eighth note is about 
7.6:1 and 5.5:1, respectively) than in the sad, 
soft/tender, and indifferent versions (all with 
ratios about 3:1). In the solemn version this 
performer made no dotting at all but made all 
three tones about equally long. 
(d) The tone onsets are very abrupt in the angry 
version, rather rapid in the happy version, but 
slow in the sad and soft/tender versions. 
(e) The articulation is on the whole legato-like, 
except between the first and second tones in the 
angry version. 
(t) The amplitude contour shows some amplitude 
vibrato now and then. Frequency vibrato appears 
as well (not seen in the figure). The expressionless 
version is performed without vibrato and with a a 
"cold" timbre. 

The second example refers to a flutist's 
perfonnance of the melody seen in Figure 2. The 
performances are recorded in Sound Example 2, 
and the beginning of the corresponding amplitude 
envelopes appear in Figure 3. 

The results remind of those found for the triad: 
~a) The tempo is highest for the angry and happy 
versions, slowest for the sad and soft/tender 
versions. In most versions measure No. 11 has the 
longest duration reflecting a ritard towards the end 
of the melody, especially in the sad and soft/tender 
versions. However, there is no such pronounced 
ritard in the angry and expressionless versions . 
(b) The sound level is loudest for the angry 
version. Generally the amplitude contour goes 
together with the melodic contour and shows a 
maximum in measures Nos. 5 or 7, where the 
melody peaks. 
(c) The performance of the J. ) dottings in 
measures Nos. 2, 4, 6, 8, and 10 varies between 
as well as within the different versions. However, 
the median ratio between the duration of the two 
tones is highest for the happy and angry versions 
(3.8:1 and 3.2:1, respectively) and lowest for the 
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Figure 2: Notation of a new melody used in 
the investigation. 
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Figure 3: Amplitude envelopes for different 
performances of the melody in Figure 2 (jor 
the initial 10 seconds of each performance). 

sad and soft/tender versions (2.6:1 and 2.7:1, 
respectively). The dotting in measure No. 11 is 
usually soft because of the ritard towards the end; 
the ratio is as low as 1.4: 1 in the soft/tender 
version. However, in the angry version this dotting 
is similar to that in the other measures. 

(d) The perfonnance of the J1 dottings in 
measures Nos. 3, 5, and 7 likewise varies between 
and within versions. In all versions the dotting is 
perfonned relatively sharper on the second beat 
than on the third beat. The highest ratio appears in 
the solemn version (median 3.4: 1 on the second 
beat and 2.8: 1 on the third beat) followed by the 
angry version (2.7:1 and 2.3:1 respectively). The 
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sad and soft/tender versions both have a ratio 
about 2.5:1 on the second beat and about 1.7:1 on 
the third beat 
(e) The articulation is basically legato in the sad 
and soft/tender versions except after the last tones 
in measures Nos. 4,6, and 8, that is, after the last 
tone in a phrase. In the other versions there is 
much more "air" between the tones, especially in 
the happy version, where some parts are played 
staccato, and in the solemn version which may be 
said to have a portato character. 
(t) The tone onsets are usually slower in the sad 
and soft/tender versions than in the other versions. 
(g) Vibrato appears in all versions except the 
expressionless version, which has a quite 
different, cold timbre. 

Concluding remarks 
More detailed accounts of all results will appear 
elsewhere. However, the above results are typical 
in many respects. Most results should be no 
surprise for the experienced musician, but they 
have not yet been reported in the research 
literature on music perfonnance. 

In conclUSion, it is apparent that different 
intentions concerning the emotional character of a 
piece of music will affect practically all variables 
of the perfonnance. 

Much research is needed to clarify the details 
of this relationship and the underlying 
isomorphism principle. 
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Musical interpretation via vector fields: 
A new human workstation on the NEXTSTEP 
environment 
GMazzola 

Abstract 
Classically, the passage from symbolic musical time of the score data to physical data is derIDed by the tempo 
curve as a function of symbolic onset time. A similar situation takes place when one deals with intonation instead 
of tempo: One then has an intonation curve as a function of symbolic pitch. Looking simultaneously at tempo and 
intonation, a two-dimensional performance vector field. the tempo-intonation-field, is dermed as a product of the 
one-dimensional factors tempo and intonation. In more sophisticated situations of expressive interpretation, this 
performance field is no longer split However, it is shown that the values of the integral curve parameter 
determine the physical tone associated with a symbolic tone and the performance field. This situation generalizes 
to all basic symbolic parameters of onset, pitch and loudness together with their "pianola" parameters of duration, 
glissando and crescendo. The structure of performance vector fields obeys four musicologically motivated 
principles. Globalization, formation of hierarchies, factorization and specialization. It is the main objective of our 
research group to operationalize this theory for musicians and musicologists within a graphically-interactive 
software environment termed interpretation scheme on a NeXT workstation. This scheme decomposes into the 
structuring scheme carrying the 'primavista' score input to a defined analysis. and the shaping scheme where this 
analysis produces a corresponding performance vector field according to well-dermed rules, and thus resulting 
into the synthesis of a concrete performance. 

The Problem 
Our research relates to the transformation process 
from a given musical score to its artistic 
performances. The problem is twofold: First, we 
have to develop a general theory of performance. 
Second, we have to implement this theory in form 
of adequate software in a NEXTSTEP 
environment 

The first step has been worked out in [GLP], 
and we are presently designing and implementing 
the corresponding software, named RUBATO 
performance workstation. 

Philosophically, the essential result of our 
theory is that the transformation process from the 
score to one of its performances must start from a 
symbolic [GDT] or logical [ISO] domain of 
musical representation and end on a physical 
[GOT] or gestural [ISO] domain of performance 
realization. 

Structurally, our main result is the 
construction of an object termed performance 
score to be added to the classical score in order to 
describe the above transformation operations. 

Technically, the main result of our theory is 
that the performance score relies on particular 
vector fields, the performance fields, acting on the 
symbolic domain. 
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The classical domain of performance research 
concerning agogics has been implemented to yield 
hierarchies of tempo curves [STO]. First 
experiments with Czerny and Chopin have proven 
that this approach is an efficient one. 
Corresponding commercial and PD software 
presto for Atari is available on request. 

We are grateful to Anders Friberg and Johan 
Sundberg from KTH Stockholm for letting us do 
experiments on their pioneering perfonnance 
software RULLE, to Volker Abel and Peter Reiss 
from TH Darmstadt for introducing us to their 
intonation software MUT ABOR II and to Oliver 
Zahorka from Zurich University for realizing 
experimental material from Czemy's pedagogical 
work [CZE]. 

The Project 
The logical structure of the perfonnance 
workstation is called interpretation scheme. It is 
built from two submodules, the structuring 
scheme (Fig. 1) and the shaping scheme (Fig. 2). 
The tenn ' scheme' intervenes because the 
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worlcstation concept cannot aim at producing a 
unique 'idea]' perfOImance but a whole bunch of 
performances according to various choices of 
parameters. 

The Performance Score and its Fields 
In this short communication, we want to sketch 
the idea of the performance field A performance 
field is the local description of the performance 
transformation from the symbolic level of reality 
to the physical one. Such transformations are 
well-known in the classical special case of onset 
time. Let E be the symbolic onset of a sound event 
in music time units, quarter notes, say. The 
corresponding physical onset e(E), measured in 
minutes, say, is related to E by the tempo function 
T(E) = dE/de [quarters/minute] as a function of E. 
This velocity CUIVe generalizes to the case of an 
arbitrary set of musical parameters like symbolic 
onset E, pitch H, loudness L, duration D etc. 
together with their physical counterparts e, h, 1, d 
etc. In the general case, we get a performance 
vector field on the symbolic parameter space 
instead of a CUIVe, see Fig. 3. This field is the 
inverse image of the constant diagonal field with 
value (l, ... ,l). The integration of the performance 
field yields the performance transformation as 
soon as the values on a set of initial points are 
defined The existence of this integral is 
guaranteed by the fundamental theorem of 
ordinary differential equations. 

The performance score is a patchwork 
consisting of a hierarchical system of local 
performance fields which covers the total score. 
Such local data is termed performance cells. Their 
overall hierarchical organization reflects the 
mental approach to perform the given score and 
supplies a second layer of musical reflection. 

Symbolic reality 

Tempo Hierarchies: 
Example of Performance Principles 
For a general discussion of the structure of 
performance fields, we refer to [GLP]. Let us just 
mention that it is not true that performance fields 
decompose into one-dimensional factors, even in 
the most elementary situations. This becomes 
clear from the performance field on the plane of 
onset and duration (E, D), yielding a default value 
of (T(E), 2T(E+D)-T(E»! 

For the remainder of this communication, we 
want to illustrate the general situation for the one
dimensional situation of the onset transformation. 
As mentioned above, this is locally defined by the 
tempo CUIVe. It fits with the common efforts to 
standardize time structures [ISO]. However, as 
have shown among others Desain and Honing 
[DES], one global tempo is not sufficient to 
control the complexity of musical time 
organization. One has to introduce the 
performance score on the onset level: the tempo 
score. This is a hierarchy of tempo cells as shown 
in Fig. 4. 

T 

T(E) 

R = [A,BJ 
A _____ 

--I~~ p(A) 

P (8) - P (A) = J! liT 

E 

B---.. p(B) 

Figure 4: A tempo cell consists of a 
tempo curve T within an interval [A,B] and 
with initial values on the borders A, B, 
yielding a total duration expressed by the 
integral of JITfromA toB. 

Physical reality 

Performance 
diffeomorphism 

E 
Performance field l 

.... 
h(E, H) -+-h4--r-""7'--A 

e(E,H) 

Diagonal field !l. 

e 

Figure 3: The performance transformation locally' is given by ~ diffeomorphism. The 
performance field is the inverse image of the constant dwgonal field wzth value (1, ... ,1). 
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Co 
______ C

1 - ---
- Cj -

Figure 5: The tempo hierarchy only 
admits disjoint or including intervals. 

The hierarchy of the tempo score is defined by 
a hierarchy of the time intervals of the different 
tempo cells, see Fig. 5. 

Their defining rule is that either an interval is a 
subinterval of the other ('mother and daughter 
curves') or that they are disjoint from each other 
('sister curves'). This guarantees that every onset 
has a unique referential 'home curve'. A 
particular tempo cell may be defonned as long as 
its total duration remains constant, see Fig. 6. 
This is implemented in presto [STO] for 
interactive editing. 

The following example is drawn from 
Chopin's impromptu op. 29 and represents two 
bars of complex ornaments, including trills and 
arpeggios, see Fig. 7. We have split the score into 
four tempo cells: mother, trill-daughter, rupeggio
daughter and arpeggio granddaughter. The 
daughters are controlled by synchronization 
conditions at each half bar. The granddaughter is 
synchronized each quarter bar with its mother, the 
arpeggio daughter. 
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Figure 6: The presto software allows to 
deform the original curve 0 to a new shape 
D. To recover the total duration, presto 
corrects the new shape to the curve C, 
respecting the intended new shape as far as 
possible. 
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Vibrato sounds in large halls 
J Meyer 

Abstract 
Vibrato sounds of singers and musical instruments are different not only concerning the frequency and the width 
of frequency modulation, but also concerning an amplitude modulation of the partials. For the different 
instrument groups, this amplitude modulation shows typical properties, which lead to different sound impressions 
for the audience caused by room acoustical effects. The temporal structure of the frequency modulation is 
smoothed by the reflections having different delay times; this effect can enhance the tonal volume or "fullness" of 
the sound. An in-phase amplitude modulation of high overtones or high frequency noise components is to be 
heard predominantly in the direct sound reaching the listener, it is only little averaged by the room; this effect 
can enhance the noticeability of musical parts inside an orchestra or ensemble. 

Introduction 
The vibrato is a means of artistic expression with 
indeed a long tradition, but its importance has 
considerably increased in the last decades. It 
enlivens the sound pattern by lending each note a 
time structure. It is chiefly the width of the vibrato 
that gives the musician scope for creativity, and 
within certain limits its velocity, Le. its frequency. 

In the relevant literature (Gartner, 1974) these 
two components are used to characterize the 
vibrato, and values typical of the vibrato played 
by a particular player are stated. Seashore (1936), 
for example, indicates a general range from 4,5 to 
9,5 Hz for the frequency of the string insnuments' 
vibrato, the main range for the majority of these 
instruments lying between approximately 6 and 
7 Hz. For the width of the vibrato he states 
"average values" ranging between ±22 and ±29 
cent (converted values); such "average values" 
should not, however, obscure the fact that they 
certainly represent the characteristics of a 
relatively strongly pronounced vibrato. For 
singers' voices, Seashore states vibratos ranging 
between ±45 and ±70 cent, in the extreme case 
even up to ±150 cent at frequencies between 4 and 
9 Hz; according to Winckel (1957), a good 
singer's vibrato is concentrated between 5 and 7 
Hz. Players of wind instruments, if they play a 
vibrato at all, achieve only a very small width. 

Recent analyses show, however, that the 
vibrato not only influences the frequencies of 
radiated sounds, but also has a more or less strong 
effect on the sound spectrum, meaning that not 
only a frequency modulation but also a spectral 
modulation takes place. This spectral modulation 

has very characteristic features that differ for each 
group of instruments. They will be described in 
more detail in the following, and their importance 
for the sound impression will be discussed 

Time-dependent fine structures of sound 
The singer's spectral modulation 
In the vibrato of a singer's voice, the natural 
frequency of the vocal cords is modulated almost 
sinusoidally. If the vibrato remains within 
aesthetically acceptable limits, and if the area 
between the opened lips does not change while the 
note is being produced, the resonances in the 
mouth and pharynx also remain largely 
unchanged. As a result, the spectral envelope, too, 
changes little with time (Winckel, 1960). All that 
may happen - depending on the width of the 
vibrato - is that the partials tend to move up and 
down the resonance curve according to the 
frequency motion, which incidentally is said to 
contribute towards distinguishing the vowel 
colours (Benade, 1976). Normally the 
characteristic features of a singer's vibrato show 
the the lower partials being almost constant in 
strength; above 3 000 Hz the partials vary 
according to the steepness of the slope of the 
resonance, forming a time-constant limiting 
frequency (Meyer, 1991). 
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When the width of the vibrato increases, there 
is not only the danger that the area of the mouth 
opening changes but also that cramps occur in the 
pharyngeal region which influence the resonator 
of the so-called singer's formant. This may result 
in strong amplitude variations at higher 



frequencies, in addition to the frequency 
modulation, and the higher the fundamental 
frequency of the note sung (during the vibrato), 
the richer the spectrum becomes in overtones. At 
level variations of the order of 15 to 20 dB in the 
frequency range around 3 500 Hz, this results in 
an unpleasantly metallic timbre. 

Spectral modulation in brass instruments 
The frequency of the vibrating lips of the brass 
instrument player is mainly determined by the lips' 
tension but also by the air pressure used for 
blowing. The lips' vibrations are stabilized in their 
periodic movement by the acoustic feedback from 
the instrument and consequently, a variation of the 
lip frequency and a variation of the excitation 
strength become superimposed in the lip vibrato 
of brass instrument players. The effect of the 
excitation strength - in conjunction with the 
nonlinearities resulting from the high sound 
pressure prevailing in the mouth and the 
mouthpiece - is such that the excitation spectrum 
is subject to a modulation: the higher the 
frequency during the vibrato, the richer the 
spectrum in overtones. 

For a brass instrument player performing a lip 
vibrato, the frequency sweep of ±10 cent in itself 
means a relatively wide vibrato, but it is 
remarkable to what extent the upper frequency 
limit of the sound spectrum varies with time. The 
amplitude modulation of the overtones at 
2 500 Hz is about 10 dB. As all overtones are 
modulated in phase, the brass instruments' vibrato 
is practically just a modulation of the envelope 
perceived as a time-dependent variation of the 
tone colour (Meyer, 1991). 

On the trombone, a vibrato can also be played 
by moving the tuning slide. This leads primarily to 
a change in the instrument's resonances, but here 
too there is feedback to the lips and thus to the 
excitation spectrum. Again a similar envelope 
modulation is produced, but more weakly fonned 
than that of the lip vibrato. To the listener, the 
impression of the trombone's slide vibrato is a 
combination of frequency and tone colour 
modulation. 

Spectral modulation In wood wind 
instruments 
A certain parallel with the brass instruments is 
found in the flutes. The playing technique is such 
that the pitch is determined by the blowing 
pressure, the timing of which can be modulated by 
the flautist. However, this is possible only within 
very narrow limits, and a vibrato width of 
± 10 cent can be regarded as a very large one. Its 
influence on the spectrum is due to the fact that in 
the case of flutes, the resonances of the flute pipe 

are not arranged in strict harmonic order but are 
slightly spread out. As a consequence, in a note 
played by a flute, the coincidence of the high 
components with the higher resonances is the 
better the higher . the frequency of the note is 
pushed. This changes the degree of overtone 
amplification during the vibrato, the change being 
in phase. A variation of the order of magnitude of 
about 10 dB is typical of partials in the range 
around 1 000 Hz; above 3 000 Hz, it may even be 
as much as 15 dB. 

During a vibrato, not only the hannonic 
overtones are subject to modulation with time. 
The blowing noise produced by the flautist also 
undergoes a time-dependent variation: the stronger 
the blowing pressure, the louder the blowing noise 
becomes. In the overblown notes this is true of the 
noise components which, below the fundamental 
and between the first partials, are amplified by the 
unused resonances. This is also generally 
applicable to the higher-frequency noise 
components which extend into the region above 
10 000 Hz and whose strength may well vary by 
as much as 15 dB as a result of the vibrato. 

The sound effects of the vibrato are least 
pronounced in the reed instruments, which is 
perhaps why playing without vibrato has been the 
custom with this group of instruments longer than 
with any others. In the lip vibrato and the 
diaphragm vibrato, it is chiefly the frequency and 
to a lesser degree the amplitude of the reed 
vibration that is influenced. As the vibration of the 
reed as such is very stable, the width of the 
vibrato usually remains in the limits of ±5 cent to 
± 10 cent and is thus very small. An amplitude 
modulation of the overtones may very well occur 
when these fall on the steep curves of higher-order 
resonances, but as these upper resonances by no 
means always lie as systematically as those of the 
flute, only certain overtones are modulated while 
the strength of neighbouring ones is hardly 
affected. This results in a rather steady timbre 
with no temporal structure even in the vibrato. 

Spectral modulation in string instruments 
In string instruments, the rolling motion of the 
fingers on the strings produces only a frequency 
modulation, and if any amplitude modulation of 
partials is observed, the reason for this is to be 
found in the highly complex resonance sequence 
of the instrument's body. As the distribution of the 
resonance peaks over the frequency is largely 
statistical, it may be that - in contrast to wind 
instruments with equal-phased overtone 
modulation - some partials fall on ascending 
resonance curves and others on descending ones, 
and that their strength therefore varies in phase 
opposition. At medium and high frequencies, an 
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on the instrument in the room 
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Figure 1: Sound spectra 0/ a vibrated violin note C6 Left-hand figure: recorded at 10 cm 
distance/rom the instrument, Right-handfigure: recorded at 7 m distance 

amplitude modulation with twice the frequency of 
the frequency modulation may even occur if, 
during the frequency variation, a partial exceeds a 
resonance peak or has to pass through a gap 
between two resonances. In the latter case, for 
example, the amplitude first decreases with 
increasing frequency but increases again having 
passed through the gap, and this process is 
repeated once again at decreasing frequency. A 
typical example of this is shown at the ninth 
partial in the diagram on the left in Fig. 1. 

To generalize, in a nonnal vibrato of an order 
of magnitude of ±30 cent played on a violin, the 
lower partials of the tones show level variations in 
the range between 3 and 6 dB. Between 1 000 and 
2 500 Hz, some partials may vary in a range from 
6 to 15 dB and in exceptional cases even reach 
25 dB (Meyer, 1992). In principle these data are 
also applicable to low-pitched string instruments. 
If we bear in mind that the vibrato width of strings 
can easily be ±30 cent and more, it becomes 
evident that the sound impression of a string 
instrument's vibrato is characterized by both the 
frequency modulation and the temporal structure 
of the spectrum. 

Influence of the room on vibrato sound 
The above considerations apply to sound directly 
radiated by the instrument, and do not take the 
influence of the rooms into account. The sound 
impression described is therefore that gained in 
the open air or - with certain reservations - the 
player's sound impression. For the audience in a 
room, the impression of sound created by a 
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vibrato is also affected by the room's acoustic 
properties. This is particularly evident in large 
halls, of course, but it is also true of rooms of any 
size, because the impression of sound is always 
influenced by sound reflections from the walls and 
ceiling. 

The sound generated by the player reaches the 
listener not only along a direct path but also as a 
reflection from each of the two side walls and as a 
reflection from the ceiling. These are followed by 
a large number of other reflections, which together 
fonn the reverberation. All these sound paths 
differ in length, and the sound consequently has 
different travelling times. A delay of 
approximately 30 ms for the first (wall) reflection 
is of an order of magnitude usual in concert halls. 
At a vibrato frequency of 7 Hz, these 30 IDS 

would correspond to barely a quarter of the 
vibrato period, that is, the difference in time 
between traversing the mean frequency and 
reaching the maximum frequency deviation. 

The different travelling times for the sound 
reaching the listener in different ways results in 
sound components that were generated from the 
source at different times reaching the listener at a 
certain point in time. In the case of a frequency
modulated sound such as the vibrato, the 
frequencies generated one after the other therefore 
arrive at the same time. This is illustrated in 
Fig. 1 by a comparison of sound spectra measured 
close to the instrument and (simultaneously!) at a 
greater distance from it. Although these 
recordings were made in a room with a 
reverberation time of "only" 1 second (concert 



directional microphone non-directional microphone 

in the room 

Figure 2: Sound spectra of a vibrated flute note C6, recorded at 7 m distance from the 
instrument 

halls usually have reverberation times of about 
2 s), this example clearly shows how the 
frequency, which varies with time close to the 
instrument, is fOlTIled into bands towards the back 
of the room; these bands containing the sound 
radiated by the source in all directions. 

The temporal structure of the frequency 
modulation is now no longer recognizable and 
instead, the instruments' resonances and possible 
room resonances are apparent in these frequency 
bands. As there are scarcely any level variations 
with time, it is the total sound power radiated 
corresponding to the time-averaged value of the 
sound level at the instrument that produces the 
impression of sound. Consequently, in contrast to 
the player, the audience does not perceive an 
increase in loudness due to the vibrato. But the 
more or less temporally stable frequency bands 
give the sound a fuller or more voluminous tone -
a characteristic which is, of course, more 
pronounced the greater the vibrato's width. 

However, these images should not obscure the 
fact that, thanks to the direct sound whose 
direction of incidence can be located by the 
listener even at a relatively large distance, he is 
able to gain infOlTIlation on the frequency motion 
of the vibrato. The stronger the direct sound is in 
comparison with the sound subsequently fOlTIled 
in the room, the stronger the listener's perception 
of the animation of the sound created by the 
vibrato. 

As the intensity of the direct sound decreases 
with the distance from the sound source, but the 
total sound energy reflected is approximately the 

same at all places in the room, the animated 
impression made by the vibrato becomes weaker 
with increasing distance from the source. It is 
therefore the very high overtones that are 
important for transmitting the vibrato to the 
audience, as the energy reflected by walls and 
ceiling becomes substantially weaker at higher 
frequencies. This particularly applies to the high 
overtones of brass instruments and flutes varying 
in phase, and to the high components of the 
blowing noise of flutes. 

Fig. 2 compares the sound spectra of a flute 
vibrato recorded simultaneously at the same place 
in the hall using a directional and a non
directional microphone. The recording made with 
the directional microphone (left-hand figure) 
shows little other than the direct sound, whereas 
the other figure shows the room sound. In the 
figure on the left it can be clearly seen that the 
noise components pulsate with time. As they reach 
the audience with such clarity only in the form of 
direct sound, they furnish infolTIlation on the 
sound's direction which helps the audience to 
locate its source. The pulsating high overtones of 
brass instruments have the same effect, which 
means that where the sound impression of the 
vibrato of these instruments and flutes is 
concerned, it is not the volume of sound that is 
enhanced but its notice ability in a larger ensemble. 
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Summary 
The vibrato of orchestral instruments and the 
vibrato of a singer's voice differ considerably in 
width and in their effect on the sound spectrum, 
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even if the vibrato's frequency range is largely the 
same. The player's impression of sound is chiefly 
fonned by the sound coming directly from his own 
instrument, that of the audience is additionally 
influenced by the room's acoustics. One acoustic 
effect is that the sound gains in volume as the 
width of the vibrato increases, and another is that 
strong amplitude variations at high frequencies 
increase the notice ability of the sound 

The width of the vibrato and the strength of the 
amplitude modulation at high fr~quencies are. t1.tus 
obvious choices as parameters ill a summanzmg 
description. Considering the fact that the ear 
combines the loudness of higher frequency 
components into critical bands, as a measure of 
the amplitude modulation it is advisable to use the 
strength of the amplitude variation in the critical 
band above 2 000 Hz in which the greatest 
differences in level are reached. 

This then results in the sound effect of singers' 
and instruments' vibratos as depicted in Fig. 3. 
The further an instrument is placed to the right in 
the diagram, the more the sound volume benefits 
from the vibrato. The farther to the left it appears, 
the thinner the sound. The closer it is to the top, 
the more the noticeability of its sound, i.e. its 
presence in an ensemble, is improved by a .vibrato 
- and the closer it is to the bottom of the diagram, 
the better its sound blends in with the ensemble. 
String soloists often play a much wider vibrato 
than shown here, and although to anyone nearby it 
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may easily sound exaggerated, the sound effect 
achieved in the hall is excellent An extreme case 
is that of a singer's vibrato when it is too forced 
Its predominance, particularly in a choir, can be 
very distracting. 
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Measurements of the vibrato rate of ten singers 
EPrame 

Abstract 
The vibrato rate for ten singers, all singing Schubert's Ave Maria, was measured on sonograms. Commercially 
available CD records were used to insure that the vibrato originated in a real musical performance. It was fOood, 
that the vibrato rate typically increased at the end of each tone, + 15% in average, while no typical structure could 
be found in the beginning of a tone. Disregarding the increase of vibrato rate toward tone endings, the mean rate 
across singers was 6.0 Hz. The average variation between maximum and minimum rate within an artist is about 
±8% of the artist average. 

Introduction 
Carl E. Seashore and his many co-wolkers at the 
Iowa University carried out a true pioneering 
work, when they in the late 20th and the early 
30th studied many different aspects of the at that 
time unexplored vibrato (see Seashore 1932; 
1936; 1937; 1938). The knowledge that they 
collected is - strangely enough - still largely 
accepted as the basis. After Seashore, the research 
changed from the massive effort to small studies 
concentrating on one or a few facets of vibrato. 
Also the experimental conditions changed 
completely: "Much of Seashore's studies analysed 
singers perfonning a musical wolk, whereas 
contemporary studies had subjects sustaining a 
vowel sound on a designated pitch. Further, 
contemporary singer subjects were recorded in 
heavily sound-treated rooms affording little or no 
reverberation, which may also have affected 
vibrato rate." (Hakes, Shipp, & Doherty, 1987). 
During the last decades, many authors have 
complained about the discrepancies of published 
figures on vibrato rate (e.g., Shipp, & al., 1980; 
Hakes, & al., 1987, Horii 1989). 

Physically the vibrato produced by Western 
opera singers corresponds to a modulation of the 
voice fundamental frequency (Horii, 1989). Ail a 
secondary effect, a modulation of the levels of the 
spectrum partials is produced, which in tum 
results in a modulation of the overall sound level. 

The present investigation was concentrated on 
the rate of the frequency modulation aspects of 
vocal vibrato. Seashore's method of using material 
recorded in a real musical context was resorted to. 
We expect that the findings documented in this 
article will resolve the above-mentioned 
confusion, thus increasing the possibilities of a 
thorough, scientific understanding of the vibrato. 
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Measurements and results 
The aim of the present investigation was to gain a 
description of vibrato rate variability in a musical 
context. For the analysis, we selected the vibrato 
that is used by prominent artists of our time, 
educated in the Westem classical music tradition. 
Real musical performances were preferred to 
phonations of selected tones produced in a 
laboratory setting because of the risk of obtaining 
artefacts due to the selection of phonations, as 
well as the possible influence of the laboratory 
environment. 

The material was further restricted to 
commercially available CD records, which had the 
significant advantage that a great number of 
artists of world class could serve as subjects at a 
minimum of costs and inconvenience. 

An efficient comparison of different artists' 
vibrato requires that a piece of music is selected 
which 

• has been recorded by many artists, 
• is typically sung with a great vibrato extent, 
• is typically sung in a rather slow tempo, thus 
providing a great number of vibrato cycles, and 
• has been recorded also with string instruments 
for comparison. 

Ave Maria by Franz Schubert seemed to meet 
those requirements (Fig. 1). Only those tones were 
selected for analysis, that were long enough to 
provide relevant data. These tones were numbered 
in consecutive order (1-25). The 10 artists 
consisted of 5 sopranos, a mezzo, an alto, and 3 
tenors. 

The frequency range of Ave Maria is only 13 
semitones, so the singers could be assumed to sing 
in ranges which they felt as comfortable with re-
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Figure 1: Music score of Franz Schubert's Ave Maria. The notes selected for measurements 
are numbered 1 to 25. 

spect to frequency, intensity, and tempo; hence, no 
measurements should reflect extreme conditions 
for the singers. 

Measurements were made on time 
spectrograms as displayed on a KAY DSP Sona
gmph, Model 5500. The time from one wave
trough to the next was measured 

All vibrato cycles for the 25 notes were 
measured for all artists. Fig. 2 shows the 
measurements of artist # 8. With regard to the 
tones' head (beginning), body, and tail (ending), 
three observations can be made: 
1. the cycles pertaining to the head do not show 
any typical structure and do not deviate in any 
systematic way from the following cycles, 
2. the tail, by contmst, has a very typical increase 
in vibmto rate during the last 1-5 cycles, and 
3. the cyc1e-to-cycle variation of the body is 
modemte. 
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The second observation seems applicable to 
most artists, as can be seen in Fig. 3. It shows the 
average mtes for the four final vibmto cycles in 
the first 13 tones. Without exception, each of the 
25 tones had a clearly increasing avemge vibrato 
rate in the tail, as illustrated in the figure. 
However, this pattern was not necessarily 
observed in each individual tone of each 
individual artist. 
This somewhat unexpected finding raised the 
question whether or not this chamcteristic 
increase of the vibrato rate was specific to singing 
only. To investigate this, four recordings, one 
played on a cello and three on violins, of the same 
composition were analysed by the same 
procedure. The same ending pattern was found, as 
illustrated in Fig. 4, which shows the mean and 
the standard deviation (SD) for the vibrato mte 
for the last four cycles in all 25 tones as 
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Figure 3: Average vibrato rates and SD for the last 4 vibrato cycles of the ten singers 
showing the first 13 of the 25 tones. 
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Figure 4: Average vibrato rate and SD for the last 4 vibrato cycles in all 25 tones as 
performed by ten singers, one cellist, and three violinists. 
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Figure 5.' Vibrato rate of the last 10 vibrato cycles for all tones, that had 10 or more vibrato 
cycles, calculated as the averages of the artists' averages. 

vibrato rate standard maximum minimum end duration of ~ 
average deviation rate rate quotient I 

Hz Hz Hz Hz s 
5.7 0.23 5.8 5.4 1.18 1.95 

6.5 0.24 6.8 5.9 1.09 2.18 

6.3 0.25 6.8 5.8 1.15 1.80 

6.0 0.24 6.3 5.5 1.18 2.13 

5.9 0.21 6.2 5.4 1.08 2.10 

6.7 0.23 7.3 6.0 1.11 3.00 

5.8 0.34 6.9 5.4 1.26 2.33 

5.5 0.32 6.1 5.0 1.21 2.10 

5.5 0.13 5.9 5.3 1.14 2.13 

5.9 0.23 6.4 5.4 1.09 2.53 

max. value 6.7 0.34 6.0 1.26 3.00 

aver. value 6.0 0.24 . 5,5 1.15 2.19 

min. value 5.5 0.13 5.8 5.0 1.08 1.80 

Tabell.' Various measurements for the ten singers. 

perfonned by the ten singers, the cellist, and the 
three violinists. 

Fig. 5. shows the mean tail fonn for the 
singers. Here it can be seen, that the tail consists 
of five end cycles. If each artist's average is 
examined separately, however, the length of the 
tail varies between 2 and 6 cycles. 
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Table I shows vibrato rate characteristics for 
the ten singers. Average body vibrato rate and SO 
are listed. The maximum and minimum three
period-average are also shown. The steepness of 
the tail slope is given in tenns of the quotient 
between an artist's last vibrato period and the 
sixth period from the end (see Fig. 5). Finally the 



tempo is given in terms of the mean quarter note 
duration. 

The rate averaged across all ten artists was 6.0 
Hz and the averages of all singers' maximum and 
minimum rates were 6.4 and 5.5 Hz, respectively. 
Finally, the vibrato rate at the tail increases on the 
average by +15%. 

Discussion 
One of the main results of the present 
investigation was the increase of the vibrato rate 
toward the end of the tones, regardless of whether 
or not the tone is followed by a rest, see Figs. 2 
and 3. This phenomenon was observed in both 
vocal and string performances (Fig. 4). This poses 
the question what the origin can be. The 
mechanism producing the vibrato is completely 
different in singing and in bowed instrument play
ing. Therefore, the answer must either be sought 
in the very basic neum-physiological behaviour of 
the muscle activity in the performer or, at the 
other extreme, in the demands on musical 
performance raised by the perceptual system or by 
conventions. 

Even if it is difficult now to realise an 
explanation to the ending structure, this structure 
in itself partially explains the confusion regarding 
the vibrato rate in the past. As the vibrato rate 
tends to increase during the last 1-6 vibrato cycles 
of a tone, the average vibrato rate of a tone will 
depend on its duration, shorter tones showing 
higher average rates than longer tones; it should 
be appreciated that the overall duration of an 
entire 5 period tail is around 800 ms, i.e. a rather 
long note. As Seashore strived for including all 
tones in the pieces he analysed, his material 
contained a relatively high percentage of short 
tones. Furthermore, he included all the vibrato 
cycles in each tone when calculating the average 
vibrato rate for an artist. For this reason, re 
arrived at rather high values. Shipp, & al. (1980), 
by contrast, had singer subjects to produce tones 
of 4-14 s duration and selected a 1-s long segment 
from the middle of these tones. Taking into 
account the above results, it is not surprising that 
Shipp, & al. obtained much lower averages than 
Seashore. In addition, the laboratory environment 
as such may reduce the vibrato rate. 

As a practical consequence of the above, the 
last 2-6 (in average 5) vibrato cycles should be 
excluded in the calculations of average vibrato 
rate for an artist. Such an average might, 
however, still be influenced by the piece of music 
selected as well as the musical settings. 

Sundberg (1987) remarked that tIthe rate of the 
frequency modulation is generally considered to 
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be constant within a singer; that is, the singer is 
usually unable to change it" Disregarding the 
cycle-to-cycle variation in the body of the tone, 
our findings show that: 
• the rate increases by about 15 % in average 
towards the end of the tone, and 
• the inter-tone variation between the (3- cycle) 
maximum and minimum for an artist is about ± 
8% of the personal average. 

The total variation between the artists' 
averages in this study was found to be about 
+12% and -9% of the group mean. 

Conclusions 
The vibrato rate tends to increase according to a 
typical pattern covering the last vibrato cycles of 
a tone both in vocal and bowed instrument 
performance. This average pattern was observed 
for all 25 notes analysed, although the pattern was 
not necessarily found in each single tone of each 
single artist. No typical vibrato pattem could be 
observed in the beginning of the tones. As a 
consequence, the representativity of previously 
reported averages of the vibrato rate may be 
somewhat limited If the increase of the vibrato 
rate towards the tone endings is disregarded, the 
mean rate across the singers was 6.0 Hz. The 
average variation between maximum and 
minimum rate within an artist is about ±8 % of the 
artist average. 
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Musical motion: 
Some historical and contemporary perspectives 
BH Repp 

Abstract 
The idea that music "moves" has a long and varied history. Some aspects of this notion are metaphoric 
(e.g., the "movements" between pitches, harmonies, or keys), whereas others are more literal. The latter 
derive from the performer's actions that bring the music to life. This gestural information is encoded in the 
expressive microstructure of the performance at several hierarchically nested levels. Some older 
demonstrations in support of this proposition have used the technique of "accompanying movements", 
devised and elaborated in Germany by authors such as Eduard Sievers, Gustav Becking, and Alexander 
Truslit. Contemporary approaches, most notably those of Manfred Clynes and Neil Todd, focus instead on 
performance analysis and synthesis. Todd has provided evidence that tempo modulations in expert 
performances obey a constraint of linear changes in velocity, suggesting that music is "set into motion" by 
some kind of force or impulse function. Clynes has proposed (following Becking) that the parameters of 
these underlying functions distinguish different composers. The notion of 'spatio-temporal coupling', 
illustrated by Paolo Viviani's work on drawing movements, suggests a theoretical basis for the recovery of 
spatial movement from temporal information. Physical laws of motion thus impose constraints on 
performance microstructure, constraints that are also reflected in listeners' perception and aesthetic 
judgements. 

Introduction 
Music is made by moving hands, fingers, or 
extensions thereof over an instrument, and the 
dynamic time course of these movements is 
reflected to some extent in the resulting stream of 
sounds. Conversely, people listenening to music 
frequently perform coordinated movements that 
range from foot tapping to elaborate dance. 
Although these movements on the listener's side 
are not the same as those of the performer, they 
are certainly not unrelated. At the very least, they 
share a rnythmic framework that gets transmitted 
from player to listener via the sound structure. 

In many cultures this close connection of 
music and movement is so obvious as to hardly 
deserve comment In Europe, however, the 
remarkable development of musical notation and 
of complex compositional techniques over the last 
few centuries has led to a focus on the structural 
rather than the kinematic properties of music, at 
least of so-called serious music. At the same 
time, as this music was performed mainly in 
church or concert halls, a social restriction against 
overt movement in listeners has long been in 
effect As a result of these practices, the close 
connection of music and motion has receded from 
people's consciousness, and 20th century aesthetic 
and technological developments have occasionally 
even severed that connection, with only few taking 
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notice. Therefore, there is a need today to re
assess the concept of musical motion and its role 
in performance and music appreciation. 

My purpose in this paper is not to review 
philosophical or musicological treatments of this 
topic; suffice it to mention the important 
discussions by Langer (1953), Zuckerkandl 
(1973), and Sessions (1950), among many others. 
Rather, I will focus on the limited and far-between 
attempts to provide empirical demonstrations of 
the kinematic correlates of Western art music. 
Also, I will not dwell on the more abstract and 
metaphoric notions of melodic and harmonic 
motion common among musicologists, which 
concern the transitions from one pitch, or one 
harmony, or one tonality to another--movements 
that can be seen, as it were, by moving one's eyes 
over the printed score. I am concerned primarily 
with rhythmic motion, which presupposes a 
performance, a human realization of the music as 
structured sound, whether actual or imagined. 
The question I am pursuing, then, is: What is the 
nature of the rnythmic motion information in 
music, and how can its kinematic implications be 
demonstrated? 

In this presentation I intend to review briefly 
the pioneering work of three largely forgotten 
individuals who were active in Germany during 
the early decades of this century. In doing so, I 



hope to inform or remind you of their theoretical 
accomplishments, however limited their empirical 
conUibution may seem from our modem scientific 
perspective. Then I will tum to sampling the 
work. of two contemporary researchers who-
knowingly in one case, unwittingly in the other-
have elaborated upon and increased the precision 
of the German pioneers' ideas, so that they can 
now be subjected to rigorous tests. I will 
conclude with a very brief foray into the motor 
control literature, again focusing on a single 
researcher whose work seems to be particularly 
pertinent to the kinds of motion that music 
engenders. Because of time constraints I will not 
be able to do justice to the related work. of many 
others, for example Johan Sundberg and Alf 
Gabrielsson; to them I apologize, but you can 
hear about their latest work. first-hand at this 
conference. 

Three Gennan pioneers: 
Sievers, Becking, and Truslit 
Whereas no one doubts that there is visual 
information for motion, the concept of auditory 
motion information is less widely accepted, 
especially since it involves an essentially 
stationary sound source--the musical instrument 
being played on. One reason for this scepticism 
may be that visual motion information is generally 
continuous in time, whereas auditory motion 
information, especially that in music, is often 
carried by discrete events (i.e., tone onsets) that 
only sample the time course of the underlying 
movement The principal technique for 
demonstrating that music does convey movement 
information is the reconstitution of the analogous 
spatial movement by a human listener. The 
listener'S body thus acts as a transducer, a kind of 
filter for the often impulse-like coding of musical 
movement 

The first modern attempt to use such a 
technique in a systematic fashion must be credited 
to the German philologist Eduard Sievers, who 
applied it not to music but to literary works. 
Sievers called his method Schallanalyse ("sound 
analysis"), though it was not concerned with 
sound as such but rather with body posture and 
movement as a way of reconstructing and 
analyzing the expressive sound shape of printed 
language, mostly poetry. He never published a 
complete account of his very complex methods. 
Sievers (1924) provides an overview; for a more 
recent critical evaluation, see Ungeheuer (1964). 

Sievers's initial impetus came from 
observations of a teacher of singing, Joseph Rutz, 
published by his son Otmar Rutz (1911, 1922), 
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about connections between body posture and voice 
quality. Certain body postures were said to 
inhibit vocal production, whereas others 
facilitated it and gave it a free, uninhibited quality. 
Sievers initially focused on these static body 
postures which he symbolized by means of "optic 
signals" in the form of geomeUic shapes that were 
meant to cue different body postures in a speaker 
reciting a text. Subsequently he elaborated this 
method into a system of dynamic movements, to 
be carried out with a baton, with the index finger, 
or even with both arms while speaking. The 
crucial criterion was the achievement of "free and 
uninhibited articulation", and the goal of the 
analytic method was to find the accompanying 
movements that interfered least with (or facilitated 
most) the recitation of the text. The meUic, 
prosodic, and semantic characteristics of the text 
naturally varied across authors and their 
individual works, and so did the accompanying 
movements considered optimal by Sievers. The 
movements were rhythmically coordinated with 
the speech and had a cyclic or looping character. 
However, they could vary in a large number of 
features, such as the relative smoothness of turns, 
the tilt of the main axis, rising versus falling 
direction, etc. 

Sievers distinguished two classes of curves: 
the personal curves or "Becking curves';, and the 
specific or filler curves (Taktfullcurven). The 
former, which were suggested to him by Gustav 
Becking (see below), ·come in three types that in 
fact exhaust the possibilities for a cyclic 
movement with two turning points: pointed;.. 
:o~~, round-round, and pointed-pointed Any 
mdiVldual speaker/writer was said to be 
characterized by one and only one of these types, 
if not as an obligatory then at least as a preferred 
mode of dynamic expression, and hence by a 
corresponding "voice type". However; many 
variations are possible within each type. The 
"special curves", of which there is a bewildering 
variety, reflect the specific meUic and sonic 
properties of a spoken text (or of music, as the 
case may be). It was these special curves and 
their many variations that Sievers devoted most of 
his efforts to. 

Sievers was the only recognized master of the 
technique he had developed. He claimed to be in 
possession of an extraordinary "motoric 
sensibility" that, combined with many years of 
self-training and observation, enabled him to find 
the accompanying movements for the most subtle 
variations in the sound shape of spoken texts. 
Although his dedication and expertise were never 
in doubt, the extreme subjectivity of his method 
obviously reduced its respectability as a scientific 
procedure. Nevertheless, the basic idea 



underlying it remains of value: He showed that 
rllythmic sound patterns have a dynamic time 
course that can be translated into accompanying 
body movements. Only the rules governing this 
translation remained somewhat obscure. 

Sievers benefited from his interaction with 
Gustav Becking, a young musicologist who 
developed his own ideas in a monograph entitled 
Der musikalische Rhythmus als Erkenntnisquelle 
(Musical Rhythm as a Source of Insight) that 
appeared in 1928. Becking's pivotal assumption is 
that there is a dynamic rhythmic flow below the 
musical surface. TIlls flow, a continuous up
down motion, connects points of metric gravity 
that vary in relative weight. Beeking's important 
and original claim is that the distribution of these 
weights varies from composer to composer. The 
analytic technique for determining these weights is 
Sievers's method of accompanying movements, 
carried out with a light baton. A downbeat 
always accompanies the heaviest metric accent; 
then an upward movement follows which leads 
into the next downbeat The dynamic shape of 
this movement cycle is of interest For example, 
the strongest pressure in the downbeat is never at 
the beginning but at varying delays; the 
movement may be deep and vertical or shallow 
and more nearly horizontal; and the connection of 
down and up movements may be smooth or 
abrupt. 

Becking's primary interest was not in the 
differentiation and proliferation of movement 
curves for individual works of art but in the 
personal constants of individual composers--in 
other words,invariance rather than variability. 
He says that the personal curves reflect a 
composer's individual "management of gravity". 
Gravity being a physical given, different 
composers' solutions reflect different 
philosophical attitudes towards physical reality-
as something to be overcome, to adapt to, or to be 
denied, as the case may be. Becking's ultimate 
goal thus is a typology of personal constants 
linked to a typology of Weltanschauungen (world 
views)-a philosophical undertaking in which re 
was preceded by Noh! (1920), among others. 

As already mentioned in connection with 
Sievers's "Beeking curves", Beeking distinguishes 
three types of "personal curves": Type I has a 
sharp, pointed onset of the downbeat, which is 
straight and usually vertical but nevertheless 
actively guided rather than passively falling. At 
the bottom, there is a narrow but round loop 
ending in a small doWnward movement (a 
secondary accent between downbeats) before 
leading vertically upward, resulting in a figure 
somewhat resembling a golf club. TIlls pattern, 
with its strong differentiation of rllythmic accents 

but nevertheless organic dynamic shape is 
attributed to the "Mozart family", which also 
includes Handel, Haydn, Schubert, Bruckner, and 
most Italian composers. These composers are 
said to be monists (in that they largely obey the 
physical force of gravity) as well as idealists, 
because they actively impose a personal dynamic 
shape. Type II has a round, curving, inward
going (towards the body) onset of the downbeat 
and a similarly round, outward-going tum 
upwards, leading to a figure resembling a 
horizontal or tilted figure "8". Differences in 
accentuation among metric subdivisions tend to be 
reduced here. Composers characterized by this 
personal curve fOITIl the "Beethoven family", 
which also includes Weber, Schumarm, Brahms, 
Richard Strauss, and many other GeITIlan masters. 
According to Becking, they aim to overcome 
gravity and force it into a winding path. Thus 
they are dualists (in that they oppose the material 
force with their own spiritual force or will) as well 
as idealists (in that they impose an organic 
dynamic shape on the raw pulse of the music). 
Finally, Type III is characterized by a pointed 
downbeat as well as a pointed return, resulting in 
a semicircular, pendulum-like curving motion 
from right to left and back. Consequently, the 
main accents on the downbeats and the secondary 
accents in between tend to be equally strong and 
form a rigid mythmic framework. TIlls pattern 
Beeking ascribes to the "Bach family", including 
Mendelssohn, Chopin, Wagner, Mahler, and most 
French composers. These composers are said to 
be naturalists because they follow the force of 
gravity without opposing it or necessarily 
imposing a personal pulse on it. Yet there are 
numerous personal variants of the trajectory 
between the two rigid endpoints, resulting in more 
or less idealistic curves (e.g., Wagner). 
Nevertheless, all these composers accept the 
objective, even pulse and hence are only minor 
idealists, with Bach being the least idealistic and 
most objective of all. 

Becking's method of determining the personal 
curve of a composer was highly subjective. It 
required a thorough acquaintance with a 
composer's oeuvre as well as, presumably. with 
perfoITIlances by great interpreters and 
biographical details that help elucidate the artist's 
personality. The personal curve is not derivable 
from the score, nor is its subjective fit to a 
particular piece of music necessarily perfect, 
especially if that music is an early or otherwise 
atypical creation. Rather, knowledge of the 
personal curve, verified on the composer's most 
characteristic works, enables the scholar or 
perfoITIler to imbue even the less characteristic 
works with the composer's identity. Clearly, this 
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method is somewhat circular and not at all 
scientifically rigorous. However, Becldng's 
extraordinary perspicacity, his well-chosen 
musical examples, and his eloquent verbal 
characterizations make his book a unique and 
fascinating document 

The third important person among the German 
pioneers is the one least known today--a man 
named Alexander Truslit, whose book, Gestaltung 
und Bewegung in der Musik (Shaping and Motion 
in Music), appeared in 1938. Truslit's orientation 
is much closer to the natural sciences than that of 
his predecessors and in some ways presages 
James Gibson's (1979) writings on ecological 
perception and action. Unlike Becldng, who 
believed that composers' personal dynamics take 
place largely beneath the musical surface (Le., in 
the listener'S musical imagination), Truslit focuses 
on the information in the sound pattern. He 
contends that the musical dynamics and agogics 
(Le., timing variations) convey movement 
information directly to the sensitive listener, who 
can then instantiate these movements by acting 
them out, if necessary. The goal of music 
perfOlmance is to arrange the musical surface in 
accord with the appropriate underlying movement 

like Becking, Truslit distinguishes three basic 
types of movement curves: "open", "closed", and 
"winding" (gewunden). Superficially, they 
resemble Becking's three types; in particular, the 
winding CUIve seems very much like Becldng's 
Type II, and the open CUIve resembles Becldng's 
Type III. However, these similarities are more 
apparent than real. Truslit's curves are not 
conducting movements; they are to be carried out 
slowly and with outstretched parallel arms, so that 
the whole upper body is involved. Their height in 
space tends to follow the pitch contour of the 
melody; thus they often start at the bottom and 
move upwards rather than beginning with a 
"downbeat". They are a means of portraying the 
melodic dynamics in space, with the speed of 
movement and the consequent relative tension 
being governed mainly by the curvature of the 
motion path. That is, a relative slowing down and 
increased tension in the music is portrayed by a 
tight loop, whereas faster, more relaxed stretches 
correspond to relatively straight movements. The 
varied melodic structure of a composition elicits 
complex paths of various combinations of 
clockwise and counterclockwise turns, 
interpolated loops, etc. Even the type of 
movement may change within a composition. 

Truslit's curves are not at all "personal" and 
composer-specific; rather, they are work-specific. 
In that respect, he is somewhat closer to Sievers 
than to Becldng. He explicitly assigns a 
secondary and subordinate role to rllythmic 
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patterns: They should not be too pronounced, so 
as not l<? disrupt the smooth flow of the melody. 
Rhythmic patterns affect the limbs, he says (which 
is consistent with Becldng's use of the hand to 
conduct), whereas the more global melodic 
patterns affect the large muscles of the back and 
hence the whole body. Thus Truslit's curves often 
extend over a number of measures, with the more 
detailed rllythmic structure being marked by small 
local loops, if at allr Not swprisingly, Truslit 
seems to be most interested in music that exhibits 
a pronounced gestural character; many of his 
musical examples come from Wagner, while there 
are no Mozart or Bach examples in his book. His 
most intriguing speculation is that the perception 
and translation of musical movement at the scale 
he is interested in may be mediated by the 
vestibular organ, which controls body orientation 
and equilibrium. In support of this claim he cites 
scientific evidence from early physiological 
experiments. Furthermore, to illustrate the 
~oncre~ instantiation of different movement types 
ill muSlC performance, Truslit presents recorded 
sound examples as well as some measurements of 
their acoustic microstructure. Although his 
empirical contribution is fairly negligible, his very 
modem theoretical ideas and the clarity and force 
with which they are presented must be greatly 
admired. (For an English translation of the gist of 
his book, see Repp, 1993.) 

Two modem successors: 
Clynes and Todd 
Despite the many interesting observations that 
these German pioneers, especially Becldng and 
Truslit, have to offer to the modem reader, their 
work seems to have been largely forgotten. Some 
of their ideas may indeed be outmoded, but others 
are clearly relevant to more recent research on 
musical expression and performance. Among the 
small group of researchers active in this area, two 
seem particularly close in spirit to the German 
pioneers: Manfred Dynes and Neil Todd. Dynes 
was acquainted with Becking's work as he began 
in the 1970s to develop the concept of composers' 
"personal curves" further, making ingenious use 
of computer technology. Todd independently 
developed ideas resembling those of Truslit, 
without actually being aware of his work. 

Over a number of years, Dynes (1977) 
developed the notion of essentic forms, dynamic 
shapes that characterize basic emotions. To 
measure these shapes, he devised a simple 
apparatus called the sentograph. It consists of a 
button sensitive to finger pressure in vertical and 
horizontal directions and a computer that registers 
the pressure over time and averages successive 
pressure cycles. Subjects who imagine certain 



basic emotions (love, anger, grief, etc.) while 
pressing rhythmically on the sentograph produce 
very different pressure curves for different 
emotions. 

Oynes argues that meaning in music derives 
from essentic forms, which are conveyed by the 
musical structure (melody, rhythm) and 
microstructure (dynamics, agogics). The more 
closely an essentic form is approximated, the more 
beautiful and meaningful the music is perceived to 
be. This emotional "story", however, unfolds 
against the background of a fixed, repetitive, 
dynamic rhythmic pattern that represents the 
composer's individuality and "point of view". 
This is the composer's "inner pulse"--a concept 
clearly derived from Becking's theory of "personal 
curves". In his most recent writings, Oynes 
(1992) has referred to this as his "double stream 
theory" of musical expression. 

The sentograph offered itself as a suitable 
instrument for measuring the essentic shapes of a 
piece of music as well as the composer's inner 
pulse. To assess the former, the (musically 
experienced) subject presses the button in 
synchrony with larger musical gestures or phrases 
while listening to or imagining a piece of music. 
To assess the latter, the subject presses more 
rapidly (about once per second) in synchrony with 
successive downbeats. These repeated pressure 
curves can then be averaged, yielding a stable 
average pulse shape. Such averaging is not easily 
possible with the longer essentic shapes, which 
may be one reason why Oynes has done little 
work to explore this aspect further. 

To determine the shape of famous composers' 
inner pulses, Oynes used several outstanding 
musicians (including Pablo Casals, Rudolf Serkin, 
and himself) as subjects. They were asked to 
press rhythmically on the sentograph while 
imagining various works of Beethoven, Mozart, 
Schubert, and others. It was not a 
counterbalanced experiment--not every subject 
produced every composer's pulse, while some 
produced several pulse shapes for different pieces 
by the same composer. In any case, the average 
vertical pressure curves (see Oynes, 1977) show 
striking differences between composers (here, 
Beethoven, Mozart, and Schubert) and 
considerable agreement within composers across 
different subjects and different pieces. Oynes 
thus went one step beyond Becking by registering 
the "conducting" movements that Becking 
represented only schematically by means of 
graphs. Even though the finger movements on the 
sentograph are different from the baton-aided 
hand movements Becking had in mind, they seem 
to capture some of the composer-specific 
characteristics that Becking talked about. The 
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main analogy between Becking's and Oynes's 
curves seems to lie in the onset time, relative 
speed, and depth of the downward movement. 

Some years after his demonstration of 
composers' inner pulses on the sentograph, Oynes 
(1983) advanced towards an objectivization of the 
pulse concept. Although Becking had provided 
some hints towards the manner in which 
individual composers' pulses might be manifested 
on the musical surface of a performance, re 
basically thought of them as mental or "inner" 
phenomena Oynes pursued the idea that 
composers' personal pulses must somehow be 
manifested in the expressive microstructure of an 
expert performance. Rather than analyzing the 
performances of great interpreters, he developed a 
computer program that enabled him to play back 
music with different agogic and dynamic patterns, 
repeated cyclically from bar to bar. Using himself 
as a listener and judge, he manipulated and refined 
these objective pulse patterns for various 
compositions of different composers, primarily 
Beethoven, Mozart, and Schubert. He eventually 
arrived at settings that he found optimally 
appropriate for each composer; these patterns 
were quite different across composers but seemed 
to fit different compositions by the same 
composer. They could be specified numerically in 
terms of the relative amplitudes and durations of 
the tones within a metric cycle. Subsequently, 
Oynes (1986) expanded his scheme to encompass 
one or two higher levels within which the basic 
pulse cycles are nested, and which in tum exhibit 
the temporal and dynamic relationships of the 
composer's inner pulse, so that the mythmic 
surface pattern is a multiplicative combination of 
higher- and lower-level pulse parameters. 

These pulse patterns, then, represent Oynes's 
subjective judgment, which identifies his 
enterprise as being partially in the intellectual 
tradition of Sievers and Becking. What 
distinguishes it from its historic precedents, 
however, is that the pulses are quantified and 
hence open to empirical tests. Several attempts 
have been made to test the effectiveness of 
Oynes's specifications in conveying the 
composer's individuality to unbiased listeners. 
The method was to generate computer 
performances of several composers' pieces with 
each composer's pulse, in a factorial design, and 
to see whether listeners prefer the performances 
with the "appropriate" pulse over the others. 
Several experiments by Thompson (1989) and by 
Repp (1989, 1990a) have yielded mixed results, 
but the most recent study, conducted by Oynes 
himself (in press), provided unambiguous 
evidence that highly trained musicians prefer the 
appropriate composers' pulses over inappropriate 



pulses in computer-generated performances. 
However, questions remain about how a 
composer's inner pulse is manifested in human 
performances, where many factors besides the 
composer's individuality may affect the expressive 
microstructure (see Repp, 1990b; 1992). 

In these studies, the emphasis was on the 
quantification and perceptual evaluation of cyclic 
pulse patterns, not so much on their relation to 
physical movement Clynes and Walker (1982) 
addressed this latter point by investigating the 
biological "transfer function" between rhythmic 
sound patterns and the rhythmic movement of a 
human listener. The subject pressed on a 
sentograph while listening to cyclic repetitions of 
two tones having variable onset times, durations, 
and amplitudes. The resulting averaged pressure 
curves varied systematically with the sound 
patterns presented For example, the downward 
movement of the finger, which usually 
accompanied the louder of the two tones, 
depended on the temporal separation of the softer 
tone from the louder tone. The timing of the 
upward movement depended on tone duration: 
Patterns of long tones resulted in smooth, round 
movements, whereas patterns of short tones (with 
long gaps in between) induced sharp, angular 
movements. 

To relate these results, obtained with arbitrary 
rhythmic patterns, to the hypothesized pulse 
patterns of actual music, Clynes and Walker 
matched two-tone patterns to synchronously 
played music. They adjusted the physical 
parameters of the two tones until they perceived a 
congruence with the musical rhythm. 
Subsequently, they had subjects press the 
sentograph when listening either to the music or to 
the matched two-tone pulse pattern. There was a 
significant similarity between these motoric 
responses, indicating that the simple two-tone 
pulse patterns captured the rhythmic pulse of the 
acoustically much more complex music. 

Clynes's theories and research (of which I have 
provided here only a brief glimpse) represent a 
highly original and important contribution to 
music psychology. However, his observations are 
in need of extension and replication in other 
laboratories, as they are often based on very 
limited data. I find it regrettable that so few 
researchers have pursued the intriguing avenues 
opened up by this exceptionally creative mind in 
our midst 

While Clynes was inspired by the ideas of 
Becking, Todd is in some ways the intellectual 
heir of Truslit. The most obvious coincidence is 
both authors' hypothesis that the perception of 
musical motion may be mediated somehow by the 
vestibular system (Todd, 1992a, 1992b, 1992c; 

1993). Although there is little evidence that 
vestibular stimulation actually occurs in ordinary 
music listening conditions, perhaps this is not 
really necessary: The sound patterns that 
characterize body movement could be recognized 
at an abstract auditory or cognitive level. They 
may be the very same as those that, under certain 
extreme conditions (e.g., in very loud music), can 
evoke vestibular sensations. 

Uke Truslit, Todd is concerned primarily with 
motion at the level of the whole body, rather than 
of the limbs or fingers. He, as did Truslit before 
him, appeals to physiological evidence for two 
distinct motor systems, the ventromedial and 
lateral systems (Todd, 1992b). The former 
controls body posture and motion, and is closely 
linked with the vestibular system. Since larger 
masses are to be moved, the movements are 
slower than those possible with feet, hands, and 
fingers, which are controlled by the lateral system. 
Typically their cycles extend over several seconds, 
whereas the pulse microstructure studied by 
Clynes (and executed by finger pressure on the 
sentograph) is contained within cycles of roughly 
1 s duration that may be nested within the larger 
cycles described by Truslit and Todd. Recently, 
Todd (1992c; Todd, Clarke, and Davidson, 1993) 
has begun to study the motoric instantiation of 
these larger cycles in the "expressive body sway" 
of performers. His preliminary data indicate that 
pianists' head movements are synchronized with 
expressive tempo fluctuations in the music, such 
that tempo minima coincide with turning points in 
the head movement Observations such as these 
have led Todd to propose that expressive variation 
in tempo and in the correlated dynamics may be a 
representation of self-motion. Clearly, such a 
representation has the potential of inducing actual 
or imaginary motion of a similar kind in a 
listener/observer. 

Concerning the tempo variations in 
performances, Todd (1992a, 1992d) has presented 
evidence that they are a linear function of real 
time. In other words, expressive timing consists 
of alternating phases of constant acceleration and 
deceleration, one cycle typically corresponding to 
a musical group or phrase. Listeners also seem to 
prefer performances whose timing follows this 
rule, although more extensive perceptual tests 
remain to be done. Constant acceleration or 
deceleration seems to characterize various forms 
of physical and biological motion, so that music 
having this property would seem an optimal 
stimulus for the perception and induction of 
motion. Todd (1992a) has also begun to 
investigate the way in which changes in musical 
dynamics go along with changes in timing and has 
devised a system for the automatic extraction of 
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hierarchical rhytlunic structure from the amplitude 
envelope of the acoustic signal (Todd, 1994). 
This is exciting work at the cutting edge of 
contemporary research on music performance. 

Research on Biological Motion 
Evidence for constraints on natural motion comes 
from research on human motor control. There is 
one body of research that seems particularly 
relevant to me, which is due to Paolo Viviani and 
his collaborators (see Viviani, 1990; Viviani and 
Laissard, 1991). Over the last decade, they have 
investigated the constraints that link the geometry 
and the kinematics of guided hand movements. 
The movements in question involved the drawing 
or tracking of ellipses or of more complex 
curvilinear paths. The consistent finding has been 
that, within a single coherent movement, velocity 
varies as a power function of trajectory CUlvature 
(Viviani and Terzuolo, 1982; Viviani and 
Cenzato, 1985; Viviani and Schneider, 1991). In 
other words, the greater the local curvature, the 
slower the movement. Viviani, Campadelli, and 
Mounod (1987) have demonstrated that subjects 
are unable to track accurately a light point moving 
at a constant velocity around an elliptic path, 
whereas the task is easy when the target velocity 
changes with curvature according to the power 
function. It has also been shown that dynamic 
visual stimuli of the latter kind are judged by 
observers to represent constant velocity, whereas 
elliptic stimuli exhibiting constant velocity seem 
to vary in velocity (Viviani and Stucchi, 1992). 

The spatio-temporal coupling described in this 
research on biological movement enhances 
considerably the scientific respectability of the 
technique of "accompanying movements" 
developed by Sievers, Becking, and particularly 
by Truslit. If spatial trajectory determines the 
velocity profile, then a particular velocity profile 
also implies a spatial trajectory of a particular 
kind What Truslit evidently did was to convert 
the velocity information available in the temporal 
and dynamic microstructure of music into arm 
movements with a matching spatial trajectory 
whose direction also took the melodic pitch 
contour into account. In his book he describes 
how, with practice, a close subjective match 
between the spatial trajectory and the auditory 
information can be achieved What seemed like a 
highly idiosyncratic method at first may in fact 
have a solid foundation in the constraints of 
biological motion. 

Conclusions 
I conclude from this very limited survey that 
music, by virtue of its temporal and dynamic 
microstructure, has the potential to represent 

forms of natural motion and to elicit 
corresponding Inovements in a human listener. 
While a rigid rltythm may elicit only foot tapping 
or finger snapping, an expressively modulated 
structure can specify movements with complex 
spatial trajectOries that, for the purpose of 
demonstration and analysis, can be realized as 
guided movements of the limbs or the whole body. 
However, execution of such movements is not 
necessary to appreciate the motion information: 
Experienced listeners, at least, can judge by ear 
whether the musical motion is natural or 
awkward, and they can move along with the music 
inwardly, as it were. An aesthetically satisfying 
performance presumably is one whose 
microstructure satisfies basic constraints of 
biological motion while also being responsive to 
the structural and stylistic requirements of the 
composition. 

References 
Becking, G. (1928). Der musikalische Rhythmus a1s 

Erkenntnisquelle. Augsburg: Benno Filser. 
Clynes, M. (1977). Sentics: The Touch of the 

Emotions. New York: Doubleday. 
Clynes, M. (1983). Expressive microstructure in 

music, linked to living qualities. In 1. Sundberg 
(ed.), Studies of Music Performance (pp. 76-181). 
Stockholm: Royal Swedish Academy of Music 
(Publication No. 39). 

Clynes, M. (1986). Generative principles of musical 
thought: Integration of micro-structure with 
structure. Communication and Cognition (CC
AI), 3, 185-223. 

Clynes, M. (1992). Time-forms, Nature's generators 
and communicators of emotion. In Proceedings of 
the IEEE International Workshop on Robot and 
Human Communication, Tokyo (pp. 1-14). 

Clynes, M. (in press). Composers' pulses are liked 
most by the best musicians. Cognition. 

Clynes, M., and Walker, J. (1982). Neurobiologic 
functions of rhythm, time, and pulse in music. In 
M. Clynes (ed.), Music, Mind, and Brain (pp. 
171-216). New York: Plenum Press. 

Gibson, J. J. (1979). The Ecological Approach to 
Visual Perception. Boston: Houghton Mifflin. 

Langer, S. (1953). Feeling and Form. New York: 
Scribner. 

Nohl, H. (1920). Stil und Weltanschauung. Jena: 

134 

Eugen Diederichs. 
Repp, B. H. (1989). Expressive microstructure in 

music: A preliminary perceptual assessment of 
four composers' "pulses". Music Perception, 6, 
243-274. 

Repp, B. H. (1990a). Further perceptual evaluations 
of pulse microstructure in computer performances 
of classical piano music. Music Perception, 8, 1-
33. 



Repp, B. H. (1990b). Patterns of expressive timing in 
performances of a Beethoven minuet by nineteen 
famous pianists. Journal of the Acoustical Society 
of America, 88,622-641. 

Repp, B. H. (1992). Diversity and commonality in 
music performance: An analysis of timing 
microstructure in Schumann's "Trllumerei". 
Journal of the Acoustical Society of America, 92, 
2546-2568. 

Repp, B. H. (1993). Music as motion: A synopsis of 
Alexander Truslit's (1938) "Gestaltung und 
Bewegung in der Musik". Psychology of Music, 
21,48-72. 

Rutz, O. (1911). Musik, Wort und K6rper als 
Gemutsausdruck. Leipzig. 

Rutz, O. (1922). Sprache, Gesang und K6rperhaltung 
(2nd edition). Moochen. 

Sessions, R. (1950). The Musical Experience of 
Composer, Performer, Listener. Princeton: 
Princeton University Press. 

Sievers, E. (1924). Ziele und Wege der 
Schallanalyse. Heidelberg: Carl Winter's 
Universitlltsbuchhandlung. 

Thompson, W. F. (1989). Composer-specific aspects 
of musical performance: An evaluation of 
Clynes's theory of pulse for Music Perception, 7, 
15-42.performances of Mozart and Beethoven. 

Todd, N. P. McA. (1992a). The dynamics of 
dynamics: A model of musical expression. 
Journal of the Acoustical Society of America, 91, 
3540-3550. 

Todd, N. P. McA. (1992b). Music and motion: A 
personal view. In C. Auxiette, C. Drake, and C. 
Gerard (eds.), Proceedings of the Fourth Rhythm 
Workshop: Rhythm Perception and Production 
(pp. 123-128). Bourges, France. 

Todd, N. P. McA. (1992c). The communication of 
self-motion in musical expression. Proceedings of 
the International Workshop on Man-Machine 
Studies in Live Performance (pp. 151-162). Pisa, 
Italy: CNUCE/CNR. 

Todd, N. P. McA. (1992d). The kinematics of 
musical expression. Submitted for publication. 

Todd, N. P. McA. (1993). Vestibular feedback in 
musical performance: Response to Somatosensory 
Feedback in Musical Performance (edited by 
Sundberg and Verrillo). Music Perception, 10, 
379-382. 

Todd, N. P. McA. (1994). The auditory "primal 
sketch": A multiscale model of rhythmic 
grouping. Journal of New Music Research, 23, 25-
71. 

Todd, N. P. McA., Clarke, E. F., and Davidson, J. 
(1993). The representation of self-motion in 
expressive performance. Paper presented at the 
Annual Conference of the Society for Music 
Perception and Cognition, June 16-19, University 
of Pennsylvania, Philadelphia. 

Truslit, A. (1938). Gestaltung und Bewegung in der 
Musik. Berlin-Lichterfelde: Chr. Friedrich 
Vieweg. 

Ungeheuer, G. (1964). Die Schallanalyse von 
Sievers. Zeitschrift ffir Mundartenforschung, 31, 
97-124. 

Viviani, P. (1990). Common factors in the control of 
free and constrained movements. In M. Jeannerod 
(ed.) , Attention and Performance XIII (pp. 345-
373). Hillsdale, NJ: Erlbaum. 

Viviani, P., Campadelli, P., and Mounoud, P. (1987). 
Visuo-manual pursuit tracking of human two
dimensional movements. Journal of Experimental 
Psychology: Human Perception and Performance, 
13,62-78. 

Viviani, P., and Cenzato, M. (1985). Segmentation 
and coupling in complex movements. Journal of 
Experimental Psychology: Human Perception and 
Performance, 11,828-845. 

Viviani, P., and Laissard, G. (1991). Timing control 
in motor sequences. In J. Fagard and P. H. Wolff 
(eds.), The Development of Timing Control and 
Temporal Organization in Coordinated Action 
(pp.I-36). Amsterdam: Elsevier. 

Viviani, P., and Schneider, R. (1991). A 
developmental study of the relationship between 
geometry and kinematics in drawing movements. 
Journal of Experimental Psychology: Human 
Perception and Performance, 17, 198-218. 

Viviani, P.. and Stucchi, N. (1992). Biological 
movements look uniform: Evidence of motor
perceptual interactions. Journal of Experimental 
Psychology: Human Perception and Performance, 
18.603-623. 

135 

Viviani, P., and Terzuolo, C. (1982). Trajectory 
determines movement dynamics. Neuroscience. 7, 
431-437. 

Zuckerkandl, V. (1973). Sound and Symbol: Music 
and the External World (W. R. Trask. trans.). 
Princeton: Princeton University Press. (Original 
work published 1956.) 



Music and locomotion 
-Perception of tones with envelopes replicating 
force patterns of walking 
J Sundberg, A Friberg & L Fryden 

Abstract 
Music listening often produces associations to locomotion. This suggests that some patterns in music are similar 
to those perceived during locomotion. The present investigation tests the hypothesis that the sound level envelope 
of tones allude to force patterns associated with walking and dancing. Six examples of such force patterns were 
recorded using a force platform, and the vertical components were translated from kg to dB and used as level 
envelopes for tones. Sequences of four copies of each of these tones were presented with four different ftxed inter
onset times. Music students were asked to characterize these sequences. In one test, the subjects were free to use 
any expression, and the occurrence of motion words in the responses was examined. In another test, they were 
asked to describe the sequences along 24 motion adjective scales, and the responses were submitted to a factor 
analysis. The results from the three tests showed a reasonable degree of coherence, suggesting that associations to 
locomotions are likely to occur under these conditions, particularly when (1) the inter-onset time is similar to the 
inter-step time typical of walking, and (2) when the inter-onset time agreed with that observed when the gait 
patterns were recorded. The latter observation suggests that the different motion patterns thus translated to sound 
level envelopes also may convey information on the type of motion. 

Introduction 
Ideas of locomotion often seem an important part 
of the experience of listening to music (see e. g, 
Gabrielson 1973), and many musical tenns refer 
directly to locomotion, e. g., andante (walking), 
corrente (runrrlng) , slow or fast tempo etc. 1bis 
suggests that there are perceptually salient 
qualities in music which reminds a listener of 
locomotion. In this investigation we investigate the 
hypothesis that the amplitude envelope of tones 
may allude to force patterns during walking. 
Walking can be perfonned at different rates and in 
differing styles. 

Physical data on gaits 
Data on different types of gaits were collected by 
means of a force platfonn sensing forces in all 
three directions at the Physiology Department 3 of 
the Karolinska Institute. The signals 
corresponding to each of these forces were 
recorded on three tracks of a TEAC FM 
multichannel tape recorder and also in real time 
on an inkwriter. In addition an audio recording 
was made. 

Two subjects were used, one untrained and the 
other a professional dancer and choreographer. 
The untrained subject demonstrated three types of 
walking gaits: a forceful, energetic type, a 
forceless, tired type, and a type of walking in a 
slow, solemn procession. To obtain a variety of 
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choreographic gaits, music excerpts of different 
styles were played and the choreographer 
improvized dancing which he felt to be in 
accordance with the excerpts. 

The subjects placed the right foot on the 
platfonn when passing it. At least three copies of 
each type of gait was recorded, the platfonn 
recording one step for each attempt. Mostly, the 
patterns recorded for each gait were reasonably 
similar. 

One typical example was selected of each of 
six different gait patterns which showed clearly 
differing characteristics in the vertical component, 
three from walking and three from dancing, see 
Figure 1. Henceforth they will be referred to as 
Twin Hump, Forceless, Procession, Single 
Hump, Modern Dance and Long Low Level. 

Translation to sound parameters 
The six patterns, digitized and computer stored, 
were used as amplitude patterns of stimulus tones 
by simply substituting kg by dB such that the 
peak force corresponded to 0 dB and zero force to 
-64 dB. Thus, each force pattern resulted in a 
particular sound level envelope. All stimulus tones 
were equal in peak sound level and pitch (G3, 196 
Hz). They were generated on a YAMAHA FB-OI 
synthesizer controlled via MIDI by a Macintosh 
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Figure 1: Vertical force component for the six gait patterns used in the investigation. 

computer and adjusted to an organ timbre. Within 
each stimulus the same tone was repeated four 
times with a constant interonset intelVal. The 
tones alternated between the left and right tape 
track. The six gait patterns are presented at the 
original tempi in Sound Example 1. 

Such sound sequences were recorded at four 
different tempi, i. e. with 4 different interonset 
intelVa1s: (1) the original tempo, (2) 25% faster, 
(3) 25% slower, and (4) in a standard tempo, 
interonset intelVal = 820 ms, the mean of the 
original intelVals for the six gaits. Two copies of 
each of the resulting 24 tone sequences (6 gait 
types x 4 tempi) were recorded in randomized 
order on digital audio tape. Throughout the tape 
each tone sequence was played two times in 
succession with a 3 sec pause between the first 
and the second presentation; the pause between 
different stimuli was 12 s. The entire tape took 18 
min. 

The occurrence of motional quality in all these 
tone sequence stimuli was investigated by means 
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of listening tests designed in collaboration with 
Alf Gabrielsson, Department of Psychology at 
Uppsala University. The basic idea was first to 
find out if some of the stimuli possessed any 
motio~ quality .at all, and then to try to explore 
the kind of motion that the stimuli caused the 
subjects to think of. Two tests were run in a class 
room using different groups of 10 students from 
the rhythm pedagogue class of the Stockholm 
ConselVatory of Music. 

Experiment 1 
In on~ experiment the subjects were asked only to 
descnbe the tone sequences in any tenos that they 
found appropriate. The responses obtained were 
very varied, ranging from tempo-related tenos 
such as "stumbling", "running", ''bouncing'', to 
tenos which were hard to interpret such as 
"hospital", "hysterical", "spare me", "mosquito". 
The responses obtained from the same subject for 
the first and second presentation of the same 
simuli both contained motion words only 
occasionally. This is not surprising since the 



RELEVANCE OF ABSOLUTE TEMPO 
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Figure 2: Effect of absolute tempo, given as 
the intertone interval, on the number of 
motion word responses obtained in 
Experiment 1. Note the peak near 650 ms. 

perception of the stimuli could be expected to be 
multidimensional. 

The results showed that motion word 
responses occurred particularly frequently under 
three conditions, (1) when the absolute intertone 
interval was close to 600 ms, (2) when the 
patterns were presented at the original tempo, and 
(3) when humps in the amplitude envelope fonned 
simple time patterns. 

The relevance of the absolute tempo is 
illustrated in Figure 2 showing the total number of 
motion word responses plotted versus the mean 
presentation tempo for each gait The curve shows 
a peak near 650 ms which is a typical interstep 
interval in neutral walking (Nilsson & 
Thorstensson 1989; Fraisse 1982). 

The relevance of the original tempo is 
illustrated in Figure 3 showing the results for the 
standard tempo, i. e., with an interonset interval 
of 820 ms. The number of motion word responses 
is plotted against the ratio between the original 
and the standard tempo, unity thus corresponding 
to the case that the standard tempo was equal to 
the original tempo for that step pattern. The peak 
of the curve at unity indicates that the greatest 
number of motion words was obtained when the 
standard tempo happened to agree with the 
original tempo. 

As shown in Figure I, several gait patterns 
contained more or less marlced humps which may 
be perceived as accents. Each stimulus consisted 

of 4 repetitions of the same tone. It then seems 
likely that the stimulus appeared particularly 
compatible With the idea of a motion when the 
humps formed a simple coherent time pattern. 

There were two' clear humps 330 ms apart in 
the Twin Hump pattern. When presented at fast, 
original and slow tempi this pattern caused 9, 7, 
and 8 motion word responses, respectively, but 
when presented at the normalized tempo, only two 
such responses were obtained In the fast tempo 
the second hump appeared at 330 ms and the first 
hump of the following tone after 430 ms, so the 
duration pattern was very close to the ratio 
3:1 (J J ). likewise, in the slow tempo the first 
hump of the next tone appeared after 714 ms, or 
54 ms later than in a metrical 1: 1 ratio; departures 
of this magnitude can be found in music 
performance. Similarly, the original tempo 
presented the first hump of the following tone 
after 570 ms, so the humps appeared at 330 and 
240 ms intervals, i. e. close to a 3:2 ratio of 
duration. For the nonnalized tempo the duration 
ratio between the humps was almost exactly 2:3. 
The first hump had a faster rise time and thus 
tended to sound more stressed than the second 
hump, see Figure 1. The short stressed beat and 
the subsequent longer unstressed beat may have 
appeared queer from a locomotion point of view 
and caused a low number of motion word 
responses. 

Experiment 2 
In Experiment 2 subjects were asked to describe 
along 24 adjective scales each of the stimuli used 
in Test 1. The adjectives were selected taking into 
consideration the motion words obtained in 
Experiment 1 and also the adjectives used by 
Gabrielsson (1973) in studies of musical rhythm. 

The subjects were given sheets on which each 
adjective was represented by a line. On this line 
the subjects marked, on a scale ranging from nil to 
extremely, how much of the quality represented by 
the adjective they felt the stimulus possessed. The 
same tape as in Experiment 1 was played over 
loudspeakers to all subjects in one session, 
although this time each stimulus occurred only 
once. The experimenter waited until all subjects 
had finished their responses before he played the 
next stimulus. The experiment took about 30 min. 

The subjects' response markings were 
measured and submitted to factor analysis. An 
analysis was selected which contained 4 factors 
explaining 86% of the variance. Adjectives 
associated with the extremes of these factors were 
for factor 1 swift - solemn (55% of the variation), 
for factor 2 gracious - stamping (15% of the 
variation), for factor 3 limping - forceful (11 % of 
the variation), and for factor 4 springy (no 

138 



RELEVANCE OF ORIGINAL TEMPO 

0 .6 0 .7 O.B 0 .9 1.1 1.2 1 .3 1.4 1 .5 

ORIGINAl/STANDARD INTERONSET TIME (ms) 

Figure 3: Effect of original tempo on the 
number of motion word responses obtained 
in Experiment 1. The abscissa shows the 
intertone interval ratio between the original 
and the standrd tempo. 

opposite adjective, 6% of the variation). 
Henceforth we will use these adjectives when 

referring to the factors. The factor loadings in 
these four dimensions were calculated for each of 
the stimulus. 

In this experiment the subjects were forced to 
describe their perception in motion terms. In 
Experiment I patterns presented in original tempo 
seemed particularly compatible with a motion 
quality. Therefore, we will limit our analysis to 
original tempo data. 

Factor 1, Swift-Solemn, was strongly 
dependent on the tempo, see Figure 4, thus 
confirming the labeling of this factor. The 
interonset time near 600 ms showed the highest 
positive loading. No such clear relation to tempo 
was observed for the other factors. 

The factor loadings for the stimuli are shown 
in Figure 5. The figure shows that the different 
step patterns evoked different perceptions. The 
patterns derived from walking all showed a rather 
low loading in factor 4 (Springy), while the 
choreographic patterns had a substantially higher 
loading in this factor. The Twin Hump pattern 
was perceived as swift, which would reflect the 
short interonset interval of 571 ms. The 
Procession pattern was perceived as solemn and 
gracious. Thus, in many cases a rather 
appropriate description of the underlying type of 
walking emerged from the factor analysis of the 
perception of the sound stimuli. 

As tempo was an influential factor, and the 
tempo differed between the patterns, an important 
question is how much of the differences in the 
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Figure 4: Relation between interonset time and 
the loading in/actor 1 (Swift-Solemn). 

factor score profiles can be ascribed to the tempo 
differences? This question can be answered by 
comparing the factor score profiles for stimuli 
with similar tempi. Twin Hump and Forceless 
differed by 5 % in interonset time, and showed 
rather similar factor score profiles. Single Hump 
and Modern Dance differed by 12% in tempo 
and showed a marked difference in the factor 
"Umping - Forceful". Procession and Long Low 
Level differed by 7% in interonset time and 
showed clear differences in factors 3 and 4. Thus, 
the factor score differences do not seem to reflect 
merely tempo differences. 

As these descriptions differed between the 
stimuli and as they often seemed rather 
appropriate also for the underlying step patterns, 
it seems fair to conclude that basic characteristics 
of the step patterns actually survived our rather 
bold translation from kg of vertical force to sound 
level in dB. 

Discussion 
In Experiment 1 motion word responses were 
frequently obtained when the tempo was the 
original one or when it was close to a typical 
walking tempo. This result supports the 
assumption that the subjects recognized that the 
stimuli beared some ressemblance to locomotion. 
In Experiment 2 many descriptions emerged that 
seemed quite appropriate for the motional 
qualities of the gaits underlying the stimuli. This 
supports the assumption that listeners' 
associations to locomotion may be conveyed by 
tones whose sound level envelopes have certain 
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RESULT OF FACTOR ANALYSIS 
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Figure 5: Factor loadings for stimuli presented at original tempo. 

similarities with the force patterns associated with 
walking. 

These results do not imply that the vertical 
force component of walking is the only musically 
relevant aspect of walking. We chose this 
component because it clearly segregated the gait 
patterns, but there is no basis for hypothesizing 
that the lateral or sagittal force components are 
musically irrelevant 

In this test we simply traded kg for dB, but it 
would also have been possible to trade kg for a 
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linear pressure measure in Pascal. Such a solution 
would reduce the relevance of quick amplitude 
changes in the force patterns. The reason why we 
chose the kg-to-dB fonnula was the assumption 
that adding a certain amount of weight is 
perceived as equal for any weight. For instance, it 
seems unlikely that a doubling of the weight is 
always perceived as the same increase in 
perceived quantity; a weight increase from 2 to 4 
grams is probably perceived as much smaller than 
an increase from 30 to 60 kg. 



Conclusions 
The vertical force pattern of different gait types 
seem capable of conveying associations to 
locomotion if translated to sound level envelopes 
of equal tones presented at different tempi. These 
associations seem facilitated if the tempo agrees 
with the original tempo of the gait pattern and/or 
if it is close to a typical walking tempo, i.e. an 
interonset time of about 600 ms. Different gait 
types thus translated to sound level tend to evoke 
associations to different types of locomotion. It is 
likely that such associations can partly explain 
why listening to music often elicits the perception 
of locomotion. 
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Individual differences in the pedal work 
of piano perfonnance 
T Taguti, K Ohgushi & T Sueoka 

Abstract 
The "temporally normalized" pedalling function, pes), was introduced for the basis to compare the depth profiles 
of the damper pedal measured in different piano performances. A distant matrix of {Pies), i=l, ... ,24} of 24 
performances was derived for an excerpt of Chopin's Waltz No.9, played by eight pianists on the same piano 
under three kinds of given, intended musical expressions; then, a two-dimensional MDS (multi-dimensional 
scaling) map of these 24 performances was obtained from this matrix. In terms of intended musical expressions, 
six players are seen to have small intraindividual differences, while the other two players larger ones. By multiple 
regression analysis, the performances, as mapped above, were related with the result of subjective evaluation, 
where the evaluation session consisted of 27 subjects who were asked to rate each performance (tape-recorded 
one) with 22 adjective pairs on a 7-step scaling. The analysis revealed that four adjective pairs "warm - cold," 
"reverberating-dry," "smart-unrefined," and "agreeable-disagreeable" have their own directions on the map with 
multiple correlation coefficients above 0.7, and that the first two among the four pairs are highly correlated with 
the physical, mean depth of the damper pedal. 

1. Introduction 
The modem grand piano has three pedals, i.e., the 
damper pedal (right), the sostenuto pedal (center), 
and the shifting pedal (left). The pedal work, or 
pedaling, is an important technique to create 
musical expressions on the piano. Of these three 
pedals, the damper pedal is used most frequently 
in usual circumstances, and must be subject to the 
most delicate control in both the timing and depth 
of depression. 

A foregoing study on the pedaling of damper 
pedal is found in (Heinlein,1929;1930). His 
analysis included famous pianists' pedal actions 
and experiments with four pianists perfonning 
Schumann's Traumerei, by use of a Duo-Art 
reproducing piano with a specially designed 
kymograph attached; the latter experiments 
imposed ten different performance conditions on 
the pianists. The results revealed many factors, 
such as finger pattern, phrasing, speed of 
rendition, etc., that affect the pianist's customary 
pedal interpretation. 

The present paper deals with the damper
pedaling in a problem setting to analyze not only 
the physical pedal motion but also the perceptual 
difference in the performances. The experimental 
condition is that an excerpt of Chopin's Waltz is 
rendered by eight pianists in three different, 
intended musical expressions. 
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2. Damper-pedaling as a function of 
metrical time 
There are several text books on the technique of 
pedaling, e.g., (Schnabel,1950; Banowetz,1985), 
among others. They usually distinguish the depths 
of damper pedal as the full pedal and a few 
intermediate depths typically as those called 1/4, 
1/2, and 3/4 pedals. Such a classification of pedal 
depths seems sufficient to describe the pedaling 
practice in musical contexts, but a finer resolution 
must be taken into account for physical analysis. 

In our experiment, we used a grand piano 
equipped with a sensing device that measures both 
the motion of the 88 keys and the motion of the 
three pedals with adequate resolution for the 
depths of the damper and shifting pedals 
(yAMAHA Disklavier, model C7B with HG-1R 
player unit). These measurements were recorded 
as midi codes in diskette. 
Figure 1 shows a graphical representation of two 

record samples of the motion of damper pedal. 
(These are the first few bars of performances by 
pianists 1 and 2 taken from our entire data to be 
dealt with in Section 3.) The densely lined area 
indicates intermediate depths that are critical in 
the contact of the dampers to the piano strings, 
that is, at which the dampers touch the piano 
strings at different degrees of contact force, 
causing different degrees of absorption of the 
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Figure 1: Motion of damper pedal in the 
performances by piansists 1 (upper) and 
2(lower) in intended musical expression of 
type A. 

vibration energy of piano strings. 
Let us call the temporal profile of pedal depth 

the pedaling function, and denote it by pet) where 
t is the physical time variable. In our 
measurement, pet) takes values at 16 quantized 
points in the range from 0 to 127 where value 0 
denotes no depression, value 127 a full 
depression, and 14 other values for intermediate 
positions with finer quantization in the partial 
contact zone. 

The pedaling functions, displayed graphically, 
immediately manifest a clear distinction in the 
pedaling practice as the two samples in Fig.1 
show different practices of pedal change in terms 
of the frequency, the timing in relative to the onset 
of notes, the turning depth, etc. Getting these 
statistics is important to study the individual 
differences in pedaling, but here we shall present 
another approach by using the notion of temporal 
normalization for comparison of pedaling practice 
on a common basis. 

The temporally normalized pedaling function, 
or simply, the normalized pedaling junction, pes), 
is defined as the depth profile written in terms of 
the metrical time s. Mathematically it is a function 
in s which is pet) with t replaced by m(s), where t 
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= m( s) is the mapping from the metrical time s to 
the physical time t. The reason for the use of 
metrical time as the independent variable may be 
obvious since the depression of pedal is, in 
general, made in relation to the onsets of notes, so 
the comparison should preferably be based on the 
metrical time, rather than on the physical time. 

3. Experimental data 
(i) Performance session. Eight piano students, 
who were graduate and undergraduate students in 
Kyoto City Univesity of Arts, participated in the 
session. They were asked to render the opening 16 
bars of Chopin's Waltz No.9, A flat major, op.69 
no.1, in three kinds of intended musical 
expressions, (A) in their best way, (B) simply, and 
(C) emotionally (with the sorrow of parting). 
These performances, 24 in total, were recorded in 
a low reverberant listening room via both DAT 
for audio stereo signals and diskette for midi 
codes. 

(li) Evaluation session. Twenty seven subjects, 
who were graduate and undergraduate students, 
and a faculty staff member, in the music faculty 
of Kyoto City University of Arts, participated in 
the session. They were asked to rate each of these 
24 performances by the method of semantic 
differential (SD) with 22 adjective pairs on a 7 
step scaling. The session was held in a medium
sized concert hall where the tape-recorded sound 
materials of randomly ordered 24 performances, 
three or four times per performance, were 
reproduced stereophonically from two 
loudspeakers. 

This experiment was originally aimed at the 
study on the problem of musical communication 
between players and listeners in the case of piano 
performance. The outline of the result was 
reported in (Ohgushi & al., 1992) whose complete 
description will be published elsewhere. The 
present paper is focused on the analysis of 
damper-pedaling, one aspect of the entire 
problem. 

Let Pi (s), (i=1,2, ... ,24), denote the 
normalized pedaling functions of 24 
performances. The definition domain of Pi (s)'s is 
the interval [0, S] with S = 48 beats. Figure 2 
shows two of pls)'s, those by pianists 1 and 2 in 
musical expression of type A. 

4. MDS analysis 

4.1 Physical map 
Define the distance dij betweenpi (s) andpj (s) by 
the root-mean-square value of /E[Pi (s)] - E[pj 
(s)]/ over the interval [O,s] . Here E[ ] is a limiting 
operator such that E[p] = a if P ::; a, and E[p] =c 
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Figure 2: Normalized pedaling functions of performances 1A and 2A. 
Note. The two character code (e.g., 1A) denotes the pianist number (1, 2, .. . , 8) and the 
expression type (A, B, or C). 

if P ~ c, with a = 44 and c = 100. (See, Fig. 1). 
The mean depth di is, by our definition, the root
mean-square value of lE[pi(s)) - al over [0, S]. 

The quantity dij represents the dissimilarity 
of Pi (s) and Pj (s). At this point, we apply 
Kruskal's nonmetric multi-dimensional scaling 
(MDS) method to map of Pi (s). Figure 3 is the 
derived map in a two-dimensionthe 24 x 24 matrix 
D = [dij} to get a similarityal space with stress} = 
0.101. The map reveals that pianists 2, 3, 4, 6, 7, 
and 8 have a small intra-individual difference 
among the three intended musical expressions 
(types A, B, and C) and that pianists 1 and 5 have 
a large one, especially between types A and B. 

Denote by variable d the mean depth of the 
pedaling whose actual values are di 's. Let us find 
an expression of the form qx+ry+c to 
approximate d by the method of least squares 
where (x,y) is the two-dimensional point in the 
MDS map. A routine use of multiple regression 
analysis solves this problem. The result is that this 
expression approximates d very nicely, or that d 
has a highly significant correlation with the 
pedaling as placed in the map of Fig. 3, with 
multiple correlation coefficient 0.981. The 
direction to the point (q, r) from the origin, where 
q and r are the determined values of q and r, is the 
direction of the most rapid increase of d, in other 
words, it is the direction of the mean depth on the 
map. This direction is overlayed in Fig. 3. 

4.2 Subjective correlates 
Denote by variable u the SD rating score of 24 
performances for an adjective pair. Here, the 
actual value of u, Ui for performance i, is set to 
the average of rating scores by all 27 subjects for 
simplicity. The multiple regression analysis, just 
like as applied to the case of the mean depth d, 
revealed that among the 22 adjective pairs, four 
pairs A}:"reverberating - dry", A2:"agreeable-

disagreeable", A3:"smart - unrefined", and 
~:"warm - cold" have a significant correlation 
with the pedaling with multiple correlation 
coefficients above 0.7. The directions of these 
adjective pairs are overlayed also in Fig. 3. 

Notice that the direction of the mean depth d 
nearly parallels the direction of AI, as well as the 
direction of~. Let Uk (k=1,2,3.4) respectively, 
stand for u of A k • The correlation coefficients, 
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Figure 3: Two dimensional MDS map of 
pedaling, stress] = 0.1 01. 
Note 1. For two character codes, see the note 
of Fig. 2. 
Note 2. Numerals in [ ] are multiple 
correlation coefficients. 



c [d; i], benreen d and i, llJe computed as 
follows: c[d,u] = 0.848, cld;u] = 0.636, c[d 
;u3

] = 0.487, and c[d;u] = 0.742. The 
coefficient c[d;ui

], showing a high correlation of 
d with Ai, affinnatively indicates a 'deep -
reverberating' dependence, in other words, it can 
be said that the 
deeper the damper pedal, the more reverberating 
the sound. The coefficient c[d;u4

], showing also a 
high correlation, indicates a 'deep - warm' 
dependence. The coefficient c[ d;i]: sho~~ only 
a moderate correlation, less affirmatively indicates 
a 'deep - agreeable' dependence. On the other 
hand, c[d;i] whose value is 0.487, indicates on1~ 
a little dependence in the 'deep - smart 
relationship. This last fact is understandable 
because A3 could be much more dependent on 
physical attributes such as the mean tempo, 
agogics (local variation of tempo), etc. than the 
depth of pedaling. Still, it is interesting that a 
deeper pedal contributed to a smarter 
performance, though not the deepest pedal to the 
smartest. 

5. Conclusion 
A method to study the problem of individual 

differences in damper-pedaling was presented via 
the notion of normalized pedaling function. The 
MDS technique applied to the distance matrix of 
24 normalized pedaling functions showed their 
intra/inter-individual differences in a two
dimensional map. 

Relation of this map with a set of SO data for 
subjective impression on the performances was 
then studied by use of multiple regression 
analysis. Four adjective pairs out of 22 ones, 
Ai:"reverberating - dry", A2:"agreeable -
disagreeable", A3:"smart - unrefined", and 
~:"warm - cold" were found to ha~e a significant 
correlation. The first and fourth parrs among these 
four, which evaluate the quality of sound, were 
shown to have a close relationship with the mean 
depth of pedaling. 

The authors are grateful to Professor A 
Gabrielsson for comments on this work. 
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Multi-scale analysis of expressive signals: 
Recovery of structure and motion 
N P McAngus Todd 

Abstract 
The rhythm of a piece of music or prosodic structure of a poem can be described as a hierarchical grouping of 
events into a tree-like structure. A system which was able to recover structure from the expressive signal would 
be of great value both as a perceptual model and an analytic tool, not just for music but also for other rhythmic 
signals such as speech. In this paper such a parsing mechanism is proposed in which a structural description 
can be recovered by a multiscale ftlter system. The frequency range of the ftlter system coincides with those of 
natural body movements. 

Introduction 
Research on rhythm and expression in music has 
generally emphasised three separate but related 
aspects (Gabriels son, 1985): (a) a syntactic 
aspect, which concerns the identification of 
structural elements, such as notes and phrases, 
their organizational relations and predictions 
about future elements; (b) a motional aspect, 
which concerns the allusion of music to 
movement, both (i) in a metaphorical sense as is 
suggested by tempo related musical tenns such as 
allegro or accelerando and (ii) in a concrete 
psychobiological sense as is suggested by bodily 
and perceptual responses to rhythmic and 
expressive sound; and (c) an emotional aspect, 
which concerns any cognitive, physiological or 
behavioural component of musical affect. 

This third aspect of expression, the affective 
component, is both the least well understood and 
the most difficult to get an objective measure of. 
A proper discussion of this issue is beyond the 
scope of this paper but it should be noted that this 
aspect is obviously related to the second (aynes, 
1989; Jackendoff, 1988). 

The idea that there is an intimate relationship 
between music and movement can be traced to 
antiquity. Indeed, the tenn rhythm comes from 
the Greek P1l9J.lCOO meaning "way of flowing" 
(Fraisse, 1982). More specifically it has been 
argued by some authors that the origin of phrasing 
lies in simple motor actions such as breathing 
(Stetson, 1905). Translated into perfonnance 
tenns this implies that the temporal and dynamic 
variations associated with the perfonnance of a 
phrase, which may contain a number of events, 
are those of a single movement or gesture. These 
variations are characterized by a rise and fall in 

speed (tempo) and a corresponding rise and fall in 
tension (dynamics). 

Recent studies on the nature of expressive 
tempo variation and dynamics in music have 
attempted to substantiate this idea by providing 
evidence that expressive variation may be 
governed in a manner analogous to natural 
motions (Sundberg \& Verillo, 1980; Kronman & 
Sundberg, 1987; Todd, 1991, 1992a, 1992c, 
submitted(a), submitted(b) ). For example, in 
synthesis studies an accelerando or ritardando 
sounds "natural", i.e. it produces a very definite 
percept, if tempo is made analogous to velocity in 
a system describing a moving mass under a force. 
Such percepts are made more salient when the 
dynamics track the tempo, which is a very strong 
tendency (Todd, 1992a, sound example; 
Gabrielsson, 1987). From a signal processing 
point of view we may regard these covariations as 
a fonn of pulse rate modulation (PRM) and pulse 
amplitude modulation (PAM) (Conner, 1974). In 
both cases one can recover the "signal" (in this 
case a motion fonn) from the "carrier" (in this 
case sound) by integrating or low-pass filtering 
the rectified sound. 
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Consider the effect of two common expressive 
devices. (1) Accenting a beat by making a 
strong beat louder, longer and more legato 
(Sloboda, 1983) has the effect of suddenly 
increasing the smoothed signal at the same time 
producing a relative trough before the accent. (2) 
Marking a phrase with tempo and dynamics 
(Todd, 1985, 1989, 1992a) has the effect of 
producing a Gaussian-like shape in the smoothed 
signal. A sequence of phrases produces a 
sequence of Gaussian-like pulses separated by a 



trough in the low-pass signal. Thus both stress 
and phrasal expression have the effect of inducing 
peaks in the smoothed signal and can be viewed 
as essentially the same process, but operating at 
different time-scales. 

The Analysis System 
The above observations strongly suggests that we 
might successfully apply a multi-scale analysis to 
these phenomena Previously, the multi-scale 
technique (Marr, 1982; Kronland-Martinet, 1988) 
has not been applied to the analysis of rhythm, 
expression and human movement which has 
frequencies several orders of magnitude below 
those of pitch. The essential reason for this 
apparent oversight is that the sound itself has no 
frequency components in the rllythmic range. 
However, the sound energy flux does contain 
such frequencies. It is this fact which provides the 
key to the parsing mechanism proposed in this 
paper (Todd, 1992b, 1993a,b,c). This is 
interesting also because, as discussed above, this 

is how one recovers the motional form. Thus, 
according to this view, a multi-scale 
decomposition of the sound energy flux, which we 
refer to as a rhythmogram captures both the 
structural and motional information in an 
expressive signal. 

Analyses of expressive and rllythmic signals 
indicate that frequencies of interest cover about 
three decades ranging from the longest dynamic 
and temporal variations of symphonic proportions 
(O.01Hz) to the fastest trill or vibrato (10Hz). 
Phrasal type expression has a range about O.IHz 
- O.4Hz. Thus the frequencies we are interested in 
start just below audio down to well into the 
vestibular range (Todd, 1993c). Musical 
structures are generally of a binary nature 
(Longet-Higgins, 1976; Lerdahl & Jackendoff, 
1983; Sundberg & Lindblom, 1976). For 
example, at a phrase level we commonly have 
two bars in a sub-phrase, two sub-phrases in a 
four bar phrase, two phrases in an 
antecedent/consequent structure, etc. Oearly 
such structural levels are logarithmically related 
We thus choose logarithmic spacing for the 
channels. (For a more detailed description of this 
system see Todd (1993c)). 

Example 
Below we show a simple example of the 
response of the system. The sound input for the 
example was generated by a synthesis model 
using a linear approximation to the Gaussian 
pulse (Todd, 1992a). 
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pI p2 p3 p4 

Figure 1: A simple four phrase structure 
which formed the input to a synthesis 
algorithm. 

The input to the algorithm was a simple four 
phrase structure pI, p2, p3 and p4 (figure 1). 
Each phrase consisted of 16 beats (cymbol taps) 
arranged in a linear ramp. Three versions at 
different tempi ranges, but with identical intensity 
range (MIDI vel. 0.3-1) were produced. The tempi 
ranges were (1) slow (2-4 bps), (2) medium (4-8 
bps) and (3) fast (8-16 bps). The audio signal 
was generated by a Yamaha SY22 synthesizer 
(see sound example). The audio signal is full
wave rectified, low-pass filtered then sampled at 
about 100Hz. The samples then form the input to 
a digital filter bank. 

1.4 
4th order, 
Gaussian low~pass, 

1.2 3dB point a.5Hz 

~ 1 

~ 
OJ 
.~ .8 
'0 .s g .6 

~ 

ptp2p3p4 

time (seconds) 

Figure 2: The output of the 05Hz channel of 
the digital filter-bank in response to the 
signal generated by the synthesis algorithm. 



The motional character of expression is 
elegantly captured by the rhythmogram since 
each of the filters could in principle be realized 
physically as a mass-spring-damper mechanism. 
The recovery of motional fOIm is illustrated by the 
output a channel (figure 2). 

The structural aspect can also be recovered 
from zero-crossing points of the first-derivative of 
the smoothed signal for each channel. If these are 
projected onto a time-constant/time graph a tree
like pattern emerges (figure 3). 

50 
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p3 : 
p2 • : , . 

medium 

fast 

' p4 

; 

70 

Figure 3: The hierarchical structure 
obtained by projecting zero-crossing points 
for each channel onto a time-constant/time 
graph. 

Conclusion 
We may summarize the main points of this paper 
as follows. 
(1) The energy of an expressive signal can be 
hierarchically segmented; 
(2) The segments have the fOIm of a movement; 
(3) A perceptual mechanism can be modelled as 
an array of forced/damped/oscillators whose 
impulse response is approximately Gaussian; 

These observations lead to the hypothesis that 
the segments will be perceived as having a 
motional or gestural quality if the time-scale of 
the segments coincide with those of limb or body 
motions. Dearly, more wolk is required to test 
whether the analysis system described here may 
also be regarded as a perceptual model. 

A recent development of this system has 
included an ear model as a front end Thus, rather 
than take the raw sound energy, the input is 
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obtained from a gammatone filter-bank (patterson 
and Holdsworth, 1992) and a hair-cell model 
(Meddis, 1988). Results from this are very 
encouraging (Todd and Lee, submitted; Todd, 
1994; Todd and Brown, 1994). 
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Perception of micro dynamical variation 
in piano performances 
JTro 

Abstract 
The micro variations in musical dynamics, i.e. small deviations in the piano key velocity, are of ubnost 
importance for the perception of the musical dynamics and the human musical touch. This paper describes 
experiments perfonned with the MIDI-ized Yamaha Disklavier as the sound source in order to evaluate 
variations in the micro-dynamical musical structure. The ftrst test deals with JND (Just Noticeable Differences) 
of piano key velocity (MIDI Velocity). This experiment is based on scale-like or piece-vise scale-like phrases. In 
the second experiment we examine the influence of micro dynamical variations on the perceived musical 
impression. This test is based on key velocity manipulation in two piano pieces of different musical styles (a jazz 
version of St. Thomas and excerpts from Beethoven's Sonata Pathetique). 

Introduction 
The evaluation of musical dynamics puts forward 
the demand for two major qualities for an 
acceptable test stimulus, - high repeatability and a 
proper musical context The use of a MIDI-ized 
piano (Yamaha Disklavier) makes it possible to 
do parametric manipulations in the macro 
(overall) as well in the micro (single tone) 
dynamics, the repeatability is highly acceptable 
and the sound does originate from a 'live" 
acoustical sound source. 

The main goals for these listening tests are 1) 
an attempt to describe the usability of the piano 
itself as a sound source for the reproduction of 
musical stimuli and parametric variations in the 
micro dynamics, and 2) an attempt to establish a 
link between the intended (performed) and the 
experienced musical dynamics based mainly on 
the auditory perception. It is of utmost importance 
to point out the need for this kind of a 
psychological "correct" and live musical stimulus 
as we are actually creating different performers 
rather than processing the sound stimulus itself. 

Experiment design 
All the musical material used as stimuli are based 
on MIDI-controlled events. This paper describes 
two groups of listening tests. All the recordings 
have been transfered in the MIDI File 1 format 
between sequencer programmes and MIDI Key 
Velocity-manipulating programmes. 

The goal of the first experiment was to 
examine Just Noticeable Differences (JND) of 
dynamical variations for single tones in performed 
five-tone phrases. The stimuli contained eight 
different five-tone complexes (diatonic or piece-
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vice diatonic phrases in different keys) as shown 
in Figure 1. 

1 2 II -
V .. .. r 

II 3_ 4_ 

!v ..- ~ 

II 5......, 6_ 

Iv ..-

II 7 .. 8 

'v ~ ... . 
Figure 1: 8 stimuli for the JND listening test. 

The stimuli were presented in three different 
tempi, as eights in M.M.= 80, 120 and 160 (i.e. 
160, 240 and 320 eights per minutes). All the 
notes were presented with the default MIDI Key 
Velocity 64 except for the middle tone (tone no.3) 
which varied in Key Velocity from 52 to 76 in 
steps of 3, i.e. 9 different values: 52, 55, 58, 61, 
64, 67, 70, 73 and 76. This equals a total span of 
5.2 dB. 

The comparison test was based on the 
following explanation and question: 
You will hear a five-tone phrase repeated three 



times. The sound level of the middle tone (tone 
no. 3) is softer, equally loud or louder than the 
other tones (no.1, 2,4 and 5) in the presentation. 
Evaluate the repeated phrase and answer the 
question by marking a box: "Is the middle tone 
(tone no. 3) softer, equally loud or louder than 
the other tones in the phrase?" (Ref. Figure 1) 

The listening test has been performed in a 
damped chamber (concrete floor, damped walls) 
with a PC-controlled Yamaha Disklavier as the 
acoustical sound source. Comfortable chairs (2-3) 
placed in front of the piano gave the possibility of 
both listen to the piano sound as well as see the 
moving keys of the keyboard. All 10 test persons 
were trained listeners (musicians). The listeners 
had the same introduction including instructive 
experiment examples. The answer of each 
evaluation was given by marking one of three 
boxes (softer, equal, louder) on a preprinted 
form. Each motif was presented three times (in 
three 4/4 bars) plus 1 bar for 
evaluation/answering. 

The second group of experiments deals with 
the evaluation of experienced and preferred 
musical dynamics in excerpts of MIDI-recorded 
performances. We picked two short excerpts 
performed in very different musical styles, the 
first part of a jazz version of St. Thomas (21 
seconds) and first part of the Rondo from 
Beethoven's Sonata Pathetique (18 seconds). The 
jazz tune was performed by the Swedish jazz 
pianist Bobo Stensson and recorded December 
1992 in our laboratory in Trondheim on the same 
instrument as we used for playback in the 
listening tests. The Rondo excerpt is taken from 
the original Yamaha MIDI-recording of Gerhard 
Oppitz in Hamburg, Apri11988. 

In two separate listening tests of paired 
comparison the music was presented in alternating 
pairs of dynamical contours. Based on musical 
considerations the dynamical contours are 
designed differently in the two tests. The listening 
task was presented as follows: 
"Compare the two musical versions A and B, 
and answer the questions. 
1. Which one do you prefer?" 
2. Which one is loudest? 
3. Which one do you feel has the largest 

dynamic range? 
4. Which one is rhythmically most emphasized? 

The St. Thomas test 
The performance of the St. Thomas tune 
contained several very soft key actions (MIDI 
Key Velocity < 25). This is the jazzpianist's 
specific way of improvisational playing. A 
dynamic expansion with a strongly increased Key 
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Velocity in this lower region would make the 
performance dynamics sound strongly unnatural. 
A linear compression/expansion CUlve starting at 
point (1,1) with a complex factor k:i close to 1.0 
would keep the musical dynamics reasonably 
intact due to less impact on the lower region of the 
dynamic scale. The dynamical contours are still 
significantly different. 5 complex factors have 
been chosen based on the former JND-tests. The 
contours follow the equation 

MIDI Key Velocity out = ki . MIDI Key 
VelocitYin; (ki = 0.61, 0.80, 1.0, 1.20, 1.39) 

Numbered from 1 to 5 the curves no. 1 and 2 
compress the original musical dynamics. Curve 
no. 3 keeps the dynamics intact while the CUlVes 
no. 4 and 5 expand the originally performed 
musical dynamics. 

The Disklavier recordings have been 
transferred to MIDI I-format (with the Voyetra 
Sequencer Gold program), transformed according 
to the chosen complex factor (with the Cakewalk 
Application Language CAL), and transferred 
back to Disklavier format in order to run the 
Disklavier from the internal prosessor to avoid 
disturbing computer noise during the listening 
tests. 

The Sonata Pathetique, Rondo test 
The different compression/expansion curves are 
named according to the position in the graph. 

'28 

r--
~ 

~ 
v 

64 

KeyVel in 

96 

- LoHi 

~MiMj 

- -- HiLo 

128 

Figure 2: Dynamical contours for the Rondo 
listening test. 

The LoHi contour follows the points (1,20) 
(32,20) (96,108) (128,108). The MiMi contour 
follows (1,32) (32,32) (96,96) (128,96), and the 
HiLo contour follows (1,44) (32,44) (96,84) 
(128,96). Including all the combinations, these 9 
curves are named LoLo, LoMi, LoHi, MiLo, 
MiMi, MiHi, HiLo, HiMi, HiHi. They are 
numbered from 1 to 9, respectively. 

The recording, transformation and 



manipulating procedures are simular to those used 
in the St. Thomas example. 

Data analyses and listening test results 
The St. Thomas stimuli matrix Ft (5x5) gives n(n-
1 )/2 = 10 different pairs of comparison. In order 
to avoid unbalanced results every 20 pair is 
presented, i.e. every pair is presented twice, as fjk 
and f kj . The general element f jk denotes the 
obseIVed number of times stimulus k was judged 
to have a larger dynamic range than stimulus j (or 
preferred). The stimuli pairs are presented in four 
groups of five pairs each. 

8 trained listeners (professional musicians) 
have been used as test persons (16 judgements). 
The evaluations of the five St. Thomas processing 
contours (proportion of preference, level, 
dynamics, rhythmics) are shown in rank order in 
the table below. 

Table 1: Rank order of evaluations 
(St. Thomas) 

Rank Pref. Level Dyn. Rhythm 

1 0 ++ + + 
2 + + ++ ++ 
3 - 0 0 0 
4 ++ - - -
5 -- -- -- --

The processing contour 1 is marked " __ ", (i.e. 
heavy compression), contour 2 is marlced "_", (i.e. 
light compression), contour 3 is marked "0", (i.e. 
no compression, the original stimulus), contour 4 
is marked "+", (i.e. light expansion), and the 
contour 5 is marked "++", (i.e. heavy expansion). 

The Sonata Pathetique, Rondo stimuli matrix 
!p (9x9) gives 36 different pairs of comparison. 
To minimise the duration of the test and to avoid 
unbalanced results, the 36 pairs are presented 
once in a counterbalancing order, with the j 
stimulus presented first half of the time and the k 
stimulus presented first half of the time. The 
stimuli pairs are presented in six groups of six 
pairs each. Practice or fatigue effects are 
furthermore controlled by reversing the order of 
groups presented for the test subjects. 

The evaluation of the Rondo stimulus has been 
performed by the same group of 8 persons, every 
pair of comparison evaluated once (8 judgements). 
Dividing the processing contours in a left and a 

right part we can denote the whole CUIVe by two 
characters Showing compression (-), no 
compression (0) or .expansion (+) for the left and 
the right part of the contour, respectively (ref. 
Figure 2). The rank order of evaluated contours 
can then be summed up in the following table: 

Table 2: Rank order of evaluations (Rondo). 

Rank Pref. Level D~ Rhythm. 

1 0+ 0+ 0+ 0+ 
2 -0 ++ -+ -+ 
3 +0 +0 ++ +0 
4 00 -+ -0 ++ 
5 -+ 00 +0 -0 
6 - - - - 00 00 
7 +- -0 - - - -
8 ++ +- 0- 0-
9 0- 0- +- +-

The processing contour 1 is marked "- _", (i.e. 
left compression, right compression), contour 2 is 
marlced "- 0", (i.e. left compression, right no 
compression), contour 3 is marlced "- +", (i.e. left 
compression, right expansion) etc. 

Discussion and conclusions 
Measurements of sound radiation from the 
Disklavier show an acceptable linearity in the 
Key Velocity range from 52 to 76 in the pitch 
range of the five-tone phrases. Single tone 
measurements give an average difference of 5.2 
dB (Lin, Fast) which means 8 steps of 0.7 dB 
each. 

1 
..: 0,8 
~ 0,6 
W 0,4 
:5' 0,2 
~ 0~----~1~~--
~ -0,2 
E -0,4 
o -0,6 
Z -0,8 ", 

-1 +'-~ 

Key Velocity 

---0--- MM=80 

- -t- - MM=120 

--¢-- MM=160 

Figure 3: The influence of tempo on 
subjective level evaluations. 
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The subjective evaluation shows a strong 
similarity among phrases, except for the phrase 
number 5 and 6 (ref. Figure 1). There is a 
tendency of overestimating the loudness for the 
middle tone when it follows a pitch jump and 
starts a new prominent part of the phrase 5 and 6, 
regardless of tempo. A similar effect is not found 
for the phrases 7 and 8 where note number 3 is 
ending the prominent part. This could indicate that 
the level evaluation is influenced by the musical 
context. 

As expected, the precision of detailed 
evaluation is influenced by tempo, shown in 
Figure 3. The Figure shows MIDI Key Velocity 
versus average normalized subjective evaluated 
level. The zero line indicates an equally loud 
evaluation, the -1/1 indicates a softer and a 
louder evaluation, respectively. This Figure 
shows a strong tendency of underestimating the 
level differences when the tempo is high (160 
bpm) compared to slower tempi (120 bpm and 80 
bpm). 

Concerning The St. Thomas stimuli the 
correlation analyses of sums of proportions show 
a significant correlation among the evaluations of 
the stimuli processing contour no. 1, no. 2 and no. 
3 (correlation factor .943 between "heavy 
compression" and ''light compression", .899 
between "heavy comp." and "no comp.", and .991 
between ''light comp." and "no comp."). There is a 
simular highly pronunced negative correlation 
with the contours no. 4 ("light expansion") and no. 
5 ("heavy expansion"). According to the rank 
order in Table 1 the uncompressed version is 
prefered prior to "light expanded" and "light 
compressed". This indicates that we are able to 
choose the original recording even if we never 
have experienced this version before - only from 
the feeling of being present at the first 
performance. The Leq measurement results are 
shown below. 

65,0 

g- 60,0 
..J 
m 
"C 55,0 

50,0 +---t---t---+------i 

1 2 3 

Contour 

4 

Figure 4: Leq of St. Thomas stimuli. 
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Compared with Figure 4 the rank order of level 
evaluations in Table 1 is "correct". The dynamical 
evaluation is close but may be affected when the 
performing level is unnatural high. The stimuli are 
absolutely identical concerning rllythmic 
accentuations, that means we have made no 
variation of timing. We still find a very strong 
correlation between evaluated dynamics and 
rhythmics, which could indicate that micro 
dynamical variations to some degree can influence 
the perceived rhythmical experience similar to 
what timing variations can do. 

A correlation analysis among the four label 
factors "preference", ''level'', "dynamics" and 
"rhythmics" shows that the preference is higher 
correlated to dynamics than to level (correlation 
factors .696 and .350, respectively). This may be 
due to the acceptance of dynamics as a more 
significant musical attribute compared to sound 
level. 

Studying the table of sums of proportions for 
the Rondo stimuli evaluations we find there is a 
strong correlation between some of the evaluated 
contours. The evaluation of contour no. 1 is 
strongly correlated to contour no.4 and nO.7 
(correlation factors .898 and .992, respectively) 
and strongly negative correlated to no.6 and no.3 
(-.997 and -.964). This expressed correlation 
seems to fit very well and indicates reliable results 
remembering that all the contours no. 1 , 4 and 7 
are compressed in the upper part of the dynamic 
range while no.6 and 3 are expanded in the same 
range. Contour no. 1 is negatively correlated with 
no.9, too, although not shazply pronounced 
(correlation factor -.378). 

The evaluation of contour no.2 is correlated to 
no.5 and negatively correlated to nO.9 (correlation 
factors .780 and -.794, respectively). The 
evaluation of contour no.3 is strongly correlated 
to no.6 and negatively correlated to nO.7 and no.4 
(correlation factors .972, -.990 and -.811, 
respectively). Contour no.6 is strongly negative 
correlated to no.7 (-.992). All together these 
factors show that the perception of our processed 
music passages is strongly influenced by 
dynamical changes in the louder part, as long as 
the softer part is compressed or at least kept intact 
with its original micro dynamical structure. 

The label factors ''level'', "dynamics" and 
"rhythmics" shows a strong correlation. 
Rhythmics is correlated to level and dynamics 
with the correlation factors .928 and .951, 
respectively. The preference is highest correlated 
to dynamics (.759), similar to what we found for 
the St. Thomas stimuli. 
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Figure 5: Leq, Rondo stimuli 

Figure 5 shows the equivalent level of the 
different Rondo stimuli - plus,lminus 1 standard 
deviation The micro dynamical variations in the 
softer parts seem to have had minor influence on 
the over all Leq. For these Rondo stimuli the 
processed dynanncal variations in the louder parts 
have a dominant impact on the perceived 
experience as well as the measured results. 
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Facial appearace 
in singers and wind instrument players 
V Brattstrom, L Odenrick & E Kvam 

Abstract 
Wolffs law from 1899 says that "The shape and structure of a bone depends on the stress placed on the bone by 
the musculature". To study the effects from the craniofacial musculature on the dentofacial skeleton of singing 
and playing musical wind instruments lateral skull radiographs of professional singers and wind instrument 
players were measured and the fmdings compared with radiographs of matched control groups. Additionally 
young singers and young musicians were followed longitudinally with lateral skull radiographs. The first 
registrations were made before start of singing or playing wind instruments and the last one at 16 years of age. 
Matched control groups were used for comparison. The lateral skull radiographs were computerized and linear 
and angular variables were recorded. The statistical significance of differences between the group means were 
then tested by Student's t-test. Statistical differences between the professional singers and musicians and the 
controls were found. The singers showed increased and musicians reduced facial height. In the singers the length 
of the lower jaw was increased. Similar differences were found at 16 years of age in the longitudinal study. It was 
concluded that singing and playing wind instruments influence the development of the dentofacial skeleton and 
consequently the facial appearance. 

In 1892 Wolff, a German scientist, stated that 
"the shape and structure of a bone depends on the 
stress placed on the bone by the musculature." 
This interaction between form and function is 
called Wolffs law and is utilized every day in the 
orthodontic clinic. Thus a child with a small and 
retruded lower jaw can be given a removable 
appliance, called an activator, which forces the 
jaw into a super normal, protruded, position 
inducing continous stressing of the jaw 
musculature followed by bone remodelling. After 
wearing the appliance at night for about two 
years the child will develop a lower jaw of 
normal size and in a normal position. The tissue 
response to the appliance, bone remodelling, is 
greatest during puberty and ceases when growth 
is terminated. 

The interaction between form and function 
has also been demonstrated from studies where a 
hard compared to a soft diet increased the size of 
the jaws (Kiliaridis & aI., 1985). This explains 
why the stone age man had significantly wider 
and larger jaws and a reduced jaw angel 
compared with the modem man. Today the 
escimoes show similar jaw anatomy because of 
their chewing of sealskin. Additionally people 
who are heavy grinders get larger jaws and 
reduced jaw angle (Ringqvist, 1973) . High 
activity of the jaw-closing muscles tends to 
develop a square formed face . 
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Mouth breathers, on the other hand, develop a 
long face and an open, jaw angle (Linder
Aronson, 1970). A similar anatomy is found in 
people with extended head posture (Solow & 
Tallgren 1976). 

Most studies on the association between form 
and function of the facial skeleton, however, 
have been carried out on patients with medical or 
dental abnormalities. 

Even healthy individuals can activate their 
dento facial muscles more than "normals" and 
should exhibit a different morphological pattern 
of the craniofacial structures. Singers and wind 
instrument players may, therefore, activate their 
muscles to a higher degree than the average 
person. Such a group was, thus, chosen to shed 
further light on these questions. Four studies 
were performed (Brattstrom & ai. 1989; 
Brattstrom & al. 1991). 

The aims of the studies were to find answers 
to the following questions: 
I. Does the facial morphology in professional 
singers and wind instrument players differ from 
people with more "normal" muscle activity? 
II. If so, are they anatomically different from 
childhood or have they developed their facial 
morphology by singing and playing wind 
instruments? 

One group of professional singers (study A) 
and one group of professional wind instrument 



players (Study B) were studied. Additionaly, two 
longitudinal studies of children under vocal 
training (Study C) and children playing musical 
wind instruments in school corps (Study D) were 
performed. 

Method and participants 
Lateral skull radiographs are generally used to 
study the craniofacial development and 
morphology. Radiographs are obtained in a 
standardized way with the person sitting in an 
upright position with the teeth in normal occlusion 
i.e. teeth in normal contact. The radiographs are 
then marked with anatomical land marks and 
computerized Linear and angular measurements 
are calculated and the differences between the 
groups studied with Student's t-test. 

The participants in the studies were: 
A. Professional singers from the Royal Opera 
Choir in Stockholm 
B. Professional wind instrument players from 
Norway 
C. Children in a Swedish school under special 
vocal training 

The children were registered with lateral skull 
radiographs at 11 years of age before the start of 
vocal training and again after 5.5 years of 
training, at 16.5 years of age. 
D. Children playing wind instruments in the 
school corps in Nittedal, Norway. Lateral skull 
radiographs obtained at 6, 9, 12 and 15 years of 
age were studied. Three groups of musicians were 
formed: girls and boys playing trumpets and girls 
playing clarinets. 

The number of participants is shown in the 
Table I. Children and adults who did not sing or 
play wind instruments were selected as controls. 
Separate control groups were formed for each 
study. 

Table 1: Number of singers, musicians and 
controls. 

SINGERS 
MUSICIANS 
CONTROLS 

Results 

CHILDREN ADULTS 

38 
58 
78 

48 
21 
94 

Professional singers (A) and wind 
instrument players (B) 
The computerized plots of the professional 
singers and wind instrument players and controls 
are shown in Figure 1. Only the plot of the 
female opera signers is shown as the males were, 
on the whole, similar to the females. 

Singers show increased skeletal 
measurements and wind instrument players 
reduced skeletal measurements compared with 
respective controls. 

Child singers (C) and child wind 
instrument players (DJ 
The computerized plots of the singers and 
controls at 11 and 16.5 years of age are shown in 
Figure 2. The wind instrument players at 6 and 
15 years of age are shown in Figure 3. 

Only the plots of the male trumpet players are 
shown as the three groups of child wind 
instrument players showed the same growth 
pattern. 

Discussion 
The facial morphology in professional singers 
and wind intrument players differed significantly 
from their respective control groups. 

No differences were found between the singer 
and wind instrument children and their controls 
following the first registrations. There were thus 
no anatomical differences between these groups 
from childhood. 

At 16.5 and 15 years, respectively the singers 
and the musicians differed significantly from 
their controls. The singers were similar to the 
group of professional singers and the wind 
instrument players similar to the group . of 
professional wind instrument players. The 
findings were correlated to the age when singing 
and wind instrument playing started. Due to their 
relatively low age and continued growth the 
differences found between the singers/musicians 
and their controls were not at the same level of 
significance as in the professional groups. 

Singing and playing wind instruments 
obviously influence the development of 
craniofacial morphology. 

Singing and playing wind instruments involve 
hyper function of the muscles activating bone 
remodelling -similar to that found following the 
activator appliance, described above. Singing 
professionally is also associated with an upright 
head posture and mouth breathing factors that per 
se have been shown to influence facial 
morphology (Linder-Aronson 1970, Solow & 
Tallgren 1976). 

Playing wind instruments on the other hand 
activates the jaw-closing muscles, masseter, 
causing an upward rotation of the jaws. A 
similar anatomy to that found in stone age man 
and in heavy grinders. 

In the longitudinal group of wind instrument 
players ( Study D) dental casts were obtained and 
compared with the controls. It was found that the 
musicians developed lager and wider dental 
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arch:...~S and required less orthodontic treatment 
than.... the average population ( Brattstrom & al 
19911 ). Even though the height of the facial 
skele ton among the musicians was reduced 
C011L:vared to the controls- the dental arches were 
wide:::r giving a squarer face. 

r :his study shows that singers and wind 
instr-..Iment players develop an unique facial 
morphology. At the same time it does not 
exclu de the possibility that an individual who 
achie ves professional status as a singer or 
musi cian could also be genetically favoured for 
that profession. 

PROFESSIONAL SINGERS (- ) 
CONTROLS (- - - -) 

,I 

) 
\ 
\ 

Conclusion 
Singing and playing wind instruments during 
growth influence the development of the facial 
skeleton due to hyperactivity of the muscles. 

Singers develop an increased facial height, an 
increased length of the lower jaw and an open 
jaw angle. 

Wind instrument players develop a reduced 
facial height, closed jaw angle but wider jaws. 

There is thus a singer appearance and a wind 
instrument player appearance. These differences 
are due to the type of muscles used and are 
developed during individual growth. 

--------r 
~\ 

\ \ 

It/' I I 

- / 

PROFESSIONAL WIND INSTRUMET PLAYERS (- ) 
CONTROLS (- - --) 

Figure1: Mean facial diagrams of professional singers (--J and controls (- - - -) and 
professional wind instrument players (--J and controls (- - - -). 

SINGERS 11 YEARS (-) SINGERS 16 YEARS (- ) 
CONTROLS ( ____ ) CONTROLS (- - - -) 
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Figure 2: Mean facial diagrams of singers (--J and controls (- - - -) at 11 and 16.5 
years of age. 
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Figure 3: Meanfadal diagrams of musicians (--J and controls (- - - -) at 6 and 15 years 
of age. 
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V ocal tract contributions to voice qualities 
J Estill, 0 Fujimura, DErickson, T Zhang & K Beechler 

Abstract 
Acoustic signal characteristics have been analyzed for American English vowels Ii! and Ia! as produced by male 
and female subjects with some training in voice quality control in speech and singing (Estill, Voice Craft: a 
User's Guide to Voice Quality, 1992). In sustained vowel utterances with similar fundamental frequencies, 
fonnant frequencies were measured and spectral envelopes were obtained for opera (stage voice), belting, and 
speech qualities. Vocal tract filter functions (frequency characteristics) were computed for the observed formant 
frequencies assuming a series connection of simple resonant circuits, according to the standard acoustic theory of 
vowel production (Fant, 1960). These frequency functions were compared with corresponding spectral envelopes 
for each utterance sample. Relative to the amplitude of the fundamental component, amplitude levels were 
evaluated in fixed frequency regions containing the first three formants in each vowel, comparing the observed 
spectra and computed vocal tract contributions. The differences between the spectra and filter contributions for 
each pair of voice qualities were interpreted to represent the difference in voice source characteristics in the 
selected frequency regions. Similar differences between pairs of voice qualities were obtained for the computed 
vocal tract transfer functions alone, contrasted with the patterns of voice source contributions. The general 
pattern and extent of the filter adjustments to voice quality effects in the acoustic signals will be discussed based 
on these data. 

It is well recognized that opera singers have a 
unique voice quality, which can be identified 
perceptually even by listening to a short stationary 
segment of the sound. A common-sensical 
interpretation is that it is the source (not the filter) 
of the voice (or, more specifically, the pattern of 
vocal fold vibration) that is differently produced. 
Sundberg (1974, 1987) challenged this notion by 
suggesting that this quality contained a specific 
component, which he ascribed to a "singing 
(singer's) formant" due to a specially formed 
cavity shape above the larynx. This cavity 
constitutes, in our interpretation, part of the vocal 
tract but is separable acoustically, due to acoustic 
reflection at the abrupt transition between tubes of 
different cross sectional areas, resulting in a 
relatively stable resonance frequency, regardless 
more or less of the vowel gesture. We propose to 
test the applicability of this concept to a set of 
voice qualities as defined and studied by Estill 
(see Yanagisawa & aI., 1989), including "Belting" 
which is somewhat similar to the Opera quality 
but not known to have the widened supralaryngeal 
cavity configuration as Sundberg described. * 

Data base 
Twenty subjects had each recorded 6 different 
qualities at approximately the same speaking 
fundamental frequency for each subject. The 
qualities recorded are identified with six common 
genres of music: Modal Speech (pop songs and 
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recitatives); Falsetto (early music, some boy 
choirs); Sob/cry (classic concert singing); Twang 
(country-western); Opera (opera stage); and 
Belting (Broadway theatre). In spoken situations, 
for instance, Opera is that quality heard on stage, 
especially in a Shakespearean drama; Belting is 
that quality frequently heard in the political or 
sports arena. (In this paper, we are focusing on 
utterances, spoken at a fundamental frequency 
characteristic of the "speaking voice", not at the 
higher frequencies typical of the "sung voice".) 

The subjects had been trained by Estill to 
make these qualities in physiologically specific 
ways. Not each subject was equally proficient in 
all of them. From the pool of 20 subjects, six (3 
males, 3 females) were chosen who could produce 
all of the qualities consistently. The data pool 
was further reduced by deleting 3 of the 6 
qualities: Formants in Falsetto and Sob/cry 
qualities were difficult to assess reliably. The 
difficulty is possibly related to the fact that, for 
these qualities, the closed phase of the source 
was minimal or non-existent. Twang quality, by 
definition, had been produced with an open 
velar port and the vowel formant pattern was 
affected by nasalization (Fujimura & Lindqvist, 
1971). This left three qualities, Speech, Opera, 
and Belting, as suitable for comparison in this 
study. Each subject had recorded 9 samples of 
each quality in two vowels, [a] and [i]. The 
most representative sample of each quality was 
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Figure 1: Spectral envelope of the three 
qualities, Speech, Opera, and Belting on the 
vowel fa] for one speaker. (Unlike the data 
we discuss below, this figure shows data 
before normalization with respect to total 
power.) 

chosen for analysis by Estill via careful 
listening, prior to the analysis. Therefore, for 
each subject and for each vowel, there was one 
each of the three qualities, Speech, Opera, and 
Belting recorded at a speaking FO for 18 male 
and 18 female tokens. (6 subjects x 2 vowels x 
3 qualities .) In an initial examination of the 
spectral envelopes , the formants for the females 
could not be identified with certainty. The data 
pool was reduced for the current report to the 
18 tokens for the male subjects only, spoken at 
around 131 to 168 Hz. The female data will be 
the subject of a separate study. (Note that 
Sundberg's singing formant primarily accounts 
for male, operatic voices.) 

Figure I compares the three qualities of one 
subject for the vowel [a]. We see the presence of 
increased energy in the 2-4 kHz range for Opera 
(and for Belting)--but not for Speech. Sundberg 
(1974, p. 838; see also Sundberg, 1987," p. 121) 
states: "rather independent of vowel quality and 
pitch, it appears as a region of high spectral 
energy near 3 kHz." Our data seem to support this 
statement. 

Two questions are addressed in this paper: (1) 
Is the boost around 3 kHz that we observe in our 
data (at speaking FO) due to vocal tract filter 
adjustment or is some part of it due to the source 
function? (2) What is the difference between 
Opera and Belting? 

Method 
In order to separate spectral contributions from 
the filter and from the source, the following 
computational procedure was performed. A 
smooth spectral envelope of the microphone signal 
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was obtained by the use of a 161h order (8 
conjugate poles) LPC analysis, as in the top 
section of Figure 2. The spectral envelope level 
was normalized making the total power constant 
among samples, so that the spectral balance 
among different frequency regions was compared 
The frequencies of the first 5 formants were 
obtained as exactly . as possible, combining the 
W A VES+ formant tracker and a manual 
fine-tuning of formant frequencies and bandwidths 
for optimal elimination of local bumps in the 
inverse-filtered spectral envelope. Based on these 
formant frequencies and approximate bandwidth 
values, the filter transfer function with 5 fonnants 
was computed as shown in the bottom panel 
according to the series resonance formula (Fant, 
1960) (Fig. 2). The filter function (lower panel) 
was subtracted from the spectral envelope (top 
panel) to derive the glottal and radiation envelope 
in the middle panel of Figure 2. This curve 
includes higher-pole effects also. This will be 
referred to as the source contribution to the 
spectral envelope. 

spectral Envelope 

.'OO~~'+:'!~::'1 
00 1000 2000 3000 4000 5000 6000 7000 8000 H. 

Source Contribution 

........ ~~.3 · 92\ ·3J.~ 
1 ! ! , , , , , 

1000 2000 3000 4000 5000 6000 7000 8000 Hz 

Filter Transfer Function 

· -:: r~~~'m ',' 
- 1 000 1O~0 20;00 30'00 4000 5000 60'00 /0'00 ~~JO Hz 

Figure 2: Illustration of computational 
procedure to obtain source contribution 
(middle panel) by subtracting the computed 
filter transfer junction (bottom panel) from 
the spectral envelope (top panel). The 
numbers within each panel indicate the four 
local dB levels centered around 2.0, 2.5, 3.0, 
and 3.5 kHz. (This data set shows one 
speaker for the vowel fa] on Opera quality, 
with Fl at 509 Hz, F2 at 833 Hz, F3 at 2636 
Hz, andF4 at 3233 Hz.) 

In order to avoid any interferences of excessive 
spectral details, we used four contiguous 500 
Hz-wide frequency windows centered at 2000, 
2500, 3000, and 3500 Hz to evaluate four local 
average dB levels of both filter and source 
contributions to the spectral boost. These local 



average levels of Opera and Belting were 
compared against those in Speech for the same 
speaker on the same vowel, and the increase from 
Speech to Opera or Belting, which we will call 
difference levels, will be discussed below. Note 
the levels shown for the source contribution are 
relative to other frequencies and do not reflect the 
absolute power change in the frequency range 
from Speech to Opera or Belting. 
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Figure 3: Bar graph comparing the filter and 
source effects of Opera quality relative to 
Speech quality (represented by the O-base 
line), measured at an average local level 
around 3 kHz for three male subjects, as 
spoken on the vowel fa}. The source 
contribution is indicated by the blank bars, 
and the filter contribution is indicated by the 
light-shaded bars. The Fl effect is the 
difference between (Filter-Fi) and (Filter). 
The Filter-Fl contribution is indicated by the 
wide gray-bordered bars. (For this and the 
following 3 figures, all values are normalized 
for total power.) 

Results 
Opera [a} 
Figure 3 is a bar-graph comparing the three 
subjects with reference to the filter and the source 
contributions around 3 kHz for the vowel [a] in 
Opera quality, relative to Speech quality. 
Focusing first on the filter contribution (lightly 
shaded), we see that the filter effects are stronger 
in Opera than in Speech by 10-20 dB for all three 
male subjects in this frequency range. We wonder 
if this boost in energy is in any part due to other 
changes in the vocal tract shape, e.g. jaw opening 

causing an increase ofF!. As Fant (1970, p. 205) 
has shown, for each octave increase of Fl, there 
will be an increase by 12 dB in all frequencies 
sufficiently above the F!. In fact, Fl for Opera and 
Belting were often . higher than for Speech, and 
therefore part of the difference is due to Fl. A 
simple computation determined the contribution of 
Fl to the spectral levels around 3 kHz (for Opera 
relative to Speech). The filter contribution after 
subtracting the Fl effect (Filter - Fl) is shown by 
the wide gray-bordered bar. The Fl effect was 
minimal or virtually zero, indicating that the boost 
in 3 kHz is indeed primarily due to filter 
readjustment in the pertinent high frequency 
range. 

Focusing now on the source effects (no 
shading) shown in Figure 3, we see that they are 
negative, meaning the source contribution to the 
level in this frequency range relative to other 
frequencies was less in Opera than in Speech. All 
these findings are strongly in support of 
Sundberg's account. 
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Figure 4: Bar graph comparing the filter and 
source effects of Opera quality relative to 
Speech quality measured at an average local 
level around 3 kHz for three male subjects, 
as spoken on the vowel fi}. 

Opera [i} 
For the vowel [i] (Fig. 4), the differences 
comparing Opera to Speech varied from subject to 
subject. For Subject 3, the filter contribution 
rather than the source is the main component of 
the 3 kHz boost and FI does not contribute 
significantly, even though for this vowel, the 
source contribution is weakly positive. Subject 2 
contradicts and shows an opposite effect. The 
filter with or without Fl is contributing negatively 
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Figure 5: Bar graph comparing the filter and 
source effects of Belting quality relative to 
Speech quality measured at an average local 
level around 3 kHz for three male subjects, 
as spoken on the vowel fa). 

to the effect. The net effect of boosted power is 
due to a change in source not in the filter. For 
Subject I, the source is again the dominant 
positive contribution, and the filter contribution is 
insignificant though positive. 

Belting [a} 
Belting, for the vowel [a] (Fig. 5), is not that 
different from Opera, in that the boost for Subject 
I and Subject 2 can be attributed to the filter. 
However, the source contribution for Belting in 
the 3-kHz region (relative to Speech) is more 
strongly negative than for Opera. In Subject I and 
Subject 2, the filter contribution after subtracting 
the FI effect is roughly canceled by the relatively 
large negative source contribution (again, relative 
to other frequency regions.) In Subject 3, the filter 
contribution is negligible, especially after 
subtracting the FI effects; the source contribution, 
though positive, is not large either. Belting is 
different from Opera particularly for this subject. 

Belting [i} 
In the data for Belting on [i] (Fig. 6), Subject 3 
has a 20 dB boost in the 3-kHz range, but the 
filter contribution is largely due to FI and 
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Figure 6: Bar graph comparing the filter and 
source effects of Belting quality relative to 
Speech quality measured at an average local 
level around 3 kHz for three male subjects, 
as spoken on the vowel fi). 

therefore cannot be due to the singing fonnant 
The other subjects have little or no negative filter 
contributions. The source contribution to the 
power concentration to the 3-kHz region is also 
negligible in all subjects. 

Discussion 
A note on our subjects is worth making: they were 
not professional opera singers. They were trained 
to produce the qualities by the use of specific 
parts of the mechanism, i. e., by larynx position, 
tongue position, neck width and palate control to 
name a few of the prescribed conditions. These 
different contrasting qualities had been learned by 
each of the -subjects; thus, any difference noted 
could be attributed to quality and not to 
morphological differences in the instrument 
(person) being tested . 

For Opera [a], while the specific vocal tract 
configuration that contributed to the enhancement 
in the high frequency range cannot be determined, 
the data are consistent with and in support of the 
vocal tract contribution of the singing formant as 
defined by Sundberg. For Opera [i], the singing 
formant is not found to be contributing to the 
predicted spectral enhancement in the 3-kHz 
region. This finding suggests that the spectral 
effect of the singing formant is dependent on the 
vowel. This is perhaps not surprising. The vowel 
[i] by its nature has spectral prominence in this 
frequency range and does not need any extra 
boost. Physiologically, advancing the tongue body 
may tend to affect the cavity configuration just 



above the glottis. 
For Belting [a], the relative contributions of 

the source and filter are somewhat confusing. At 
this point, given the limited number of subjects, it 
is hard to say whether the singing formant is 
peculiar to Opera and not to Belting, but it seems 
likely that Belting is different from Opera in this 
respect, as Sundberg seems to imply. 

For Belting [i], one interesting observation is 
that a relative local spectral boost occurs in the 
3.5-kHz (or higher) region. 

Conclusion 
These data we have examined pertain to voice 
quality control as defined by Estill's research and 
her training of speakers who are not professional 
opera singers. The specific observations are based 
on recordings produced at a speaking fundamental 
frequency. It appears that the boost around 3.0 
kHz for Opera (according to Estill's definition) is 
not always due to filter adjusttnents; the source 
and filter contribute differently depending on the 
vowel. A high frequency spectral enhancement 
occurs with Belting but somewhat higher in the 
frequency range. ** 

Acknowledgment 
This work was supported in part by A TR, 
International, Kyoto, Japan. We also wish to 
thank Devin Smith for his help in preparing the 
figures. 

References 
Fant G (1970) "Analysis and synthesis of speech 

processes," in Malmberg, B. (Ed) Manual of 
Phonetics, Amsterdam: North-Holland Publishing 
Company, 173-273. 

Fant G (1960) Acoustic Theory of Speech Production, 
The Hague: Mouton. 

Fujimura 0 & Lindqvist J (1971) "Sweep-tone 
measurements of vocal tract characteristics," 
Journal of the Acoustical Society of America, 49, 
541-558. 

Sundberg J (1974) "Articulatory interpretation of the 
'singing fonnant',"Journal of the Acoustical 
Society of America, 56, 838-844. 

Sundberg J (1987) The Science of the Singing Voice. 
Dekalb, Illinois: Northern Illinois University 
Press. 

Yanagisawa E & Estill J (1989) "The contribution of 
aryepiglottic constriction to 'ringing' voice 
quality," Journal of Voice, 3, 342-350. 

165 

Notes 
* Note that Estill characterizes both Opera and 
Belting as having active aryepiglottic sphincter 
contraction, which is not part of Sundberg's 
characterization of operatic voices . 
** .Larynx lowering and a widened larynx tube, 
which are associated with the singing formant are 
not features of Belting. 



Does the nose resonate during singing? 
P Gramming, L Nord, J Sundberg & N Elliot 

Abstract 
The role of the nasal resonances in singing is unclear. Teachers of singing often advise singers to place their 
voice "in the mask", which may mean that the singers are supposed to project or focus their attention to 
vibrations of the skull and forehead. Such vibrations are produced in the bony structures of the cranium by the 
sound pressure in the vocal tract. According to the testimony of many singers' sensations in the "mask" provide a 
useful feedback and even evoke the impression that the sound is emitted from these parts of the head while, in 
reality, the primary sound radiator is the mouth opening, except for nasalized sounds. Provided the velar port is 
slightly open so as to permit some nasal colouring, the nasal cavities may contribute to the colouring of a singer's 
voice. The behavior of the velum during various vocal exercises is inspected from above by means of a fiberscope 
introduced into the nose of some professional singers. Also the oral and nasal flow signals are analysed. The 
results suggest differing velar strategies. An attempt is made to assess their acoustic implications by means of a 
model of the vocal tract. 

Introduction 
Nasal resonance is commonly regarded as an 
important factor among singers and voice 
teachers. Most singers strive for "placing the tone 
in the mask" and find that sensations in the 
"mask" provide a useful feedback during singing. 
This supports the hypothesis that they open the 
velar port, thus allowing the nasal structures to 
vibrate and function as an aggregate resonator. 

However, the corroboration of this hypothesis 
is still missing. Vennard (1964), partly replicating 
a clearly invasive experiment by Wooldridge 
(quoted ibid.), compared male singers' low-pitched 
vowels produced under normal conditions with 
vowels produced with the nasal passages and 
nasopharynx filled with cotton gauze. In addition 
he filled the maxillary sinuses with water. No 
significant differences between spectra of the 
vowels produced under these two conditions were 
found, and expert listeners were unable to 
distinguish the conditions. 

Yanagisawa & al. (1990) used simultaneous 
velar and laryngeal videoendoscopy to observe the 
behavior of the soft palate in singers of both 
sexes. They found the velum constantly closed, 
even for an Iii as sung in "twang" qualities. 
Pershall & Boone (1987) also used 
videoendoscopy below and above the velum for 
studying supraglottal participation in professional 
singers of both sexes. They found that velum was 
closed throughout the entire pitch range in all 
subjects. 

Yanagisawa & al. (1991), using the 
simultaneous velar and laryngeal videoendoscopy, 
examined the positioning of the soft palate in 

singers of both sexes during production of the 
nasal consonant IIJI. They found that the soft 
palate was lifted and the velopharyngeal port 
narrowed considerably at higher rather than at 
lower fundamental frequencies. They observed 
that the velar port assumed different shapes: a 
wide opening; a limited opening with a medial 
contact between the soft palate and the posterior 
pharyngeal wall leaving lateral openings; or a 
complete velopharyngeal closure. 

Passavant (quoted in Vennard, 1967) inserted 
tubes in the nose which enforced a velopharyngeal 
opening of different dimensions. He found that an 
opening of 12 mm2 in cross-section had no effect 
upon vowel quality, while an opening of 28 mm2 

resulted in distinct nasality. 
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Summarising, there is, on the one hand, a 
heavy experiential evidence of nasal resonance 
involvement during singing. On the other hand, 
the results of experimental investigations on 
singers have shown that the velum is invariably 
closed during singing of vowels. This discrepancy 
suggests that there might have been some 
important limitations in the collection of data. For 
instance, it may be relevant that the velar port can 
assume many different shapes, as observed by 
Yanigasawa & al. (1991). Also, a prominent 
Passavant cushion may hide a velar opening to a 
nasofiberscope observation. It should also be 
recalled that the acoustic effect even of a minor 
velar coupling may be quite significant at least in 
some vowels. Furthermore, some of the 
experimental techniques used in the past may have 
been overly invasive; a fiberscope passing through 
the velar port may not leave the function of this 



port completely unaffected. Finally, even within 
the realm of Western operatic singing there may 
be differences between traditions. 

The purpose of the present investigation was to 
re-examine the issue of the use of the 
velopharyngeal port in singing. We applied three 
different analysis techniques: (1) flexible 
nasofiberscope; (2) recordings of oral and nasal 
flow; (3) experiments on a vocal tract model. 

Method 
Four professional singers were investigated, two 
sopranos (PI and F2), one bass (MI), and one 
baritone (M2). Of these, FI was an internationally 
renowned opera singer, F2 an advanced student, 
also with considerable experience of solo singing, 
MI an experienced professional opera singer, and 
M2 a highly experienced singing teacher. The 
protocol consisted of a number of speaking and 
singing tasks which included stops, nasals, and 
vowels: speech samples involving velar activity 
[pVnta], singing tasks such as 
ascending/descending fifth-wide scales, 
duooecime-wide ascending/descending triads, 
octaves and nasalized vowels. 

In a first recording session, oral and nasal flow 
were captured by means of a double flow mask 
(Glottal Enterprises) so as to assess the relative 
amount of nasal flow. These signals were 
recorded on a DAT multichannel tape recorder 
together with the audio signal. Then, in a 
subsequent second part of the experiment, the 
subjects repeated the entire protocol while the 
velopharyngeal port was observed by means of a 
flexible fiberscope inserted through a nostril after 
topical anaesthesia. The fiberscope was attached 
to a video camera and tape recorder. Finally, 
while the nose was illuminated and videorecorded 
from inside by the nasofiberscope, the subjects 
sang some exercises on the vowel [a] while the 
mouth opening was being photographed by a 
second video camera; the idea was that an open 
velopharyngeal orifice would allow the light from 
the nose cavity to pass down and hence illuminate 
the posterior pharynx wall. It turned out that this 
methoo worked only under certain conditions that 
were rarely fulfilled by some subjects; often the 
back pharynx wall remained hidden because the 
tongue was bunched upwards in the mouth cavity. 

Analysis 
Assuming that the impedance of a velopharyngeal 
channel is reactive, it is considerably lower at 10w 
frequencies than at phonatory frequencies. Hence, 
a DC leakage through the nasal passage should be 
a safe indication of an incomplete velopharyngeal 
closure. The DC component of the nasal airflow 
was analysed by an oscillograph after LP filtering 

at 10 Hz. Calibration of the flow signal was made 
after the recordings. 

To evaluate the acoustic significance of a 
velopharyngeal leakage, mooel experiments were 
performed using a software program, 
TRACTTALK (Lin, 1990). The mooel was fed 
with area function data of the Swedish sung 
vowels la, i, ul, derived by Sundberg (1970) from 
x-ray profiles of a professional baritone singer 
(subject RL). The mooel also included a nasal 
tract (Bi'lveglU"d et al., 1993). Different degrees of 
nasal coupling were tried by assigning a diameter 
of the first nasal cylinder of 0, 10, 100, and 200 
mm2, length 10 mm. Results were obtained in 
terms of transfer functions and sound stimuli. 
Typical male and female settings were used for 
the voice source parameters. 

Results 
F low data analysis 
Under certain conditions two of the subjects 
exhibited clearly velopharyngeal openings when 
they sang sustained vowels, as can be seen in 
Figure 1. Soprano Fl showed no evidence of a 
velar opening during the production of scales and 
triads in the lower part of her range; a nasal flow 
was evident only in nasal consonants and in 
nasalized vowels. Soprano F2, on the other hand, 
showed a nasal DC flow for all tasks in the 
experiment thus indicating a constantly open 
velopharyngeal port. The bass singer M 1 also 
revealed a nasal leakage in most of the tasks. 
However, the leakage was frequently greater on 
the first syllable than on the second syllable in the 
word [pVnta]. Interestingly, the velar port 
remained slightly open even during the burst 
intervals of the plosives [p] and [t] thus causing 
short term peaks in the nasal DC flow. The lesser 
nasalization of the second syllable may be a 
coarticulation effect of the plosive consonant [t] 
which preceded the final vowel. Baritone M2, 
finally, showed no evidence of a nasal DC flow 
for any of the tasks. 

Videoendoscopy 
The fiberscope recordings were sometimes 
difficult to interpret. The position and angle of the 
fiberscope tip was crucial, but when it visualised 
the proper portion of the velum, velar movements 
occasionally whitened the view. In bass MI, 
secretion tended to cause reflections blinding the 
view. Figure 2 shows some examples of the 
fiberscope view . . 

In the case of soprano FI, the fiberscope 
imaging complemented the nasal flow data in an 
interesting manner. The flow data, which were 
recorded only in the lower part of this subject's 
range, showed no velar leakage. However, the 
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Figure 1: Nasal AC and DC flow as captured with a flow mask in the four singer subjects 
when singing the nonsense word [panta] or a vowel series (baritone M2). 

nasofiberscope revealed that the subject sang the 
tones in the top part of her range with a slight 
velar orifice. For the remaining subjects, the 
fiberscope recordings showed velar behaviours 
which were in good accordance with flow data. 
Thus, the velar port of soprano F2 mostly 
remained slightly open in most tasks; on· one 
occasion she even was blowing a saliva bubble in 
her velar port. Bass MI also showed a slightly 
open velar orifice. Baritone M2 showed no 
evidence of a velar leakage. 

The vertical positioning of the velum was 
found to change with pitch in most subjects. For 
subjects F1, F2, and M1 the velum was lowered 
for the highest pitches and raised for the lower 
pitches, regardless of whether or not there was a 
velar opening. Subject M2, by contrast, exhibited 
the opposite behaviour, raising the velum for his 
highest pitches. This suggests that the velum plays 
the role of an articulator in singing. 

Oral video recording 
The oral video recordings often had to be 
discarded, as the tongue hump hid the back 
pharynx wall. The method was useful only in two 
cases, soprano F2 and bass M1, where the 
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pharynx could occasionally be seen to be clearly 
illuminated The findings confumed the 
conclusions above. 

Acoustic modelling 
The model experiments yielded convincing results 
for the vowels [a] and [u] while for [i] they 
seemed unrealistic, presumably because of errors 
in the area function. Figure 3 shows the effects of 
different sizes of a velar orifice applied to area 
functions. For the [u] with a velar passage of 10 
mm 2 an interesting fonnant cluster appeared at 
2.5 kHz. No such effect could be observed in the 
vowel [a]. On the contrary, the effect of minor 
nasal couplings was almost nil; a clear effect 
appeared on the second fonnant only when the 
velar passage was 40 mm2. 

These dramatically vowel dependent results are 
not surprising. The effect of introducing a small 
hole in a tube is entirely dependent on the 
positions of the nodes and the antinodes of the 
standing waves (Fant 1960; Fant & Pauli, 1974). 
A nasalized vowel can be regarded as a tube 
provided with an opening to a side branch. For 
such a configuration the acoustic effect of such an 
opening is detennined by the area ratio at the 



MALE SUBJECT 1 

.' ' ~ .. 

Figure 2: Upper four panels: Photographs of the velopharyngeal aperture in singer subjects 
Fl and F2 (left) and M2 and Ml (right) as observed from above by means of a naso
video fiberscope; note the saliva bubble in the picture of subject F2. Lower picture: frontal 
view of bass singer M 1 revealing a nasal opening in terms of illumination of the back pharynx 
wall from a nasojiberscope. 
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Figure 3: Effects of a velar orifice, cross sectional area 10 mm2, length 10 mm, applied to 
area functions for the vowels [a:] and [u:] derived from lateral X-ray. photos ofa 
professional baritone singer. The left panels show the area functIOns and the rzght panels the 
transfer junctions with and without the orifice (dotted and solid curves). 

point of coupling between. the main ~be. and ~e 
side branch opening. This area ratio IS qUIte 
different between the vowels discussed. 

Discussion and conclusions 
Above we tentatively accepted a nasal DC flow 
and a velar opening visible by nasofiberscopy as 
sufficient criteria for the existence of a 
velopharyngeal leakage. The first mentioned 
criterion seems quite uncontroversial: if there is a 
DC flow, there is certainly a velar ope~g. 
However, if the opening is very narrow Its 
impedance is resistive and independent of 
frequency. In this case the resistance may be high 
enough to arrest a DC flow. 

The second criterion also seems 
uncontroversial even though orifices invisible by 
nasofiberscopy may exist. For instance, in certain 
nasopharyngeal configurations an anterior bulging 
of the posterior nasopharyngeal wall may 
obliterate a narrow velopharyngeal orifice. This 
means that all our subjects may, in fact, have 
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sung with a velopharyngeal opening, which, 
however, was very narrow in two of the subjects. 

The interindividual variability in the use of the 
velopharyngeal port is thought provoking and 
quite unlike many other findings regarding the 
characteristics of singing. For instance, in spite of 
the great variability in vocal timbre between 
different singers, all male singers and altos have 
been found to possess a singer's fonnant and the 
voice source characteristics seem similar. Here, 
we have found individual variability possibly 
contributing to individual voice timbre 
differences. 

Soprano Fl was the teacher of soprano F2. 
Still, they displayed divergent velar behaviours. 
This may of course be due to an imperfect vocal 
technique of the less experienced subject. Another 
possibility is that the individual variability in their 
vocal and nasal tract morphologies entails the 
necessity of different velar techniques. 

Remarkably, our results clearly disagree with 
all previous findings reported on singers. We 
believe that this is due to differences between 



singing styles. It would be worthwhile to compare 
singers with different techniques in the future. 

The complementation of nasofiberscopy by 
nasal flow measurement seems promising. More 
experimentation with vocal tract modelling may 
also be rewarding. For instance, it would be 
interesting to explore the effects of different nasal 
area functions on the spectrum. 

Another interesting area is the articulatory 
significance of the singers' pitch dependent 
changes of the velum position. This observation 
suggests that the singers used the velum to shape 
the vocal tract so as to arrive at a target 
constellation of formant frequencies. Comparisons 
of formant frequencies before and after velar 
surgery, a routine operation to relieve snoring 
problems, might provide valuable insights into 
this phenomenon. 
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Glottal closure patterns and waveform 
characteristics in female speaking voices 
- a preliminary report 
B Hammarberg & M S6dersten 

Abstract 
In an ongoing study, normal female speakers and female patients with functional voice disorders are compared. 
So far, 10 subjects, five from each group with average age of about 50 years, have been tape recorded during 
running speech and sustained vowels for audio-perceptual analysis, examined using video-fiberstroboscopy for 
vocal fold vibration evaluation, and recorded with the Rothenberg mask for inverse flltering and simultaneous 
electroglottography. In this part of the study, data on glottal closure patterns, inverse flltered airflow 
characteristics and estimated subglottal pressure are presented. Results indicate that both normal subjects and 
patients with functional voice disorders exhibit posterior glottal chink, as well as minimum flow offset 

Introduction 
A posterior glottal chink (pGC) has often been 
described as a pathological sign in the 
classification of (hyper)functional dysphonias 
(Koufman & Blalock, 1982; Morrison et al, 1983; 
1986). The posterior glottal chink is mostly 
defined as extending from the posterior end of the 
glottis to the tip of the vocal processes, i.e. within 
the cartilagineous area of the glottis, as contrasted 
to the more extended gap, which may include 
parts anterior of the vocal processes, thus 
including portions of the membraneous part of the 
glottis. However, already in 1960 ScMnhlirl 
observed PGC in normal subjects with normal 
sounding voices. Later studies on vocal fold 
closure patterns have also shown that incomplete 
glottal closure is a characteristic of normal 
speakers, especially of women (Biever & Bless, 
1989; Linville, 1992). Therefore there is a need to 
clarify the clinical implications of a finding of 
PGC. Thus, there is a need for data on normal 
voice function, both with respect to vocal fold 
closure patterns and voice quality as documented 
by aerodynamic and subglottal pressure data. 

The aim of the present study was to evaluate 
glottal closure patterns during phonation in 
comparison with glottal airflow and transglottal 
pressure in two groups of women: (1) normal 
speaking subjects and (2) patients with functional 
voice disorders. 
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Methods 
Subjects 
Five normal speaking women aged 42-58 years 
(mean age 53 years) and 5 women with functional 
voice disorders (Swed diagnosis: Phonastenia, i. e. 
vocal fatigue), aged 47-57 years (mean age 50 
years) were included in the study. The normal 
subjects worked as secretaries and nurses at the 
hospital, had no voice problems and were non
smokers. 

Video-jiberstroboscopy 
The glottal closure patterns were observed by 
means of a fiberscope connected to a stroboscope 
for more detailed observation of the vibratory and 
closure patterns of the vocal folds. The 
nasoendofiberscope was inserted through one of 
the nostrils after the application of anaesthetic 
spray (Lidocain 4%) in the nostril. The view of 
the glottis was monitored on a video screen 
simultaneously and tape recorded (both audio and 
video) for later expert evaluations. 

The subjects were instructed to phonate a 
sustained /ii-sound during the fiberstroboscopy at 
three different loudness levels: nonnal, soft and 
loud voice effort. Loudness differences were 
controlled using simultaneous sound level 
measurement (Briiel & Kjrer 2235) at a distance 
of 30 em from the subject's mouth. A mean 
difference of about 5 dB between the loudness 
levels was encouraged. 

In order to make the subject phonate at a 
comfortable habitual pitch during the 
fiberstroboscopy, the subject's mean FO during 



reading of a text aloud had been detennined by 
means of electroglottography (Teltec Glottal 
Frequency Analyzer) prior to the inspection of the 
larynx. For the phonation tasks during the video
fiberstroboscopy, the subject was given her mean 
pitch from the EGG-recording (as phonated by 
one of the experimenters). 

The video-fiberstroboscopic recordings were 
evaluated by the two authors, as a consensus 
rating, Le. by discussing the video recordings and 
coordinating our ratings. The rating scale used 
(Fig 1) was a 6 point scale where scalar degree 0 
denotes "Complete closure" and 5 "Incomplete 
closure all along the folds" (SOdersten & 
Hammarberg, 1993). 

\])\])\1)\1)\])\]) 
I I I I I I 
o 1 234 5 

Figure 1: Rating form for evaluating degree 
of incomplete glottal closure. 
D Complete glottal closure. 1 Indication of 
incomplete glottal closure at the vocal 
processes (vp). 2 Incomplete glottal closure 
reaching anterior to the vp. 3 Incomplete 
glottal closure of the posterior third of the 
folds. 4 Incomplete glottal closure of the 
posterior two thirds of the folds. 5 
Incomplete closure all along the folds. (By 
permissionfrom Scand J Log Phon.) 

RECORDING 

Transient 
Recorder 

FLOW 

Inverse filtering 
To evaluate voice quality, wavefonn 
characteristics were extracted from flow 
glottograms obtained from the airflow recordings 
during repetitions of syllables [ba:pa:pa:pa:p]. A 
Rothenberg mask was used for recording air flow 
(Rothenberg, 1973). The airflow signal was low
pass filtered at 900 Hz and inverse filtered with 
antiresonators to cancel the effects of the first and 
second formants, for which the filters were 
manually set. The experimental set-up for inverse 
filtering and simultaneous EGG-recording is 
illustrated in Fig 2. 

The flow glottogram displays a curve of the 
transglottal air flow over time, which gives an 
estimate of the opening and closing of the vocal 
folds during phonation. As can be seen in Fig 3, 
the following measures were derived from the 
glottogram: peak flow amplitude, which is the 
amount of flow from zero flow baseline to 
maximum flow, minimum flow, which is the 
amount of flow from zero flow to the minimum 
flow during the most closed phase of the 
glottogram, and peak-to-peak (PTP) flow 
amplitude, which is the peak flow minus the 
minimum flow, i.e. the modulated airflow. Data 
from the flow derivative (differentiated flow), 
which is the negative peak amplitude of the 
differentiated inverse filtered flow, have not been 
calculated yet. 

ANALYSIS 

Inverse filtering 
procedure (manual) 

RESULTS 

f----i Transglottal Flow 

---------------~~~~~~~~~~~ 

'-----I PRESSURE Estimated 
1---__ --i-t+---------lSubglottal Pressure 

EGG - - - - - - - - - - - - - - -~~y~v~~~ -=--=--=--

Oscilloscope 

Figure 2: Schematic diagram of the experimental set-up 
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Figure 3: Parameters of the flow glottogram. 

Estimated subglottal pressure 
Estimates of subglottal pressure were obtained 
from the intraoral pressure during unvoiced /p/
occlusions (LOfqvist et al 1982). The intraoral 
pressure was captured by a thin catheter that was 
inserted in the airflow mask. 

Results 
Video-jiberstroboscopy 
As can be seen in Table I, degree of incomplete 
vocal fold closure during video-fiberstroboscopy 
did not differ between the two groups of women. 
In both the normal speakers and in the patients 
incomplete closure in the form of a POC was 
most apparent during soft phonation (mean scalar 
degree point 3 on the rating scale, which indicates 
a triangular incomplete closure reaching into the 
membraneous part of the glottis for both groups 
and to a somewhat lesser degree during normal 
loudness (mean scalar degree about 2). During 
loud phonation three of the normal speakers and 
two of the patients showed a poe of some degree, 
whereas the remaining five women exhibited 
complete glottal closure. Also, one of the patients 
exhibited a minor anterior glottal gap at all 
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Figure 4: Peak-to-peakjlow amplitudes for 5 
normal subjects (upper) and 5 patients 
during soft, normal, and loud vocalisation 
(lower). 

loudness levels, and one of the normal speakers 
during soft phonation. The overall incidence of 
posterior glottal gaps was 83% of the total of 30 
phonations in the 10 subjects. 

Inverse filtering data and estimated 
subglottal pressure 
Waveform characteristics as calculated from the 
flow glottograms of the subjects showed similar 
values for the two groups ( Fig 4 ). Peak to peak 
flow amplitudes were in the order of 125 mVs for 

Table 1. Degree of incomplete ~lottal closure durin~ video-fiberstroboscopy 
for 5 normal speakers and 5 patients at 3 loudness levels 

NORMAL SUBJECTS 
Soft Nonnal Loud 

MS 2.0* 1.0 1.0 
KF 4.0 3.3 2.3 
BL 3.2 1.0 0.0 
KL 2.6 2.0 2.0 
KA 3.9 2.6 0.0 

Mean 3.1 2.0 1.1 
SD 0.9 1.0 1.1 * also a small glottal gap in the anterior third 

of the folds 
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EB 
OA 
BB 
BF 
OK 

Mean 
SD 

Soft 
2.6 
3.0 
2.0 
1.8* 
4.9 
2.2 
1.2 

PATIENTS 
Normal 

1.5 
2.1 
1.0 
1.0* 
2.8 
1.7 
0.8 

Loud 
0.5 
0.0 
0.0 
1.0* 
0.0 
0.3 
0.4 
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Figure 5: Minimum flow for 5 normal 
subjects (upper) and 5 patients during soft, 
normal, and loud vocalisation (lower). 

soft voice, 200 ml/s for normal loudness and 300-
400 ml/s for loud voice for both female speaker 
groups. 

Minimum flow values for the normal voices 
were about 80 ml/s in soft voice, 75 ml/s for 
normal and 50 ml/s for loud voice. Corresponding 
values for the patients were somewhat higher: 
about 130 ml/s for soft voice, 100 ml/s for normal 
loudness, and 70 ml/s for loud voice. As can be 
seen, mean minimum flow was somewhat lower, 
about 70 ml/s, for the normal subjects than for 
the patients, who had a mean of about 100 ml/s 
minimum flow (Fig 5). 

As regards estimated subglottal pressure, data 
had been reliably recorded for only 2 of the 5 
patients. Values for these and for the five normal 
subjects were about 4 em H20 for soft voice, 6.5 
em H20 for normal and 12 em H20 for loud 
voice (Fig 6). 

Discussion 
There was no difference between the two groups 
of women with regard to the presence of posterior 
glottal chink (PGC). Both the normal speakers 
and the patients displayed PGC during normal and 
soft phonation (at the degree of about 3 on the 
rating scale, i.e. "incomplete closure of the 
posterior third of the folds" for soft phonation, 
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Figure 6: Subglottal pressure for 5 normal 
subjects (dotted lines) and 2 patients (solid 
lines) during soft, normal, and loud 
vocalisation. 

and scalar degree about 2, i.e. "incomplete closure 
reaching anterior to the vocal processes" for 
normal loudness). Overall incidence of posterior 
glottal gaps during phonation was 83% of the 
total of 30 phonations (10 subjects times 3 
loudness levels). These findings support those of 
earlier studies regarding young adult normal 
speaking women at the age of 20-30 years 
(SMersten & Lindestad, 1990). However, five of 
the 10 subjects in the present study displayed a 
complete glottal closure in loud phonation, which 
occurred in only 1 of the 9 young normally 
speaking women in the . SMersten & Lindestad 
study. 

The findings in the present study, although 
based on very few. subjects so far, are also in 
accordance with the results of Linville (1992), 
who analysed patterns of glottal closure in young 
women (mean age 23 years) and elderly women 
(mean age 76 years). Linville found an overall 
high incidence of glottal gaps during phonation in 
both age groups, 83% for the young women and 
74% for the elderly women. PGC was the main 
type of glottal gap configuration in the young 
women, whereas the elderly women demonstrated 
anterior glottal gap or spindle shape, and to 
somewhat higher degree complete glottal closure. 
In the present study one of the subjects exhibited a 
minor anterior glottal gap at all loudness levels, 
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and one subject only during soft phonation. 
There was no difference in minimum flow 

between the two groups either. That is, there 
seemed to be only a weak correlation between 
amount of minimum flow and degree of 
incomplete closure (r=.40 for the ten subjects), 
indicating that there can very well be some 
amount of minimum flow, even though the vocal 
folds seem to close completely. Thus, almost all 
females had a minimum flow to some degree, even 
in those phonations (5 out of 10 loud phonations), 
when their vocal folds were rated as completely 
closed This finding is in accordance with male 
subjects in a study by Hertegru-d et al (1992), 
where they found complete glottal closure, but 
extensive minimum flow during high pitched male 
phonations. As regards the three female subjects 
in that same study, in no case was there a 
complete closure observed However, the speech 
tasks differed, in contrast to the present study, in 
the study by Hertegru-d et al (1992) where all 
phonations were made at normal loudness, but at 
different pitches. 

In a subsequent study, in which more subjects 
will be added, we intend to include data on the 
flow derivative (the differentiated flow) to the 
inverse filtering data. A perceptual evaluation of 
the voice qualities will be included, as well as 
acoustic analysis, for comparisons with the 
waveform characteristics and the video
fiberstroboscopic observations. 

Conclusion 
The results indicate that a posterior glottal chink 
(1) is a normal finding in women, (2) its size 
increases from soft to loud voice, and (3) occurs 
both in normal speaking subjects and in women 
with functional voice disorders. Furthermore, a 
minimum flow was present in most analysed 
phonations. However, there was only a weak 
correlation between this flow and the size of the 
posterior glottal chink. 
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Voice source- vocal tract interaction during high
pitched female singing 
S Hertegard & J Gauffin 

Abstract 
A professional soprano was studied during high pitched phonation with inverse filtering of the flow waveform 
recorded with a Rothenberg mask and with a Brtiel & Kjaer microphone. The electroglottographic signal (EGG) 
was recorded simultaneously. The EGG signal provided the time of glottal closure and approximated the duration 
of the closed phase, which were used as criteria for tuning the inverse filters. The subject increased the first 
formant frequency with increasing fundamental frequency. For high fundamental frequencies, approaching the 
first formant frequency, a ripple in the open phase of the flow waveform was frequently found, which indicates a 
source-filter interaction. 

Introduction 
The source-filter concept (Fant, 1960) implies a 
separation of the voice source and vocal tract 
filter functions. Thus, by compensating the 
transfer function, i.e. the influence of the 
formants, with inverse filtering, the glottal volume 
velocity waveform can be derived from sound- or 
airflow recordings made in a totally non-invasive 
way. In reality, source and filter are mutually 
dependent. This dependence has been described by 
Rothenberg (1981) and Fant (1983) and others 
and was characterized by two main features 
shown in Figure 1. The volume velocity waveform 
after inverse filtering differs from the area 
function derived with photoglottography or from 
tracings of high-speed films . One difference is a 
right skewing of the flow waveform, i.e. a delay of 
the peak flow as compared to the maximum of the 
area function. This is often seen for low-pitched 
phonation, especially in open vowels, believed to 
be caused by the inertia of the air column in the 
vocal tract and to variations in glottal geometry 
during the vibratory cycle. A second possible 
characteristic of the source-filter interaction is a 
small ripple or dip in the open phase of the flow 
waveform due to variation of the pressure across 
the glottis from ringings of supra- and subglottal 
resonances. This is seen especially for high
pitched, somewhat constricted back vowels (Fant, 
1983). 

Inverse filtering is an attractive method for 
studying the voice source non-invasively. It is, 
however, rather complicated to use for studying 
high pitched speech, e.g in children, or in high 
pitched female singing. The reason for this are the 
difficulties in determining the formant frequencies 
and bandwidths for high fundamental frequencies . 
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Figure 1: Schematic drawing of the area 
waveform and the volume velocity waveform 
resulting from two types of source-filter 
interaction; a/ right skewing, which is mainly 
seen for low pitched phonation, and bl ripple 
during open phase, which is mainly seen for 
high pitched phonation. 

The usual criteria for manually tuning the inverse 
filters are a flat closed phase without formant 
ripple for the resulting flow waveform (Gauffin
Lindquist, 1964). For high pitches the closed 
phase is rather short and ripple due to source
filter interaction during the open phase, as shown 
by Fant (1983) and Rothenberg (1987), might 
also substantially alter the waveform. Rothenberg 
presented inverse filtered waveforms for high 
pitched soprano singing on a fundamental 
frequency close to the first formant frequency. His 
findings indicated that the first formant 
oscillations decreased the airflow during the open 
phase. Schutte and Miller (1986) measured sub
and supraglottal pressure variations during high 



Microphone recording Inverse filtering (INA) 

'------1 EGG I 

Rothenberg mask recording - Inverse filtering (INA) 

I EGG I 
Figure 2: The recording set-up. 

pitched soprano singing and found a decrease in 
transglottal pressure during the open phase, 
mainly due to a peak in supraglottal pressure. 
They assumed that this mechanism reduced the 
airflow while maintaining a high acoustic output. 
Sundberg (1987) has shown that sopranos modify 
articulation by widening the jaw opening at 
fundamental frequencies approaching the first 
formant and by this gain in vocal intensity. 

The aim of this paper is to study formant 
frequencies and glottal volume velocity 
waveforms derived with inverse filtering for high 
pitched singing. 

Subject and methods 
A professional lyric soprano who sang sustained 
fa! vowels at pitches Close to 250, 390, and 750 
Hz served as subject. The highest fundamental 
frequency is close to the expected first formant 
frequency . A vibrato of about ± 5-7 Hz was noted 
for most phonations. A test for the highest pitch 
by occluding the nostrils did not reveal any 
perceptual signs ofhypernasality during singing. 

The phonations were recorded with a 
Briiel&Kjaer microphone (Figure 2). Recordings 
were also made for phonations at identical pitches 
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with a slightly modified Rothenberg mask system, 
which had an acceptable frequency response to 
over 2 kHz (Rothenberg, 1973). Simultaneously 
with the microphone and mask recordings, the 
electroglottographic (EGG) signal was recorded 
using a Glottal Enterprises type SC-lB device. 
The recordings were made on a 386 ISA 
compatible computer using the program SWELL 
(Ternstrom, 1990). 

The inverse filtering was performed on INA, 
an interactive computer program (Liljencrants, 
1990). This program permits formant cancelling 
by adjusting frequencies and bandwidths and 
shows the filtered and unfiltered waveforms, as 
well as spectra. 

Initially, attempts were made to determine the 
frequencies and bandwidths for the lowest two 
formants by applying a broad band acoustic 
signal externally to the neck above the glottis. 
This was correlated with the signal recorded at the 
lips . The subject held a small transducer tightly to 
her neck and phonated. Following this, during 
silent periods she tried to maintain identical 
articulation with closed glottis while a computer 
generated the signal and performed the analysis. 
However, the resulting formant frequencies turned 



out to be lower than expected and we had no way 
of verifying the resulting waveforms after inverse 
filtering. 

Therefore another aproach was tried. Mask 
and microphone recordings were made 
simultanously with EGG during phonation. The 
exact time of glottal closure and the approximate 
duration of the closed phase were determined from 
the EGG waveform (Childers et ai, 1990). A time 
compensation of 0.52 ms was made for sound 
transit time. Figure 3 shows an unfiltered signal 
recorded the mask with the time-compensated 
EGG waveform. After compensation, the moment 
of closure and the duration of the closed phase of 
the EGG waveform were used as criteria for 
inverse filtering. A similar approach has 
previously been used by Rothenberg (1981, 1987) 
and Hertegard et al (1992). 

Unfiltered flow 

Filtered flow Moment of closure 

1kHz 

Unfiltered now 

0.005 0.01 0.Q15 

Figure 3: The EGG waveform and time 
corrected unfiltered flow waveform during 
phonation at afundamentalfrequency of 250 
Hz. The vertical lines mark the time of glottal 
closure as indicated from the EGG 
waveform. 

Fo= 250 Hz 

2kHz 3kHz 

Figure 4: The flow waveform before and after inverse filtering with corresponding spectra for 
the same phonation as in figure 3. The dotted vertical line marks the time of glottal closure. 
The horisontal bar marks the time window for the inverse filter parameters set in the INA 
program. 
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Table 1. Inverse Filtering settingsfor the mask and microphone recordings. 
F1 and B1 are the frequencies and bandwidths respectively chosen for the first 
antiresonance. Two to three phonations for each frequency for the mask and microphone 
respectively. Spread in settings were on average F1: ±15Hz. B1: ±30Hz, F2: ±35Hz, but two 
phonations separated about 100Hz, B2: ±25Hz. 

Fundamental frequency Mask Recordings Microphone Recordings 

(Hz) 

Fl IB1 (Hz) F2 IB2 (Hz) Fl IBI (Hz) F2 IB2 (Hz) 

250 672 /26 1187 /29 650/235 1098/22 

390 772 /22 1214/26 662/44 1176/25 

750 747 129 1372 137 783 /26 1328/27 

Fo= 750 Hz 

Filtered flow Moment of closure 

I. 

Unfiltered spectrum 

Filtered spectrum 

1kHz 2kHz 3kHz 

Figure 5: The flow waveform before and after inverse filtering with corresponding spectra for 
a phonation at afundamentalfrequency of 750 Hz. The horisontal bar marks the time window 
for the inverse filter parameters set in the INA program. 
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The phase of the fundamental is very sensitive 
to changes in the antiresonance frequency when 
they are close together. The time of glottal 
closure, as indicated on the volume velocity 
waveform, will only coincide with closure as 
indicated on the EGG waveform when the 
antiresonance is correctly adjusted to the first 
formant frequency. In Figure 4 inverse filtering 
has been performed. The time of glottal closure is 
nearly identical for the unfiltered and filtered 
waveforms. The fundamental frequency for this 
phonation is close to 250 Hz. The resulting 
spectrum after filtering is fairly smooth. 

Results 
Table 1 shows the frequencies and bandwidths of 
the zeros set to cancel formants for the 
Rothenberg mask and Brtiel & Kjaer microphone 
recordings. The variation in selected antiformant 
frequencies was rather small, especially for the 
first formant frequency, which is the most 
important parameter for the shape of the filtered 
waveform. Very similar settings were used for 
mask and microphone recordings for the lowest 
pitch. For the middle frequency, the first formant 
frequency chosen were much higher for the mask 
than for the microphone. In general the formant 
frequencies increased with fundamental frequency . 
For the highest fundamental frequency, about 750 
Hz, the first formant frequency from the mask 
recordings was very close to the fundamental. It 
was higher for the microphone recordings . The 
subject noted that her articulation was somewhat 
disturbed during mask recording for this 
frequency, since the mask hampered her from 
opening the mouth as widely as she wanted. 

Figure 5 shows the unfiltered and filtered 
waveform for phonations recorded with the mask 
at a fundamental frequency around 750 Hz. There 
are clear sign of a source - vocal tract interaction 
in the form df a dip in the filtered flow waveform 
during the open phase. This pattern was seen for 
many, but not all, inverse filtered waveforms at 
this pitch. 

Conclusions 
1. It is possible to determine the first formant 
frequency, even for high pitched phonations, with 
inverse filtering of the volume velocity waveform. 
After compensation for the sound transit time, a 
comparison of the time of glottal closure and 
approximate duration of the closed phase on the 
EGG waveform provide criteria for inverse 
filtering of the volume velocity waveform. 
2. The soprano studied increased the frequency of 
the first formant with fundamental frequency, 
which was in accordance to previous findings by 

Sundberg: For fundamental frequencies 
approaching 750 Hz for an fa! vowel, the subject 
matched . the first formant frequency with the 
mask. Without the mask the subject kept the first 
fo~t frequency slightly higher, indicating that 
she did not use a perfect match. There were 
ripples in the inverse fi~tered waveforms during 
the open phase for this frequency, indicating 
source - filter interaction. 
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Sprechgesang 
in Arnold Schoenberg's "Pierrot Lunaire" 
A Hettergott 

Abstract 
The paper describes an investigation of Sprechgesang in general and of the Sprechgesang of Arnold Schoenbergs 
'Pierrot Lunaire' in particular. This case of Sprechgesang can be said to be rooted in a musical context and to 
differ from typical speech just as much as it differs from typical singing. In an analytic approach the acoustical, 
physiological, and psychological characteristics of Sprechgesang were compared with those of the singing and 
speech extremes. The results were then related to the musical material as manifested in six different 
interpretations. These performance were compared mainly with respect to the fundamental frequency and the 
durations and amplitudes of syllables. Individual deviations from an imagined 'ideal', for example speech-like 
voice modes such as a breathy or creaky voice, were also taken into consideration and related to the demands of 
the musical score. A special aspect of Sprechgesang is that the emphasis on pronunciation of consonants 
facilitates the understanding of the text. At the same time, and particularly in the Sprechgesang of the 'Pierrot', 
which is defined with regard to both tonality and rhythm, it differs from normal speech with respect to its 
unexpected melodic intervals and so enhances the expression. In summary, the hypothesis can be confirmed that 
the exaggerated vocal style of the 'Pierrot Lunaire' mirrors the grotesque manner of thinking and acting of the 
'Pierrot'-figure itself. 

Introduction 
The paper presents two examples from a more 
exhaustive investigation considering acousti
cal, physiological, and psychological aspects of 
the Sprechgesang in Arnold Schoenberg's Pi
errot Lunaire. Here are shown characteristics 
of Sprechgesang in six different performances 
from the seventh piece, "Der kranke Mond," 
see Music examples 1 and 2. 
The term Sprechgesang refers to a use of the 
voice which is midway between speech and sin
ging. Although some kinds of Sprechgesang 
have a long tradition, such as recitative and 
melodrama, and although since 1912 crossings 
of speech and singing are omnipresent in vo
cal compositions, Arnold Schoenbergs Pierrot 
Lunaire raises for the very first time the de
mands on the voice to extreme levels - such as 
an ambitus of 29 semitones in total (from !Ie to 
~g2).1 

The original set of poems ("Rondels") Pierrot 
Lunaire was written by Albert Giraud (pu
blished in 1884) and translated into German 
by Otto Erich Hartleben (published in 1892). 
In 1912, composer Arnold Schoenberg selec
ted 21 of fifty 13-line poems, henceforth pie-

ces, grouping them into three parts with seven 
poems in each. 
The Sprechgesang created by Schoenberg for 
this purpose originates from a musical context 
and can be described as an artistic voice use 
midway between speech and singing, which can 
be said to mirror in some way the grotesquen
ess of the Pierrot-figure itself. 
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The fact, Schoenberg used a German edition 
here is quite important, since the way of com
position and therefore of the articulatory and 
intonational performance is adapted to the 
German language. 
Also for the first time Schoenberg introduced 
phenomena in the vocal performance which till 
then were typically limited to speech. 
So ocurring speech-specific phonatory modes 
such as a breathy or creaky voice, correspond 
to instructions in the music score as voiceless, 
without tone, whispered. 

1 In the description I use German tone characters : 
440 Hz = a l = a4 = A4 . 
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Figure 1: Juxtaposed spectrographic representations of the word "unstillbarem" as realized 
by the six performers (from left esw, mte, jdg, esz, mth, yvm; the performer codes are 
defined at the end of the article). 

In addition, several other instructions are ex
pressly given by the composer, as sung or spo
ken (on the contrary to Sprechgesang!). Ho
wever, the notes of the music score expressly 
marked by Schoenberg by a crossed throat (see 
example bars of the score2 ) provide well de
fined pitches which can be performed rather 
accurately only by means of singing while per
forming them in a speech-like fashion would 
yield to a more inflected pitch contour. 
On the basis of spectrographic analyses3 

Sprechgesang characteristics of six performan
ces were examined to show on the one hand any 
individually performed deviation in frequency 
from the pitches nominally given by the music 
score; and on the other hand the gross syllable 
pitch trends, i.e., an ascending or descending 
tendency, of the different performers. 
Furthermore, differences between the acoustic 
realizations regarding syllable or rest durati
ons and corresponding section lengths were 
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discussed, as well as the amplitude of the 
fundamenta14 , which is not shown for reasons 
of space. 
In addition, the individual phonetical pecula
rities of each performer were taken into consi
deration; the phonetic transcription is written 
below each spectrogram. 

2 All score examples given with violin key. 

3 By means of the digital S_TOOLS@ software 
invented by the Lab. of Sound Research of the 
Austrian Academy of Sciences. (Mainly digital 
narrow band spectrograms with a frequency re
solution of 15 .625Hz [16 kHz-.ampling rate] ) 

1024 FFT-Iength . 

4 -+ local departures from the mean fundamental 
amplitude individually given by the six perfor
mers and calculated over corresponding sections 
which were taken because of the supposed diffe
rent technical recording conditions 
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Figure 2: Juxtaposed spectrographic representations of the word "Liebesleid" as realized by 
the six performers (from left esw, mte, jdg, esz, mth, yvrn). 

As compared with singing the consonants in 
Sprechgesang play a more prominent role and 
therefore improve the text intelligibility. This 
fact is very important with regard to the infor
mational aspect (as it was in recitative). 
·While the inherent irony of " Der kranke 
Mond" should be emphasized by means of the 
composing style, Schoenberg did not want the 
last sentence of the seventh piece to be per
formed in a 'tragic' fashion, which matter he 
expressly remarked by "nicht tragisch" above 
the last bar (see second example bar). For 
instance, the note sequence for "stirbst" ob
viously contributes to provoke an ironical cha
racter: the short Ug1 , notated as an 1/8 note, 
and preceeded by a 15 semi tones ascending 
leap form the f, is stressed after the long f 

(1/2 note value) by pitch, dynamics «), and 
length , as well as by the following rhetoric 
rest (1/8+1/4). Furthermore, the 2nd exam
ple, "nach-tig to-des-kran-ker Mond" should 
be performed while keeping the correct pitch 
- and without sounding tragic. 
Generally, the performances differed considera
bly in all investigated parameters. For in
stance, the overall duration of the phrase 
shown in Example 1 ranged from performer 
esz's rendering [10.16 s], to that of yvm [14.77 
sj, mean 13.33 Sj the corresponding values for 
the 2nd example were 10.46 s (performer esz), 
17.05s (performer mth), mean 13.32 s. On ave
rage, the rendering of performer esz was the 
shortest of all in the Pierrot's pieces analyzed. 
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Figure 3: Juxtaposed spectrographic representations of the word "todeskranker" as realized 
by the six performers (from left esw, mte, jdg, esz, mth, yvrn). 

Figures 1 and 2 show examples selected from 
the seventh piece "Der kranke Mond" (The ill 
Moon). What is striking in Figure 1 and rather 
typical of Sprechgesang is the inflected and -
particularly here - s-shaped intonation curve, 
mainly adapted to the music score (#g - eL #C L g 
- f - #g 1) and thus intended by the composer. It is 
therefore interesting to relate the score and the 
spectrographic [mdings to some investigations by 
F6nagy (1971). F6nagy found that ironical 
intonation was characterized by a low-high-Iow 
pitch contour, combined with a reciprocal 
amplitude course4

. Even if the description given 
by F6nagy is not completely applicable here, an s
shaped pitch contour can be clearly observed: 
"unstillbarem", descends to #g, ILie-1 firstly 
ascends by a small sixth to e1 and then descends 
to #C 1 , and I-besleidl descends to g and f. By and 
large, the intonation of "an unstillbarem 
Liebesleid" thus corresponds to the findings given 
by F6nagy and doubtless appears as somewhat 
mocking-ironical. Furthermore, the apparent 
protrusion of the lips in the realization of 
"unstillbarem" provokes a certain tenderness of 
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the mocking expression, particularly in esz. 
(Sound example 1) 

A gliding s-shaped pitch contour of 
"Liebesleid" can be seen clearly in several 
interpretations. However performer mte realizes 
the sequence more stepwise, and also the s-shape 
of esz exhibits breaks. The's' performed by yvm 
appears somewhat less precise and often coincides 
with the first partial of the flute. 

4 "[ •• • ] L'expression ironique suppose 3 phases: 
1. Une ye caracterisee par [ ... ] une voix de 
poitrine, [ ... ] grondement (angl.creak), [ .. . ] ton tres bas 
[ ... ] 
2. Une 2e caracterisee par [ ... ] une voix de tete, [ ... ] 
la reduction de l'intensite acoustique globale, [ ... ] le 
ton mont[ant] soudainement tres haut [ ... ] 
3. Dans une 3e phase [ .. . ] on repasse dans le registre 
de poitrine, [ .. . ] le 'creak' reapparait, [ .. . ] le ton 
retombe au niveau du depart [ .. . ]" [Ivan F6nagy 
1971: 45.] 
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Figure 4: Juxtaposed spectrographic representations of the word ''Mond'' as realized by the 
six performers (from left esw, rnte, jdg, esz, rntb, yvrn). 

In Sprechgesang several syllables are typically 
performed more like in singing. The reason can be 
found in terms of the syllable length given by the 
music score: lun-I, I-still-I, I-ba-I, and I-leidl have 
a half note value each and ILie-1 is represented by 
two quarter notes. In addition due to a very low 
pitch level several syllables become difficult to 
realize in a more speech-like fashion. For 
example, only performerjdg realized the long, low 
pitched syllable I-ba-I with a gliding, bowed pitch 
contour rather than sung. 

The 2nd example shows the last phrase of the 
same piece "Der kranke Mond". Examples of 
spectrographical analyses from this phrase are 
shown in Figures 3 and 4, and fO values and 
duration of rests are given in Figures 5 and 6. 

As mentioned, "nicht tragisch!" (non-tragic) is 
expressly written above this bar in the score. In 
Figure 3 and 4 the undulating syllables are 
marked by a small zig-zag sign. The trills on Ito-I 
and following syllables are represented by all 
performers by means of more or less precise 
fluctuations in pitch, most undulating by 
performer esz, most regular by performer jdg. 
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Apparently, the staccato delivery with rests and 
fluctuating fundamental frequency evokes a 
mocking-ironical impression. The great variations 
with respect to rest duration can be clearly 
observed in the graphic representation shown in 
Figure 6. 

The syllables I-krankerl and particularly the 
last word "Mond" mth performes with an 
additional "creak", i. e. a special combination of 
creak and an about exactly performed frequency 
value typically not associated with vocal fry 
(score pitch fl, performed mean fO = 350.1 Hz), 
see Laver (1980). In the spectrogram this 
combined type of phonation is indicated by [+fry]. 
The term "weak creaky voice" would also be 
possible as phonation is weak but not whispered, 
and produced laryngeally without friction. 

Again it is worthwhile to compare these 
[mdings with an investigation by Fonagy (1971; 
1963) relating a sarcastic-ironical mode of 
intonation to a "creaky" voice5

. The expression 
seems to be rather mocking combined with a 
certain tenderness, particularly caused by the 
word "Mond", apparently performed with the lips 
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Figure 5: Individual values of fO showing the overall pitch trend in the syllables as realized 
by the indicated performers. All syllables except ILie-/ are represented by two values, see text. 
The solid stepline represents the nominal frequencies according to the score. 

protruded at a low fundamental frequency6. The 
creak of performer mth can be seen as an 
individual underlining of the inherent expression. 

Figure 5 shows the two fO values per selected 
form each syllable/note in order to grossly reflect 
the pitch tendency. The peak for the syllable ILie-1 
of performer esw (the recording that Schoenberg 
was conducting!) is clearly above all the other 
interpretations. Also the intonation of performers 
mte and mth is too high as related to the score, 
while performers jdg, esz, and yvm are too low, 
performer jdg is closest to the score value with a 
deviation of only 43 cent. On the average, this 
performer jdg in this example approaches most 
closely the values nominally given by the score, 
the maximum difference being 131 cent for the 
syllable I-ba-I, or about 20 Hz too high. 
Performer esz uses the widest ambitus, ascending 
on Istirbstl much beyond the nominal pitch: 2120 
cent as opposed to 1500 cent. The stepwise 
realization of the syllable lLie-1 (values 11-14 in 
Figure 5) by performer mte can be clearly seen; 
her slightly descending intonation differs from that 
of the other interpretations which are generally 
curved and strongly ascending in the first part of 
lLie-/. 
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Another striking detail can be observed at 
Istirbstl (values 19-20 in Figure 5). Here 
performer esw continues on nearly the same pitch 
as the one she reached with the preceding syllable 
I-leidl (values 17-18). Furthermore, she descends 
steeply on Istirbstl, while all other performers 
ascended on this syllable. The pitch for the short 
word lanl (values 1-2) is repeated for the 
following syllable, and yet the intonation is clearly 
rising for performer esw, but falling for performer 
esz. The ILiebesleidl as performed by mte is the 

5 "[ ... ] The stressed syllables reach a high level and 
often turn into falsetto. The unstressed syllables often 
drop under the basic level, the voice changes into 
grumble and the timbre grows from light to dark. 
[ ... ]" [Fonagy 1963: 317.] 

6 "[ ... ] La vraie tendresse [ .. . ] s'exprime dans notre 
enregistrement [ ... ] par laforte protrusion des levres, 
par un fort allongement de la voyelle qui contraste 
avec la courte duree de la consonne. [ ... ]"[Fonagy 
1976: 42, n.Fonagy 1970.] 
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~ esw.7/2 
D mte.7/2 
001 jdg.7/2 
l1l:I esz. 7 /2 
_ mth.7/2 

2 3 4 5 6 7 

I2ZI yvm .7/2 
~x 

/Du/ ->/naech-/(l) /naech-/->/-tig/(2) /-tig/ ->/to-/(3) /to-/->/-des-/(4) 
/-des-/->/-kran-/(5) /-kran-/->/-ker/(6) /-ker/->/Mond/(7) 

Text Sn esw.7 / 2 mte.7 / 2 jdg.7 / 2 esz.7/2 mth.7 / 2 yvm.7 / 2 i 
--------- - ------ -- ------------------------------------------------------------
/ Du/ -> / nach- / 1 o. o. o. o. o. O. O. 
/nach- / -> / -tig/ 2 0.113 0.29 0.13 O. 0.42 0.179 0.189 
/ -tig/- >/to- / 3 0 . 384 0.381 0.259 0 . 092 0 . 36 0.154 0 . 272 
/to-/->/-des-/ 4 0.225 0.254 0.233 O. 0.45 0.23 0.232 
/-des/->/-kran-/ 5 0.361 0.29 0.336 0.019 0.6 0.46 0.344 
/-kran-/->/-ker/ 6 0.158 0 . 308 0.259 O. 0 . 51 0 . 511 0.291 
/ -ker / -> / Mond/ 7 0.97 0.326 0 . 7 0.258 0.87 0.869 0.666 

=> Pausen zwischen den staccatierten Wort- / Silben. 

Figure 6: Performed durations of the rests in Music example 2 as realized by the indicated 
artists. Numbers refer to order in the score. The exact values are listed in the table below the 
graph. 

only one which is not clearly s-shaped, not 
ascending strongly at I-leidl (values 17-18) and 
directed to Istirbstl (the end of the word), like the 
other performers do. 

As can be seen in Figure 6 performer mte 
combines her rather fast realization of the phrase 
with a precise and balanced timing of the rests, 
nearly all being of the same length. Performer esz, 
by comparison, neglects rather completely the 
rests indicated in the score, lengthening the 
syllables at the cost of the rests. All other 
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performers, without any nominal justification in 
the score, stretch the rest before "Mond", possibly 
to take a breath. So performers jdg, mth and yvm 
prolong the rest before 'Mond' to 700 (jdg) and to 
about 870 milliseconds, while esw pauses even 
almost one second .. Nevertheless or even because 
of the shortened rests, the staccato becomes most 
striking in esz; the staccato-onset of each syllable 
can also be observed in the waveform. 
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Real-time visual displays for use in singing 
training: An overview 
D M Howard & D P Rossiter 

Abstract 
The acquisition of singing vocal skills is generally enabled by a singing teacher providing feedback to the student 
based on critical listening. The purpose of this paper is to describe work to implement real-time visual displays 
designed to provide feedback to the student which is based on quantitative analyses of the voice. The analyses 
currently under consideration make use of the outputs from the Fourcin electrolaryngograph (Lx) and the speech 
pressure waveform (Sp). The following real-time displays are described: (a) fundamental frequency derived from 
Lx or SP; (b) larynx closed quotient (CQ) derived from Lx; and (c) a display of vocal tract area based on an linear 
predictive analysis of Sp. Trends have been previously noted for trained and untrained singers in respect of 
pitching control and CQ which enable the potential usefulness of these real-time visual displays in singing training 
to be considered. 

Introduction 
Singing teachers base the feedback they supply 
to their students on qualitative critical listening. 
Many students would find their singing 
development additionally enhanced if some 
quantitative feedback could be provided with 
which they could: (a) directly monitor their 
singing during lessons with their teacher; (b) 
quantify aspects of their progress, and ( c) use to 
enhance their practice time between singing 
lessons. Such systems will never replace singing 
teachers, since their use would enable singing 
teachers to have more lesson time to spend on the 
more musical aspects of performance such as: 
stagecraft, performing musically, working with 
accompanists, working with conductors, working 
with directors, communicating with the audience, 
gesture, posture, ornamentation, etc. 

Real-time visual displays can provide 
feedback to teacher and student alike on 
particular quantifiable aspects of the developing 
singing voice which are known to exhibit 
changing trends during singing training. The 
details of the particular analyses involved are 
unimportant to the user, provided that there is 
some correlate between the changes displayed 
and the activity in hand, for example, posture, 
breathing or articulation. However, in order for 
such a display to have any application, it must 
provide data which is (a) meaningful and (b) 
easily understood. Only then can it be of benefit 
in helping the development of the skills 
concerned. 
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This paper describes a number of real-time 
visual displays which are intended for eventual 
use during singing training. The vocal attributes 
displayed have been chosen with reference to 
analyses of trained and untrained singers as well 
as singers in training. The real-time displays 
discussed include: (i) fundamental frequency 
against time; (ii) larynx closed quotient against 
time; (iii) normalised electrolaryngograph cycle 
display, and (iv) a vocal tract tube model display 
of articulation gesture. 

Fundamental frequency against time 
The automatic estimation of fundamental 
frequency (fO) has been the subject of 
considerable research since early this century. 
No technique currently exists which reliably 
estimates fO for all subjects in all acoustic 
environments, and the choice of a particular 
system must be made with reference to the 
intended application (see Hess, 1983 for a 
comprehensive review). The 
electro laryngograph (Abberton et aI., 1989), or 
electroglottograph (e.g. Baken, 1987) can be 
used to give a reference fO analysis (e.g. Hess 
and Indefrey, 1984). These make use of two 
electrodes placed superficially on the neck at 
larynx level between which the changing 
electrical impedance is measured. The 
measurement of fO from the electrolaryngograph 
output waveform (Lx) is relatively 
straightforward since the cycle-by-cycle 
waveshape remains essentially constant. Peaks 
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Timc laken for one period (Tx) 

Time • 
Figure 1: A cycle of Lx to illustrate the 
calculation of fundamental period and closed 
phase. 

in the time differential of Lx are used to mark 
each cycle and provide a basis for f() 

measurement in real time (see figure 1). The 
upper trace of figure 2 shows a plot of f() against 
time for a soprano singing a two octave A major 
arpeggio. The f() scale is logarithmic to give a 
visual representation which closely matches 
human pitch perception. 

Situations exists where the 
electro laryngograph 1S not an ideal device to use. 
It may not, for example, be feasible to strap 
electrodes around the singer's neck for reasons 
of practicality or respect for the subject's wishes, 
or it may not be possible to obtain a usable Lx 
waveform due to layers of fatty tissue between 
the vocal folds and the electrodes. 

Signal Processing Research Group, The Uniuersity of York 

(c)alibrate (f)requency (h)old (q)uit (r)efres}1 sweep(tHme 
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Hz 

100~ ___ __ ~~~_~~ ___ _ ~~~~~~ ____ -4 
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% 
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e 6 
Real-time Closed Quotient display 

Figure 2: Real-time display of fundamental frequency against time (UPPER) and CQ 
against time (LOWER) for an A major arpeggio sung by an adult female. 

One situation, in particular, when Lx cannot 
be conveniently used is with young children, 
The SINGAD (SINGing Assessment and 
Development) system has been designed to 
encourage and enable conscious pitching control 
for primary school children (Howard and Welch, 
1993). This is intended for classroom 
applications where an electrolaryngograph 
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cannot be used regularly due to both the practical 
problems of electrode positioning to obtain a 
usable waveform and the non-tolerance of young 
children to the neckband. A microphone based 
f() estimation device is therefore essential and the 
SINGAD systems make use of either an analogue 
circuit (Howard, 1989) originally developed for 
use with advanced hearing aids (BBC computer 
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Figure 3: Example SINGAD assessment screen. 

and PC), or a pitch to MIDI converter (Atari 
computer). The object of SINGAD is to provide 
a basis for the development of conscious pitching 
control by means of pitch matching tasks based 
on a real-time display of fo. 

SINGAD has two stages: assessment and 
development In the assessment stage a series of 
notes are played and the user's sung response is 
measured statistically (e.g. see figure 3). In the 
development stage a real-time trace of the 
logarithm of fo against time is provided with 
variable frequency and time axes. Traces can be 
overlaid and picture targets can be provided to 
increase the complexity of the pitching task 
demanded. Pilot study work with SINGAD 
(Welch et aI., 1991) with a group of primary 
school pupils demonstrated the efficacy of the 
system in the classroom. In particular, this study 
showed that children could gain as much benefit 
from using the system without teacher 
interaction. This has significant implications for 
classroom application, where it is not possible 
for a teacher to devote time to children at a 
computer while looking after the rest of the class. 
Larger scale SINGAD studies are currently in 
progress. 

Larynx closed quotient against time 
The shape of the Lx waveform itself provides 
information relating to changes in vocal fold 
contact area. One measure which has been 
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investigated with respect to singing training is 
larynx closed quotient (CQ), defined as the 
percentage of each cycle for which the vocal 
folds remain in contact It can be measured from 
the Lx waveform as follows (with reference to 
figure 1): the start of the closed phase is defined 
as the instant of maximum increasing vocal fold 
contact area change; and the end of the closed 
phase (CP) is determined as the instant at which 
the negative-going Lx waveform crosses a preset 
amplitude threshold. 

Howard et ai. (1990) found that for a group of 
18 adult males with varying degrees of singing 
training/experience, CQ remained essentially 
constant with fo and increased with the number 
of years of singing training/experience. Larynx 
CQ has also been shown to vary for 23 adult 
females with varying singing training/experience 
(Howard et aI., 1991), but here it is the 
patterning of CQ with fo which alters with 
training. It has also been shown that CQ varies 
dramatically for female operatic as opposed to 
the Broadway female "belt" style of singing 
(Evans and Howard, 1993). Whilst these 
studies indicates that CQ is different for 
individuals with varying singing 
training/experience, it does not demonstrate that 
CQ changes as a result of singing training. A 
pilot longitudinal study over a period of seven 
months for two male subjects (Howard and 
Rossiter, 1992) demonstrated that CQ is subject 
to change with time and training although CQ 



tended to rise for one subject and fall for the 
other. It should be noted that pupils will not 
always necessarily progress during training and 
there may be evidence of retrogression as well as 
progression as new techniques are learned. 

A real-time display of CQ as well as fO 
against time has been implemented on the Ariel 
PC-56D PC compatible extender board (Howard 
and Gamer, 1992). Figure 2 shows a screen from 
the display for a trained adult female singing an 
A major two octave arpeggio in which the 
change in CQ can be observed. Notice the rise in 
CQ for the lower notes followed by a sudden 
drop in CQ as a vocal register boundary IS 

crossed followed by a rise in CQ with fo. 

Normalised electrolaryngograph cycle 
Singing teachers and speech therapists have 
suggested informally that there may be some 
benefit to be gained from observing the raw Lx 
waveform. Indeed, an oscilloscope display of Lx 

was always available as part of the 
electro laryngograph "voiscope" package (e.g. 
Baken, 1987). One of the key difficulties in 
interpreting the detailed changes in waveshape of 
a non-periodic waveform when displayed on an 
oscilloscope is that it is never stationary. Each 
cycle changes in length and height on the screen 
and cycle shapes cannot be readily compared. 

Our normalised Lx display is designed to plot 
each cycle of Lx within a window in which the 
cycle 'start' and 'end' instants (as defined by the 
Tx markers) are always linked to the window 
left/right bounds, and the maximum/minimum 
peaks are linked to the top/bottom of the 
window. This is achieved by normalising each 
cycle for both amplitude and period in real-time. 
An example display is shown in figure 4 for a 
belt and a non-belt version of the vowel in "spa" 
sung by an adult female along with a bar graph 
display of fO and CQ for each cycle (sound 
example I). Variations between the Lx cycles 
can be directly compared, even though the fO and 
the cycle amplitude are different. 

Figure 4: Normalised Lx cycle display, jD and CQ bargraphs for the vowel of "spa" sung 
by an adult female in belt (LEFT) and non-belt styles (RIGHT). (Sound example 1.) 

Vocal tract tube model 
It is often difficult for voice teachers to explain 
exactly what articulatory modifications should be 
made to gain a particular effect, and many 
techniques are taught by example. Visualisation 
of gesture and subsequent mimicking is therefore 
a primary teaching technique, but it is one that 
cannot be used easily for the more subtle vocal 
tract articulations which are basic to singing. A 
screen display from a real-time system which 
could be used is shown in figure 5 for the vowel 
of "spa" sung in a "trained" and an "untrained" 
style by an adult male (sound example 2). 

Here the cross-sectional area of the oral vocal 
tract from the glottis to the lips is plotted based 
on a linear predictive coding (LPC) analysis of 
the acoustic pressure wave in terms of an 
equivalent acoustic tube. The algorithm is based 
on conventional all-pole LPC analysis and thus 
models a tube with no side branches. Hence it 
does not model the nasal cavity. The system runs 
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in real-time on a Silicon Graphics Indigo 
computer (Downes, 1992). The output has been 
compared with published X-ray data of vocal 
tract settings for different vowels and the trends 
in its output appear to be appropriate. It is not at 
present possible to compare the output directly 
with published data for X-ray and other soft 
tissue imaging techniques, since this would 
require a reasonable quality synchronously 
recorded speech pressure waveform on which to 
base the LPC analysis. Informal observation of 
the output suggests that it does vary as one would 
expect for different vowel sounds. The "trained" 
singing style shown in figure 5 has an enlarged 
area in the tube region immediately above the 
glottis which is not exhibited by the "untrained" 
version. Acoustic modelling of the singers' 
formant reported in Sundberg (1987) suggests 
that it is due to an enlarging of the pharyngeal 
space accompanied by a lowering of the larynx, 
or an enlarging of the tube immediately above 
the glottis. 



GLOTTI S throat LIPS 

GLOTTIS throat LIPS 

Figure 5: Real-time display of vocal 
tract cross-sectional area for the vowel of 
"spa " sung in a trained (upper) and an 
untrained (lower) sytle by an adult male. 
(Sound example 2.) 

Conclusions 
A number of real-time visual displays have been 
described which could be used in professional 
voice training, in particular: fundamental 
frequency against time; larynx closed quotient 
against time; and a display of vocal tract area 
based on an LPC analysis of the acoustic 
waveform. The applicability of displays of 
fundamental frequency and closed quotient 
against time has been previously demonstrated 
and work is in progress to investigate further 
longitudinal aspects. Additional work is required 
to establish the applicability of: (a) the tube 
model display to speech and singing; and (b) the 
acceptability of such displays by voice teachers 
and students. 
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Harmonic analysis of the singing voice: 
-Acoustic characteristics of vibrato 
S Imaizumi, H Saida, Y Shimura & H Hirose 

Abstract 
In order to investigate the sources of vibrato in the singing voice through an acoustic approach, a new acoustic 
analysis method was proposed, which utilizes the level-frequency variability of harmonics and is applicable even 
for high-pitched singing voices with extensive vibrato. Using this method, the interrelationships between the fund
amental frequency, the level of the harmonics, the formant frequencies and the overall amplitude of the singing 
voice were analyzed. The results showed that the lower harmonics varied along the estimated average vocal tract 
transfer function including the voice source characteristics, while the higher harmonics intersect it. It was suggested 
that not only the variations in FO but also those in the voice source spectrum contribute to vibrato, and that 
laryngeal adjustment may playa more significant role in vibrato than subglottal pressure at least for the singer 
analyzed here. [Work supported by a Grant-in-Aid for Scientific Research on Priority Areas, the Ministry of 
Education, Science and Culture, Japan] 

Introduction 
In various singing styles preferred in various 
culture, even vibrato might have different forms. 
Although fundamental frequency (FO) variations 
have been considered the main factor 
determining vibrato in Western opera singing 
style, subglottal pressure variations, voice source 
variations and vocal tract wall vibrations might 
affect the acoustic characteristics of vibrato 
tones. 

The sources of vibrato can be investigated 
through various measurements. EMG 
measurement, for instance, is invasive and not 
always feasible with professional singers. Among 
various possibilities, an acoustic approach might 
be the most convenient if it can provide fruitful 
insights on the sources of vibrato. Although 
many acoustic analysis procedures have been 
reported, no one acoustic approach has been 
accepted as an effective method for obtaining the 
sources of vibrato, one of the reasons being the 
complicated relations between the subglottal 
pressure, the fundamental frequency, the voice 
source spectrum and the formant frequencies. 

This paper describes a novel method of 
investigating the acoustic characteristics of 
vibrato tones by looking at the relationships 
between the fundamental frequency, the formant 
frequencies, the voice source spectrum and the 
amplitude of the singing voice. 

Method 
Working Hypothesis 
F our factors contributing to the acoustic 
characteristics of vibrato -- the subglottal 
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pressure, the fundamental frequency, the voice 
source spectrum and the formant frequencies -
were taken into account here. The contribution of 
each factor was hypothesized to be as follows. 

Case A: If the main factor determining vibrato 
is a change in only the fundamental frequency, 
keeping the other factors relatively constant, then 
the overall sound pressure level variations could 
conceivably be caused by variations in the 
fundamental frequency (FO), as these variations 
in F 0 cause the higher partial tones to move 
toward and away from the formants. In Case A, 
therefore, partial tones or harmonics move along 
the vocal tract transfer function T(j). 
Furthermore, the phase relationships among the 
level variations of the harmonics can be complex 
depending on their proximity to the formants. 
Some covary in phase, while others in opposite 
phase. This case was described by J Sundburg 
(1987) and Y. Horii (1992). 

Case B: If the contribution of variations in the 
subglottal pressure is large, in addition to the 
contribution of the FO variation, the overall 
sound pressure level could conceivably be 
caused by variations in both factors. When the 
sub glottal pressure increases, FO usually 
increases,and the level of harmonics also 
increases. Therefore the harmonics vary across 
the vocal tract transfer function T(j), or traverse 
it. Furthermore, the harmonic variations tend to 
be in phase. 

Case C: If not only the variations in FO but 
also those in the voice source spectrum 
significantly contribute to vibrato, it may be 
observed that lower harmonics vary along T(j), 



while the higher harmonics traverse T(f). This is 
to be expected because the voice source spectrum 
is supposed to be flatter for higher F 0 than for 
lower F 0 in the singing voice. 

More complex cases can be hypothesized. For 
instance, formant frequencies may fluctuate due 
to vocal tract vibrations. In that case, the level of 
some harmonics move more, and some others 
move less than expected when formant 
frequencies are stable. 

Parameter Estimation 
Voice samples selected from a voice database 
were analyzed and typical examples of a soprano 
and a mezzo-soprano singing voice and a 
pathological tremor voice were presented here. 
The voice signal was digitized through a 12-bit 
AID converter at a sampling rate of 50 kHz. 

U sing a pitch detection method described in 
other place (Imaizumi et aI., 1986, 1992, 1993), 
the following time series were extracted from 
voice waveform sO) for j=O,1, .. ,J; L(ij:the i-th 
pitch location; FO(i)=1IL(i)-L(i-1): the i-th 
fundamental frequency, for i=O, 1, .. , I I was the 
total number of pitch periods extracted. 

The level of the n-th harmonic for the i-th 
pitch period, Hn(i), was calculated as follows. 

Hn( i)=10.OloglO(hrn(i)2+hin(i)2) 

L(i)-l 
hrn(i)= L s(j)cos(6.28jnFO(i)) (1) 

j=L(i-1) 

L(i)-l 

NO) I 
Q= L L (Hn(i)-T(nFO(i)))2 (3) 

n=O i=O 

where N(i) is the number of harmonics 
below 5kHz for the i-th pitch period. 

Results and Discussion 
One example of the results of formant estimation 
and the harmonic extraction from a soprano 
voice sample are shown in Fig. 1. 

As shown in Fig. 1 (a), the level of the lower 
harmonics numbered 1 to 3 fit the estimated 
average frequency characteristics T(f), while the 
harmonics higher than the 3rd did not fit T(f), but 
rather traversed it. 

Furthermore, as shown in Fig. 1 (b), the phase 
relationships among the level variations of the 
harmonics were determined depending on their 
proximity to the forniants. The level of the 3rd 
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hin(i)= L s(j)sin(6.28jnFO(i)) (b) 
FREQUENCY (kHz) 

j=L(i-1) 1 ::!:::rilil!U7t:rrr"iiI"UIii:!JIiPSiiiI;;::SUP5"i!UI"IU;;wr:;;;gj 
The hypothesized average frequency 

characteristics of voice, T(f) was represented as 
the sum of three factors G(f), V(f) and R(f). V(f) 
represented the vocal tract transfer function? G.(f) 
the voice source spectrum and R(f) the radlatlOn 
characteristics including the higher pole 
compensation factor. 

T(j)=G(j)+ V(j)+R(j), j=nFo(i) (2) 

To estimate the formant frequency, Fm, and 
its bandwidth, Bm, a least square error method 
was used, in which parameters were determined 
so as to minimize Q. 
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Figure 1: (a) The results of formant 
estimation from a soprano voice, (b) the 
phase relationships among the level 
variations of the harmonics and FO, and the 
waveform of the soprano voice analyzed. 



harmonic varies in opposite phase with Fa and 
the other harmonics. The harmonics except the 
3rd covary in phase with Fa. The variation in the 
overall amplitude of this soprano voice is mainly 
determined by the level variation of the 3rd 
harmonic. 

These results shown in Fig. 1 indicate that 
this soprano vibrato sample was controlled as 
predicted by the hypothesized Case C. In this 
case, not only the variations in Fa but also those 
in the voice source spectrum contributed to the 
vibrato. The lower harmonics vary along T(/), 
while the higher harmonics traverse T(/). 

This characteristic may be produced through 
periodical stretching of the vocal folds which 
conceivably cause variation of the voice source 
spectrum. When the vocal folds are more 
stretched, Fa increases and the voice source 
spectrum becomes flatter. 

Some examples close to Case B could be 
found as shown in Fig. 2. In this case, larger 
vertical movements are observed compared to the 
example shown in Fig. 1. One possible 
speculation is that the vertical movements are 
generated due to the vocal tract· wall vibration. If 
the 1 st formant frequency F 1 decreases when Fa 
increases, the level of the 1 st partial increases 
more than expected when F 1 is stable. Actual 
measurements of the diameter of the upper part 
of pharynx indicated the pharynx wall vibrated at 
the same frequency as the vibrato. When the 
diameter decreased, Fa increased (Imaizumi & et 
aI., unpublished data). 
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Figure 2: The relationship between partials 
andT(f)for a mezzo-sopurano voice sample. 
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Figure 3: The relationship between partials 
and T(f) for a pathological tremor sample. 

Fig. 3 is one example of a pathological tremor 
voice. Vertical movements of the level of partials 
were more evident in this case than the vibrato 
tones. It seemed be clear that amplitude 
fluctuation or the voice source amplitude 
variations instead of Fa is the most important 
factor in this case. 
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Fig. 4 is one example of rapid alternation of 
two tones, or trillo. The frequency-level 
relationship is displayed only for the 
fundamental and the 2nd harmonics. The curves 
are circulating, like a hysteresis curve, which are 
very different from those of vibrato and also 
from tremor. 
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Figure 4: The frequency-level relationship 
for the first and second partials of a trillo 
sample. 



The rapid alternation of two tones, or the 
trillo, did not fit to any of the hypothesized cases 
A, Band C. The trillo seemed be very differently 
produced compared to the vibrato tones. Rapid 
changes of voice source amplitudecaused by, for 
instance, rapid alternation of adduction and 
abduction of larynx (Brown & Sherer, 1992), 
may contribute to the acoustic characteristics of 
the trillo sample. 

These results suggest that, although highly 
predictable and periodical Fa variations and the 
harmonic-formant interactions are the main 
factors determining the acoustic characteristics 
of vibrato tones, voice source spectrum 
variations, vocal tract wall vibrations and 
formant frequency variations may also contribute 
to the detailed acoustic structure. There were 
significant differences between the acoustic 
characteristics of the vibrato, the pathological 
tremor and the trillo. 

Conclusions 
In order to investigate the acoustic characteristics 
of vibrato, a new acoustic analysis method was 
proposed, which utilizes the level-frequency 
variability of harmonics. Using this method, the 
interrelationships between the fundamental 
frequency, the level of the harmonics, the 
formant frequencies and the overall amplitude 
were analyzed for the singing and the 
pathological tremor voice samples. The results 
suggest that, although highly predictable and 
periodical Fa variations and the harmonic
formant interactions are the main factors 
determining the acoustic characteristics of 
vibrato tones, voice source spectrum variations, 
vocal tract wall vibrations and formant frequency 
variations may also contribute to the detailed 
acoustic structure of vibrato tones. 
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On the effects of supralaryngeal acoustics on vocal 
function 
A study with special reference to voice training with 
"resonance tubes" 

A-M Laukkanen, E Vilkman & U K Laine 

Abstract 
The present study aimed to elucidate the possible effects of an extension to the vocal tract through a tube on vocal 
function. The effects of tube phonation on fundamental frequency and electroglottographic signal waveform were 
studied in (Part I) three males producing vowels and phonating into narrow (diameter 8 mm) glass tubes (length 
26-28 cm) and (Part II) one male and two female subjects phonating into a plastic tube (diameter 2.5 cm) with 
three physical lengths: 30, 60 and 100 cms. In Part I the subjects phonated at their habitual speaking pitch level and 
in Part II at three fundamental frequency levels in different modes. In addition, in Part III two male subjects 
phonated into the wide 60 cm-tube ~nd produced vowels before and after tube phonation. In Part I the results show 
that the narrow glass tubes did not affect the voice quality of the male subjects. In Part II for all the three subjects 
all changes in voice quality were seen only at the middle pitch, For the male subject! phonation into the 60 cm-tube 
at habitual speaking fundamental frequency was accompanied by a lowering of one semi tone in the mean 
fundamental frequency and by increased skewing and increased amplitude of the EGG waveform. For the females, 
similar findings in the EGG waveform were seen especially with the 30 cm-tube at habitual speaking fundamental 
frequency. A drop in FO was seen for one of the two female subjects in 30 cm-tube phonation. This drop was 
clearer in singing mode than in speaking mode. In Part III similar changes in EGG signal were seen with the 60 
cm-tube as in Part II and also the vowel phonation produced after tube phonation differed from vowel phonation 
before tube phonation. The results are interpreted in terms of acoustic-mechanical (neuromuscular) vocal source
tract interaction. 

Introduction 
Phonation into tubes has been used as a training 
method in voice training and therapy (Sovijarvi 
1965). In Finland the tubes most frequently used 
and called "resonance tubes" are narrow, 8-9 mm 
in diameter, 25-28 cm in length and made of 
glass. The tubes are used in two ways: The 
patient is instructed to phonate into the tube 
either while holding the other end of it in the air 
or with the other end of it sunk into a cup filled 
with water. Either vowel like phonation or 
production of a bilabial voiced consonant 
between nasal and plosive sound is used. The 
results of Laukkanen (1992) indicated that for 
female subjects a vowel like phonation into the 
tubes with the other end free in the air was 
characterized by increased amplitude and 
skewing of the electroglottographic waveform as 
compared to the EGG waveform in vowel 
phonation before tube-phonation. This difference 
in the EGG waveform was also seen in vowel 
phonation immediately after tube-phonation. The 
acoustic voice quality was also different in vowel 
phonation after tube-phonation: The signal-to-
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noise(S/N) ratio was larger and the spectral slope 
was less steep although the fundamental 
frequency (FO) and sound pressure level (SPL) 
were the same. It is likely that acoustic 
interaction plays a role in these results. 

The effects of acoustic interaction on vocal 
fold vibration have been studied since J. Muller 
(1837). Manipulation of the supra- or subglottic 
resonance frequencies with the use of different
sized tubes has been reported to cause changes in 
FO and disturbances in the vocal voId vibration 
(e.g. Muller 1837, Kagen & Trendelenburg 
1937). Titze regards subglottic resonance an 
important factor for register changes (Titze 
1988). 

The aim of the study was to elucidate the 
effects of tube length and tube diameter on voice 
quality for male and female subjects at different 
pitch levels and in different phonatory modes. 



Materials and Methods 
1. Subjects and the tasks 
Part I 
Three male subjects (tenor, baritone and bass
baritone) with nonnal voices served as subjects. 
They phonated vowels fa:, i:, u:/ three times each 
at habitual comfortable speaking pitch and 
loudness levels. The pitch was monitored 
auditorily by one of the authors and by the 
subjects themselves; a keyboard instrument was 
used for reference. The SPL was monitored by the 
subjects using a SPL indicator and by one of the 
authors with the input level meter of the DAT 
recorder. After vowel phonation the subjects 
produced three times a vowel like sound into 
"resonance tubes" of 26, 27 and 28 em in length. 
The other end of the tube was free in the air 
pointing straight out of the mouth as a natural 
extension of the vocal tract. After tube-phonation 
the vowel phonation task was repeated 
Partll 
One male and two female subjects (lyrical 
baritone, soprano and mezzosoprano) with nonnal 
voices and with training in singing participated in 
this study. They phonated into a plastic tube with 
a diameter of 2.5 em and the length of l()()cm. 
The tube length was varied between l00cm, 60cm 
and 30cm manually by closing and opening the 
finger holes (diameter 10 rom) at a distance of 
30cm from each other on the side of the l00cm 
tube. This was done abruptly by one of the 
authors while the subjects were producing a 
steady more or less /0:/ like vowel sound. The 
subjects phonated at three pitch levels: habitual 
speaking pitch and clearly higher and lower. One 
of the females (soprano) phonated at the habitual 
speaking pitch level both in speaking and in 
singing modes. 
Part III 
Two male subjects with nonnal voices (tenor and 
bass-baritone) took a test exactly similar to that 
described in Part I, except for the fact that the 
tube used was a plastic tube with a diameter of 
2.5 cm and the length of 60cm. 

2. Recording of the samples 
Electroglottographic (EGG) signals were recorded 
using an electroglottograph (Frl/lkjrer-Jensen 
Electroglottograph 830) and an instrumental 
recorder (parts I and III Racal Thennionic 4 D, 
Part II TEAC RD101 T); a recording speed 
providing a 10kHz frequency range was used 
The electrodes were attached on a cotton band 
which was wrapped around the subject's neck as 
tightly as possible to prevent any movement of the 
electrodes. The quality of the EGG signal was 
monitored on an oscilloscope. 

. The a~oustic signals were recorded using a 
high-quality measuring microphone (parts I and 
III Bruel ~ Kjrer 4165, Part II Bruel & Kjrer 
4134) and III Parts I and III a digital audio tape 
(DAT) recorder (JVC XD-Z-llOO). In Part IT the 
~coustic signals were also recorded using the 
mstrumental recorder. In Parts I and ill the 
distanc~ between the microphone and the subject's 
mouth m vowel phonation tasks as well as that 
between the microphone and the free end of the 
tube was 40 cm, whereas in Part II the distance 
between the microphone and the free end of the 
tube was 15 em. 

3. Analyses of the samples 
The EGG signals of the vowel samples and the 
tube p~onation samples were analyzed by 
calc~ating speed quotients (SQ) and quasi open 
quotients (QOQ) (see Fig. 1) from five successive 
vocal periods in each sample. FO and period 
amplitude (AO) curves were calculated from the 
EGG ~gn~s of all samples. Spectral slope in the 
acoustic SignalS of the vowel samples was studied 
by calculating the alfa-ratio (Frl/lkjrer-Jensen & 
Prytz 1976) which is the SPL above 1 kHz 
divided by the SPL below 1 kHz. Additionally, the 
vowel. so~ds were analyzed by calculating from 
the ffildpomt of each sample the signal-to-noise 
(S(N> ratios. All the analyses were made using a 
ffilcrocomputer-based dual channel sound analysis 
system called Intelligent Speech Analyser (ISA). 

Figure 1: Interpretation of the EGG signal. 
b!creasing impe~ance upwards. aT = open 
t~me of the gl~ttls, .p = period, a = opening 
tlme, C = closmg tlme. SQ (speed quotient) = 
O/C, OQ (open quotient) = OT/P. 

Results 
Part/.l!-esona'!ce tubes for male subjects. 
No sIgmficant dIfferences existed in the EGG 
signals of vowel and tube-phonation or between 
vowelyhonation ?efore and after tube-phonation. 
The dIfferences 10 SIN ratio and spectral slope 
between vowel phonation before and after tube
phonation were also negligible. 
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Part II. Wide tube 
For the male the 60cm tube caused a clear 
lowering of FO and the EGG amplitude and 
skewing increased (Fig.2). For both female 
subjects the 30cm and lOOcm tubes gave the 
clearest increase in EGG amplitude and skewing 
(Fig.2). For the soprano in the singing mode an 
FO drop was seen for the 30cm tube and the 
vibratory pattern became irregular after a while. 
Mean values for SQ and OQ can be seen in the 
Table. For all three subjects no clear changes in 
the EGG waveform or FO were seen at higher or 
lower pitch levels . Only a slight increase in the 
EGG amplitude and skewing of the EGG 
waveform could be seen for the male at a lower 
pitch (97 Hz) while he was phonating into the 
l00cm tube and for the mezzo soprano at higher 
pitch (387 Hz) while she was phonating into the 
60cm tube. 

Figure 2: EGG signal for mezzosoprano 
(upper panel) and for lyrical baritone (lower 
panel) phonating into a wide tube of a 
physical length of 100 cm (left), 60 cm 
(middle) and 30 cm (right). 

Part III. Wide 60cm tube for male 
subjects 
The results were similar to those obtained for 
female subjects phonating into the resonance 
tubes (Laukkanen 1992), see the introduction. 

Discussion 
Increased amplitude and skewing of the EGG 
signal may be signs related to increased vocal 
effort or improved vocal fold vibration in terms 
of increased vibratory amplitude and increased 
contact between the vocal folds (Sonesson 1960, 
Slavit & al. 1990). The fact that the subjects have 
reported tube phonation as feeling very 
comfortable and even easier than normal vowel 
phonation suggests that for tube-phonation the 
reason for the above mentioned EGG findings 
most likely is not increased vocal effort but a 
mechanically induced improvement of the vocal 

Table 1: Mean values for SQ and OQ from 
the EGG signals of the subjects phonating at 
habitual speaking pitch level. The mean 
values are calculated from five successive 
periods in three samples. 

Subject FO SQ OQ 

~ 
30cm tube 130 Hz 
60cm tube 
l00cm tube 

MezzosOj1rano 
30cm tube 180 Hz 
60cm tube 
l00cm tube 

S.QllliIlli2 
Speech mode 
30cm tube 193 Hz 
60cm tube 
l00cm tube 

Singing mode 
30cm tube* 196 Hz 
60cm tube 
l00cm tube 

6.00 
10.00 
8.00 

5.10 
3.80 
4.80 

4.50 
3.50 
4.00 

4.80 
3.30 
4.10 

* in the stable beginning of the sample 

0.43 
0.37 
0.41 

0.39 
0.43 
0.40 

0.40 
0.45 
0.38 

0.39 
0.44 
0.42 

fold vibration. This improvement might be due to 
increased vocal tract impedance in cases when 
FO and Fl lie close to each other (see e.g. 
Rothenberg 1981, Titze 1988). It is obvious that 
phonation into a tube that causes a lengthening of 
the vocal tract lowers the supraglottic formant 
frequencies. The first resonance of the tube-vocal 
tract combination for the resonance tubes (length 
26-28cm, diameter 8mm) might be for female 
subjects (length of the vocal tract approximately 
15-17 cm, cf Fant 1973) 194-213 Hz and for 
male subjects (length of the vocal tract 
approximately 17-19 cm) 186-203 Hz. Thus, for 
female subjects phonating into resonance tubes 
the first supraglottic resonance comes very close 
to FO at their habitual speaking fundamental 
frequency range. In contrast, for male subjects 
this is not the case. However, Laukkanen (1992) 
showed that the effects of the resonance tubes for 
female subjects did not seem to be dependent on 
FO level. This indicates another explanation. It is 
possible that the affecting mechanism in 
phonation into the "resonance tubes" is not the 
relation between FO and the supraglottic 
resonances but the small diameter of the tubes. 
This decreases the radiation load and increases 
the inductive load. These things in tum might 
give mechanical assistance to the vocal fold 
vibration. The fact that the resonance tubes did 
not seem to affect the vocal fold vibration in 
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male subjects might be due to larger vocal fold 
mass, which may resist the possible assistance of 
the decreased radiation load and the increased 
inductive load. 

In contrast, the results obtained with the wider 
tube may well be explained by the relation 
between FO and Fl (and in some cases also F2) 
of the tube-vocal tract combination. For male 
subjects with a 17cm vocal tract the first 
supraglottic resonance with a 60cm tube is about 
130 Hz and the male subject in this study (Part 
II) phonated at 130 Hz. For female subjects with 
a vocal tract of 15-16cm the first resonance with 
30cm tube would be about 190-194 Hz, thus very 
close to the FO at the middle pitch of the female 
subjects in this study (Part II). The fact that for 
the female subjects phonation into 100cm tube 
also caused increased amplitude and skewing of 
the EGG signal is most likely a result of 
increased vocal effort; both female subjects 
reported phonation into the longest tube very 
strenuous. 

The soprano in Part II had difficulties 
phonating into 30cm tube in the singing mode. 
This is in accordance with the results of Kagen & 
Trendelenburg (1937). It is possible that in 
singing mode the glottal state is more prone to 
get out of control due to supra-, sub- and 
intraglottal pressure undulations, because in 
singing mode and especially in singing at a low 
pitch level it is most likely that the singer has to 
maintain a delicate balance between the activity 
of various laryngeal muscles, for example 
cricothyroid and vocalis muscles. In addition, it 
is possible that because of vibrato in this sample 
of singing mode phonation the phase relationship 
between FO and FI changed from that existing in 
the sample of speech mode. The phase 
relationship between FO and supra- or subglottic 
resonance determines whether the effect of the 
acoustic interaction to vocal fold vibration is 
positive or negative (Titze 1988). The effect is 
regarded as positive when the interaction 
strengthens the vibratory pattern related to modal 
register mode and conversely a negative effect 
implies a change to falsetto-like vibration. 

The fact that tube-phonation did not seem to 
have any effect on vocal fold vibration at higher 
or lower FO levels than that of habitual speech 
may be due to the fact that the voice quality of 
these subjects became quite breathy and falsetto 
like in those cases. In cases where OQ is great 
the effects of the acoustic interaction are 
supposed to diminish due to higher damping of 
the resonances (cf Sundberg 1979). 

For female subjects using the resonance tubes 
and for male subjects using the wider 60cm tube 
the voice quality in vowel phonation seemed to 

be different after tube-phonation than before. 
This seems to suggest that acoustic interaction 
causes refleXively changes in the activity of the 
laryngeal muscles. Laukkanen (1992) found that 
in quick variation between tube-phonation and 
vowel phonation the skewing effect of the 
resonance tubes on the EGG signal waveform for 
the female subjects lasted for 600 ms after the 
tube was removed from the lips. In addition, the 
voice quality in vowel phonation after tube
phonation seemed to revert rapidly to voice 
quality before tube-phonation, the third vowel 
sample after tube-phonation having the same 
quality as the vowel samples before it. However, 
it cannot be concluded from this that tube
phonation is of no therapeutic value. The length 
of an instant positive change in voice quality is 
not likely to be very long-lasting in any voice 
training method. The most important thing is the 
frequency of the moments of improved vocal 
function appearing during training. 
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Long-term average spectrum study 
on speaking voice quality in male actors 
T Leino 

Abstract 
The voice quality of 48 male actors in text reading samples was evaluated by ~ven listeners in the fields of 
theatre and speech. According to the evaluation the samples were divided into four voice quality classes: good, 
fairly good, rather poor and poor. Long term average spectra (LTAS) of 400 points were made. LTAS 
differentiates the poor and good quality classes from each other and from the fairly good and rather poor voice 
quality classes. LTAS of the good speaking voice quality of male actors will be compared to the LTAS of the 
operatic singing voice quality. 

Introduction 
Long-teITIl average spectrum (LTAS) gives 
infOITIlation on the general voice quality, if the 
duration of the sample is long enough to avoid, for 
example, the effects of individual speech sounds 
on the analysis result. Some authors regard a 
sample of 30-40 seconds as sufficiently long (e.g. 
Li & al. 1969), others recommend a duration of at 
least one minute (e.g. Majewski &<il. 1977). The 
differences between nOITIlal and pathological voice 
as well as different types of voice disorders have 
been studied with L T AS (Gauffin & Sundberg 
1977, Wendler & al. 1980, Hammarberg & al. 
1980, Hurme & Sonninen 1985). The spectral 
manifestation of emotions has also been studied 
using this method (Williams & Stevens 1972, 
Pittam 1990). Nolan has studied the LTAS of 
various voice qualities classified by Laver (Laver 
1980, Nolan 1983). There are studies on the 
individual differences in LTAS (e.g. 
Kiukaanniemi & al. 1982). Professional singing 
voice has also been studied using LTAS (e.g. 
Rossing & al. 1985). In the operatic singing voice 
the high frequency peak around 2800 Hz already 
described by Bartholomew (1934) and later 
named as singer's fOITIlant by Sundberg (1974) is 
a well known feature related to good and 
economical singing technique. In contrast, the 
spectral characteristics of good professional 
speaking voice have not been payed very much 
attention to. Defining the acoustic features of a 
good voice quality may provide useful infoITIlation 
in setting the goals for voice training and 
evaluating the results of training. 

The aim of the study was to find out whether 
in LTAS good and poor speaking voice qualities 
differ from each other. 
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Materials and methods 

Subjects and the task 
The subjects were 48 male professional actors 
who attended a voice training course in five 
groups. The actors read aloud the same prose 
extract. The duration of every sample was over 
one minute. The tape recordings were made in a 
studio using a high quality tape recorder and a 
high quality microphone. The microphone 
distance was 40 centimetres. 

Evaluation of the samples 
The recordings were played back with a high 
quality loudspeaker for evaluation. Seven 
professionals in the fields of theatre or speech 
therapy listened and evaluated the samples of the 
four groups. The fifth group was evaluated by 
seven phoneticians or logopedists with not so good 
a loudspeaker. The listeners gave points on a scale 
-3 -2 -1 + 1 +2 +3 according to their subjective 
opinion of a good speaking voice. Good voice 
quality was not defined. According to the points 
given four voice quality classes were fonned in 
every training group for spectrum analysis: 1. 
good quality, 2. fairly good quality, 3. rather 
poor quality and 4. poor qUality. 

Spectrum analysis 
LTA spectra were made with a Hewlett-Packard 
signal analyzer 3561A. A four-hundred point 
narrow band FFT analysis was used. The 
frequency span was 10 kHz. Voiceless segments 
were left out of the analysis.The time record 
length was 40 ms. The display resolution was 25 
Hz. The flat top weighting window, which gives 
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the best amplitude accuracy, was used and it had 
the frequency bandwidth of 98 Hz. L TAS were 
made out of every sample. The average LTAS 
were calculated out of the individual L TAS for 
the voice quality classes and in every training 
group using a microcomputer. Groups were 
studied separately in order to see whether the 
difference between the quality classes were similar 
in every group. The average LTAS for the quality 
classes in the whole material were calculated from 
the individual L T AS of the quality classes in the 
training groups. 

Comparison of spectra 
LTAS were compared according to the slope. For 
this purpose the spectra were studied on a relative 
scale where the strongest amplitude peak was 
given the value zero. 

Results 
The analyses were made using a 10 kHz 
frequency range, but in figures the spectra are 
compared in the range of 0-5 kHz as no 
significant differences were found above 5 kHz. 

The slope of the L T AS of the poor voices was 
clearly steeper than that of the good voices. This 
can be seen both in the average L TAS of the voice 
quality classes (Figs.1 & 2) and in the L TAS of 
individual speech samples (Fig. 3). The poor voice 
quality class had also steeper spectral slope than 
all the other voice quality classes (Fig. 2). The 
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Figure 2: 
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steep spectral slope is the distinguishing feature of 
the poor voices. However, the slope did not 
differentiate the other three quality classes from 
each other. Under 3000 Hz the good voices had 
steeper slope than the fairly good voices and even 
the rather poor voices had a slope which is like 
that of the good voices (Fig.2). The most notable 
differentiating feature of a good voice quality was 
not the slope but the prominence of the peak near 
the frequency of 3500 Hz. The results were the 
same in every voice training group. Only the 
amount of the difference between the curves of 
good and poor voices varied. 

For the good voices the amplitude difference 
between the strongest peak of the spectrum (the 
zero point) and the 3500 Hz peak was generally 
15-25 dB. In poor voices this difference was 
almost 30 dB or more. Figure 3 shows an example 
of the difference between one very good and one 
very poor voice. The relative amplitude difference 
between the peaks of these voices in the frequency 
around 3500 Hz is more than 30 dB. At the same 
time as the peak becomes stronger the valleys 
around it become deeper. In the good voices the 
difference between the peak and the valley was 
often more than 10 dB. It is obvious that when a 
broad band analysis is used (as I also have done 
elsewhere) the peaks of the good voices cannot be 
detected, and then only the differences between the 
poor voices and the other quality classes can be 
seen 
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Figure 3: 
Individual LTAS 
very good voice 
very poor voice 

solid line 
dotted line 

The coefficient of the correlation in the regression 
analysis between the points given to the voice 
quality and the amplitude difference between the 
strongest spectral peak and the peak at 3-4 kHz 
was 0,50 in all voices (Fig.4) . ...ln the five 
separately evaluated training groups the 
correlation varied between 0,40 and 0,80. The 
variation can be explained by the subjectivity of 
the evaluation and the overall quality differences 
in the training groups. It also reflects the facts that 
the peak of 3.5 kHz is important but not an 
absolute prerequisite of a good voice qUality. 
Sometimes a 3-4 kHz peak that is too strong can 
be related with voices that were evaluated poor. 

Discussion 
The results indicate that good and poor voice 
qualities and also the two middle voice qualities 
differed from each other in LTAS. The most 
clearly differentiating feature of an actor's good 
voice seemed to be a strong peak around 3500 Hz. 

Figure 5 compares the LTAS of a male actor's 
good speaking voice to that of the singing voice of 
two world class Finnish operatic singers, Jorma 
Hynninen (baritone) and Martti Talvela (bass). 
The singers sang a Finnish folk song at the lowest 
range of their voice ca~gories. 

The relative amplitude difference between the 
peak of the good speaking voice of this actor and 
the singer's formants of these singers is 20 dB. 
The singer's formant for both singers is located 
under 3000 Hz. The central frequency of the 
singer's formant has been reported to vary 
according to voice type (Dmitriev & Kiselev 
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Figure 4: 
Correlation between the points and the 
amplitude difference between the strongest 
peak and the peak at 3-4 kHz 

1979). The singer's formant of the bass here is 
higher in frequency than that of the baritone, thus 
it seems not valid to give strict frequency limits 
for the singer's formants of different voice 
categories. Also Seidner et al (1985) have found 
that there are not strict correlations between the 
main frequencies of the singing formants and 
certain voice types. Finally, Figure 6 shows for a 
male actor the changes in L T AS obtained through 
singing training. Before training there were no big 
differences in the L TAS of singing and speaking. 
After training the development of a singer's 
formant can be seen: The qUality peak of a good 
speaking voice has become lower in frequency and 
higher in amplitude. Yet the singer's formant of an 
actor is higher in frequency and also somewhat 
lower in amplitude as compared to the singer's 
formant of an operatic singer. 

The actor's good speaking voice seems to have 
an "actor's formant" which is in a way comparable 
to the singer's formant in the operatic (male) 
singers. It is, however, higher in frequency and 
weaker in amplitude than the singer's formant 
Furthermore it is not an absolute prerequisite for a 
good voice quality. There are voices in this 
material that were evaluated as good although 
their 3.5 kHz peak was rather weak. On the other 
hand some voices with a very strong peak were 
regarded not so good. It is possible that the 
relations of the peaks to the valleys as well as the 
relations of the peaks (1.5 kHz, 2.5 kHz and 3.5 
kHz) to each other are of importance to the 
impression of the voice quality. This must be 
studied more thoroughly. 
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Figure 5: 
LTAS of an actor / operatic singers 
good speaking voice thick line 
operatic baritone thin line 
operatic bass dotted line 

Nolan (1983) found LTAS more sensitive to 
phonatory than articulatory setting. The spectral 
slope is related to the glottal closing speed so that 
the increasing closing speed gives a less steep 
slope (Gauffin & Sundberg 1980). However, the 
3500 Hz peak can hardly be merely a result of a 
gentle spectral slope. The clear valleys separating 
the peak from its surroundings suggest that it is 
fonned by a fonnant. The strong amplitude of the 
peak may be a result of the stability and 
narrowness of F4 or of the possibility that it is 
fonned of a combination of two fonnants, most 
likely of F4 and F5. Visual inspection of a 
continuous real time spectrum analysis as well as 
individual vowel spectra of good and poor voices 
suggest that the peak is related to vowels and not 
to consonants. Furthennore, when the consonants 
were edited out of a good voice sample the LT AS 
of it did not essentially change. 

Nolan (1983) found in the LTAS of his voice a 
similar strong peak around 3500 Hz as in this 
study was found to be related to an actor's good 
speaking voice. In Nolan's speech samples 
representing various voice qualities classified by 
Laver (1980) that peak was most remarkable in 
creak and creaky voice, largely absent in falsetto, 
in whispery voice as well as in raised or lowered 
larynx voice and totally absent in whisper. Nolan 
considers the possibility that this peak is a 
phenomenon similar to singer's fonnant, which 
according to Sundberg (1974) is a result of 
laryngeal resonance arising when the cross-

Figure 6: 
LT AS of a student actor 
speaking voice 
singing before training 
singing after training 

4 

thick line 
dotted line 
thin line 

sectional area of the outlet of the larynx tube is 
sufficiently different from the cross-sectional area 
of the pharynx. 

The quality fonnant in a good speaking voice 
of a male actor like the singer's fonnant in the 
operatic singing voice most likely is a feature 
related to the projection of voice, a technique of 
obtaining economically carrying power to the 
voice. The origin of the "actor's formant" remains 
to be studied more closely. 

Conclusions 
1. LTAS differentiates poor voice quality from 
good, fairly good and rather poor voice qualities 
according to the slope. 
2. LT AS differentiates good voice qUality from 
the other voice qualities according to the strong 
peak around 3500 Hz. 
3. The strong peak of a good speaking voice may 
consist of the combination of F4 and F5. 
4. In a good speaking voice in Finnish actors, 
there seems to be an actor's fonnant which is 
comparable to the singer's fonnant, but is about 
1000 Hz higher in frequency and weaker. 
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Prosody in singing 
U Lippus 

Abstract 
One favourite topic in musicological discourse concerning vocal music is the relation between the language, verse 
prosody, and melody. When critics talk about a recitative or a speech-like melody, they mostly point to direct 
imitations of speech rhythms, metrically irregular passages, expressive phrase contours, and other such 
speech-like structures. However, the extreme variety of melodies that are felt to close or imitate language prosody 
leads to the conclusion that, whatever the composer's intentions, something very different than imitating 
language prosody must have taken place. Probably, there are basic prosodic parameters in every language that 
cannot be violated, and recitative melodies always have some degree of parametric musical freedom to convey the 
most important prosodic features of the text. In analyzing the Estonian early folk song tradition, it is possible to 
compare quantitative verse prosody and quantitative musical rhythm, the concepts of which have long caused 
confusion in rhythmic theory. Three musical rhythmic patterns will be analyzed: (1) syllabic rhythm, (2) 
short-long patterns and (3) long-short patterns of musical durations when the metrical pattern of the sung verses 
is always long-short. I argue that the domain of "expressive timing" described by Eric F. Clarke is important for 
conveying the features of speech prosody, and that a parallel domain of "expressive pitch deviations" can be es
tablished for conveying tonal accents. 

The problem 
One favourite topic in musicological discourse 
concerning vocal music is the relation between the 
language, verse prosody, and melody. When 
critics talk about a recitative or a speech-like 
melody, they mostly point to direct imitations of 
speech rhythms, metrically irregular passages, 
expressive phrase contours, and other such 
speech-like structures. However, the extreme 
variety of melodies that are felt to close or imitate 
language prosody leads to the conclusion that, 
whatever the composer's intentions, something 
very different than imitating language prosody 
must take place. Probably, there are basic 
prosodic parameters in every language that cannot 
be violated, and recitative melodies always have 
some degree of parametric musical freedom to 
convey the most important prosodic features of 
the text. In this paper I want to discuss this 
statement on the example of an Estonian folk 
song. 

Old Estonian folk tunes contain several groups 
that have been characterised as recitative by 
ethnomusicologists (Tampere 1965). I would like 
to discuss what features might create the 
impression of this melodic style being more 
speech-like than some other folk song styles. 
Tampere refers to the narrow range (third or 
fourth) as the most distinctive feature of this older 
recitative style. The same melody is repeated with 
all the text lines of a song. The lines have the 
same number of constitual syllables/positions and 
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similar quantitative metric structure, but the 
groups of syllables and phrase accents can vary. 
Thus, regular imitation of speech intonation (that 
should vary from line to line) in melody (that, as a 
rule, is repeated) is problematic. Also, reciting in 
such a narrow pitch range characteristic to this 
melodic style would not seem speech-like at all for 
the range of a spoken verse nearly always exceeds 
the third or the fourth. 

Theoretical thesis 
My theory is that this folk song style belongs to a 
number of linear musical styles that have some 
common peculiarities in their structures. In 
general, the complexity of hierarchies in linear 
music cannot achieve such number of levels as it 
is common in multidimensional harmonic music 
and, as a result, the organisation of musical 
parameters cannot achieve such high degree of 
control as it is normal in harmonic music. In 
singing, the primary system governing prosodic 
parameters is the musical structure 
(melody-contour and musical rhythm). However, 
in linear music the parameters of musical 
structure can adjust to some specific expressive 
needs (cf. "expressive timing," Clarke 1987) much 
more than in harmonic music and that enables to 
convey some prosodic features of speech within a 
musical structure. In this paper, I shall present an 
analysis of an authentic folk song and I shall 
discuss its musical structure as for what might 



Figure 1: The analysed excerpt (sung by 
Minna Lambot and Anna Paalberg, Kuusalu. 
Recorded by Estonian Folklore Archives and 
State Broadcasting, 1938. The Folk Music of 
Estonia, Anthology. Melodija M30 46729 
004, Tallinn 1986, Side 1: 12). 

create the overall impression of recitative singing 
style. Further, I would argue that in order to write 
recitative music within the highly controlled 
western musical system composers deliberately 
reduce the hierarchic levels of musical structure 
(e.g. recitativo secco). 

dtotal FOi FOmax drise 

ms st st ms 

sis- 340.9 96.28 96.54 60.8 

-se 334.1 97.68 98.10 248.7 

sii- 377.8 97.50 99.70 88.4 

-di- 777.7 96.93 96.93 0 

-sed 345.0 98.52 98.52 0 

tu- 399.7 95.87 96.01 38.7 
94.68 60.8 

-Ie- 411.0 94.61 94.61 0 

-vad 817.4 94.09 94.40 663.3 

Analysis 
The melody of a traditional wedding song from 
Kuusalu (North Estonian coastal parish) consists 
of only three scale steps and belongs to the earliest 
layer of Baltic-Finnish runic song tradition 
(Figure 1). Analysis of the song was done ~ 
the signal processing software Signalizer 
Version 2 for Macintosh. As I was interested in 
small fluctuations of intonation within one 
syllable/note, I measured (Table 1): 1) the total 
duration of one syllable/note (dtota1); 2) the pitches 
of the turning points of the Fo contour of the 
syllable/note(FOinitial , FOmax , FOIDiIJ and the 
durations between these points (drise , dian); 3) the 
pitches and durations of the stable segments of Fo 
contour (Folevel , dleveV including no more than ± 
2Hz of pitch variation. To find the possible 
adjustments of melody-notes to the prosodic 
features of the corresponding syllables I have 
grouped the syllable/notes according to their 
contents: long stressed syllables - group 1 (cvv-; 
sii.-di-sed) and group 2 (cvc-; teh-ke); 
comparatively long second syllables (follOwing a 
short stressed syllable; ve-ra-vad - group 3; :final 
syllables (sii-di-sed) - group 4; short stressed 
syllables (y.e-ra-vad) - group 5; comparatively 
short second syllables (following a long stressed 

FOmin dfall FOst dlevel tlevel 

st ms st ms ms 

95.87 105 96.48 71.9 124.3 

97.98 127.1 169.3 

96.74 171.3 99.64 33.2 132.8 
97.62 33.2 232.3 

95.87 696.4 96.74 30.4 92.1 
96.67 99.5 501.1 

96.99 226.6 98.16 38.7 115.9 
98.34 99.8 182.2 

94.01 132.68 95.94 71.8 130.2 
94.61 41.2 94.01 38.7 279.4 

94.61 93.9 356.8 
94.09 409 94.61 160.3 0 

94.39 138.2 171.5 
93.40 110.5 94.39 453 .2 36 

94.54 143.7 489.2 

Table 1: All the measurements for the syllable/notes of the 3rd line sisse siidised tulevad. 
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Group 1 
evv- * * * * * * 

Group 2 
eve- * * ******** * * 

Group 3 
-ev ** * * * * ** 

Group 4 
-eve * ** ** * * *** * ** ** * 

Group 5 
ev- * * * * ** 

Group 6 
ev *** *** * * * * *** * * * 

200 300 400 500 600 700 800 900 1000 1100ms 

Figure 2: The durations of syllable/notes by the groups of syllable structures. 

Group 1 
evv-

Group 2 

eve-

Group 3 
-ev 

* * * 

* * * 

* * * 

** * 

* * * 

* 

* * * * * 

* * 

Word-initial (stressed) open 

* * 

Word-initial 
(stressed) closed 

* 

Group 4 
-eve * * * * *** **** * * * * * 

Group 5 
ev-

Group 6 
-ev 

o 

* 

***** * * * * * * * 

* * 

* * 

2 

Word-initial (stressed) open 
* * * 

* * 

3semitones 

Figure 3: The range of pitch movement during one syllable/note by the groups of syllable 
structures. 

syllable; sii-di-sed) - group 6. Figures 2 and 3 
present data about the durations and pitch changes 
of single syllable/notes according to those groups. 
Just to compare the melody-contours in sung and 
recited verses I recorded the text in spoken 
performance and the same procedures were used 
to compile similar transcriptions of one line sung 
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(Figure4a) and recited (Figure 4b). However, the 
further discussion is not limited to the comparison 
of those two performances but based on the 
standard works on Estonian prosody (e.g. Eek 
1974-1975; Liiv, Remmel 1974; Remmel 1975; 
etc.) and my analyses of musical structures in 
runic song tradition (e.g. Lippus 1992). 



Figure 4: Transcriptions of a sung (a) and recited (b) line. 

1 How musical structures distort prosodic 
features 
(a) In singing, the rllythmic pattern consisting of 

short and long notes is clearly dominating. Figure 
2 illustrates the distribution of the durations of 
syllable/notes. The durations of similar musical 
units are very different, but they form two clearly 
distinguishable groups of long and short notes that 
do not coincide with the distribution of long or 
short syllable-groups. The durations of long 
stressed syllables (Groups 1 and 2) are close to 
their spoken variants (about 300-4OOms) , but in 
song those durations form the group of short 
notes. Long musical durations coincide with 
unstressed short or neutral syllables and they 
become strongly prolonged The durations of the 
two groups are approximately the same as 
presented in (Ross 1989). The durations of short 
and long notes almost conform with the ranges of 
short and long times in rllythmic perception 
studies of P.Fraisse (1982:167; short times are 
200 - 300msec and long times 450-9OOmsec). 
(b) The melody contour is formed according to 

the normal syntax of musical expression or 
musical phrasing - it ends with two closural notes 
repeating the lowest scale step, the long note on 
the fourth syllable might be considered a 
miniature closure articulating the first motive of 
the phrase, both motives (half-lines) have their 
peaks that cannot coincide with closural notes 
whatever the distribution of accents (word-initial 
stresses) in the lines. However, within those limits 
the peaks can move a little and certain 

adjustments to the verse accents are possible (e.g. 
the first repetition of the same third line sisse 
siidised tulevad avoids melodic peak. on the final 
syllable -sed - see Figure 1). 

(c) This melody moves within approximately 
major third or fourth (in all, 225-317Hz, but the 
scope of every single repetition is not as wide) 
while the range of a recited line covers about an 
octave. 

2 How musical structures adjust to 
language prosody 

(a) The most important prosodic feature in 
Estonian language is its quantity system. Quantity 
is also one the most important components of 
verse meter (Lehiste 1977). In Figure 2 it is 
evident that both, short and long notes vary 
enough to enable the differentiation of quantity 
structures. Longer syllables tend to be slightly 
longer and vice versa, although that is not a rule. 
Such a compromise between musical and verse 
rhythm can be presented as a specific case of 
"expressive timing" (Clarke 1987) - small 
fluctuations in timing involve some adjustments to 
the verse prosody. It seems that the most 
important factor of speech-like rllythm is the 
average speed of delivering long stressed syllables 
That supports the phoneticians' view that identity 
of a quantity structure is more sensitive to the 
distortions of the stressed word-initial syllables 
and less sensitive to the prolongations that occur 
on neutral final syllables. In fact, it is common for 
the musical rhythms of Estonian folk songs to 
contain short notes on the metrically long arsis 
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and prolongations on the thesis. 
(b) In Figure 3 the ranges of pitch movement 
during one syllable/note are presented according 
to the presented groups of syllable-structures. The 
features of stress in Estonian contain also pitch 
movement In general, it is usually distinguished 
by more noticeable pitch movements. In some 
studies just the rise of pitch was considered 
important as a correlate of stress. It is possible to 
observe that stressed syllables (particularly open 
stressed syllables) really contain more pitch 
movement Not all the fluctuations of pitch during 
a syllable/note originate in the prosody, however, 
I would speak about a similar phenomenon of 
"expressive adjustment" in the domain of pitch as 
it has been established in the domain of timing. 
Besides, some of the rising and falling movements 
derive from the phenomenon parallel to 
coarticulation in speech - before a high syllable 
the pitch starts to rise already in the end of the 
previous syllable. 
(c) Although the pitch range of the recited lines is 
wider, the middle pitch (referential pitch?) 
dominating in the spoken utterance is 
approximately the same as the singing range (only 
accented syllables reach above 98.0 semitones or 
288Hz). Thus, although the song is more 
monotonous and with totally different 
melody-contour, the pitch range common to 
speech and the corresponding voice production is 
an important factor in creating the impression of 
speech-like singing. Singers, changing song style, 
raise immediately the register of singing. 

Instead of conclusions 
There has been some discussion in the studies of 
music perception about the principles on rlIythm 
perception. In (Fraisse 1982) and (povel 1981) 
the binary model is proposed while in 
(Gabrielsson 1988) it is criticised because the 
analyses of music do not seem to conform to it 
However, the well-known experiments proving the 
existence of binary model have reproduced a 
situation characteristic to linear music (Le. 
experiments were done with independent temporal 
stimuli and there were no additional clues for 
perceiving some hierarchic structure that might 
support the distinction of smaller differences). In 
(Clme 1985) there are some hints to the role of 
the hierarchy for the perception of temporal 
phenomena The relationship between structural 
complexity, redundancy and the preciseness of 
perception in music remains an interesting area of 
study. 
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Acoustic and perceptual analysis of 
vocal registers in children 
A McAllister, E Sederholm & J Sundberg 

Abstract 
According to Hirano, Kurita and Nakashima the vocal fold structure changes continuously from earliest 

childhood to late adolescence. During puberty the elastic fibers are differentiated from the deeper collagenous 
fibers. These changes can be assumed to affect the vocal register function. The pitches at which register 
transitions occurred were identified perceptually in recordings of 15 ten-year-old children who sustained vowels 
at different pitches throughout their range. In normal voices two register transitions were observed, one at 466 Hz 
and one at 831 Hz mean fundamental frequency, or about 25% higher than in adult voices. Children with 
functional or physiological voice deviations exhibited only one transition at a mean frequency of 415 Hz. 

Introduction 
Vocal register is a highly relevant aspect of the 
singing voice, but its nature has remained unclear 
in the sense that many terms and definitions exist 
Register has been defined as a "group of like 
sounds or tone qualities whose origins can be 
traced to a special kind of mechanical (muscular) 
action" (Reid, 1983, p 296). Thus the register 
phenomenon is assumed to be confined to the 
vocal fold vibration mechanism, excluding the 
relevance of vocal tract resonances. 

However, based on experience with a 
theoretical model of the voice organ, Titze (1988) 
suggested that resonance is relevant to the register 
phenomenon. According to his theory, register 
boundaries occur when sub- or supraglottal 
resonances return significant reflections of the 
glottal pulses to the glottis in an unfavorable 
phase of their vibration. This means that the 
phenomenon of vocal register is dependent on the 
resonatory systems in the trachea and vocal tract 
as well as on the vocal fold mechanism. Also, the 
fundamental frequencies at which register 
transitions occur can be expected to differ 
depending on tracheal dimensions. 

According to Hirano, Kurita and Nakashima 
(1983) the mechanical properties of the vocal 
folds change continuously during growth up to 
about 20 years of age. In infants the vocal folds 
are 2 - 3 mm long, the membranous part being 1.3 
- 2.0 mm and the lamina propria portion of the 
vocal fold is thick and not layered The 
differentiation of the various layers of the lamina 
propria continues through puberty, thus 
separating it into three basic layers - the looser 
superficial layer, the intermediate elastic fibers 
and the deeper layer of collagenous fibers. 
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Obviously, these changes can be assumed to 
affect vocal register function. 

In an earlier study of children's voices, a 
perceptual evaluation was carried out by a panel 
of seven voice expert listeners (Sederholm, 
McAllister, Sundberg and Dalkvist 1993). The 
listeners rated the speaking voices of 58 lO-year
old children who had been recorded on two 
separate occasions. The voices were rated along 
15 voice parameters each of which was 
represented by a visual analogue (continuous) 
scale on a rating form. Among these parameters 
voice breaks, closely related to vocal registers, 
received few responses and was the only 
parameter which failed to reach a significant inter
judge reliability. In the rating form, register was 
included as a categorical scale, represented by the 
traditional teImS chest and falsetto. "Nonnal child 
register" was offered as another option, which was 
widely preferred by the pane1. This supports the 
assumption that children's voices exhibit registers 
which are different from those of adult voices. 
However, a lack of experience with the 
particularities of children's voices among our 
listeners as well as a lack of appropriate 
terminology for child voice registers may also 
have contributed to the results. 

Register phenomena in children's voices was 
observed in Voice Range Profiles (VRP), or 
phonetograms, by Pedersen, Moller, Krabbe, 
Munk, Bennet and Kitzing (1984). A VRP 
registration displays the sound pressure level in 
two contours representing softest and loudest 
possible phonation throughout the total pitch 
range. Pedersen et al observed that register 
transitions tended to correspond with 



discontinuities exceeding 5 dB in the VRP 
contours. Klingholz and Martin (1983) proposed a 
method to describe the VRP contours by an 
"algorithm for the calculation of second-order 
cmves". The method yields ellipses with 
characteristic slopes the intersections of which 
were assumed to reflect register transitions. 
Another method is described by Klingholz, Martin 
and Jolk (1985) where they analyzed different 
aspects of contour discontinuities and their 
possible relation to register transitions. 

As our study of 58 children's voices included 
VRP analysis, a perceptual evaluation as well as a 
laryngeal examination our material seemed 
particularly appropriate for investigating the 
relationships between VRP and child voice 
register (McAllister, Sederholm Sundberg and 
Gramming, 1993; Sederholm et al., 1993). The 
purpose of the present investigation was to 
analyze the occurrence of register transitions and 
examine their relations to the VRP contours. 

Subjects 
Included in the present investigation were 15 
children, 9 boys and 6 girls, selected from the 
original group of 58. They represented different 
diagnoses - chronic hoarseness, glottal chinks, 
vocal nodules, mutational voices plus controls 
with no perceptual or physiological voice 
deviation. The children had no special training in 
singing apart from the music education in school. 
Data on vocal fold status were available from a 
laryngoscopic examination carried out by the 
phoniatrician Patricia Gramming. 

Method 
Using a Sony ECM-55B microphone the VRP 
recordings were made on a Sony TCD-Dl (pitch 
range) digital audio tape recorder in a sound 
treated room (532x285x270cm) with an ambient 
noise level not exceeding 40 dB above 125 Hz. 
The microphone distance was approximately 30 
cm. The subjects were asked to sing at each 
specific pitch on the vowel (a). A synthesizer, 
CASIO SA-20, was used for providing reference 
pitches. Whenever required, the pitches were also 
sung by the experimenter. In some cases it was 
necessary for the experimenter to sing together 
with the child and then let the child continue 
alone. The voice range profiles were determined 
following the procedure recommended by the 
Union of European Phoniatricians (Schutte and 
Seidner, 1983), although a flat frequency curve 
was preferred for the SPL measurement, as 
suggested by Gramming and Sundberg (1988). 

Five judges identified register transitions from 
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an audio tape where the tones pertaining to the 
upper and lower contours of each child's VRP had 
been arranged in ascending pitch order. To 
establish intra judge reliability, five voices were 
duplicated. These replications appeared at random 
on the test tape. The order of presentation of the 
voices was randomized for each listener 
individually. 

The judges marked the location of the 
perceived transitions on a form where each tone 
was represented by a number which was also 
given on the tape. All judges had extensive 
experience with children's voices; one was a 
children choir leader, three were singing teachers, 
and one was a speech pathologist and singer. 

Results 
The interjudge reliability as determined by 
Cronbach's alpha was satisfactory, see Table 1. 
The low alpha value for the second transition of 
the lower contour was due to few ratings. 

Table 1: Interjudge reliability coeffients for 
ratings of the location of the first and 
second voice transitions in the lower and 
upper contour. Numbers refer to register 
transitions. 

Perceived break, no. Cronbach's alpha, a 

Upper contour; 1 
Lower contour; 1 
Upper contour; 2 
Lower contour; 2 

.77 

.88 

.80 
(.47) 

The mean intra judge reliability as determined by 
Pearson's correlation coefficient was .72, thus 
indicating a reasonable degree of consistency 
within the judges, see Table 2. Since the panel 
members in most cases did not detect a second 
register transition in the lower VRP contour, the 
intrajudge reliability coefficient could not be 
computed in this case. 

The panel members observed one or two register 
transitions in each contour for each voice. 
Surprisingly, the listeners were equally successful 
in perceiving the first transition in loud as in soft 
singing. This transition was mostly observed at 
approximately the same pitch level in both 
contours. 

The mean voice range for the whole group was 
27 semitones, ranging from 185 Hz, (F#3), to 880 



Table 2: Mean intra judge reliability coefficients, standard deviations and ranges based on 
the repeated ratings of 5 voices by five listeners across the location of the first and second 
voice transition in the lower and upper contour. N equals number of listeners who perceived a 
transition on both presentations. Due to few replicated observations of a second transition in 
the lower contour no correlation coefficient could be calculated. 

Perceived break, no. Mean Pearson corr coefl Std Dev Minimum Maximum. N 

Upper contour; 1 
Lower contour; 1 
Upper contour; 2 
Lower contour; 2 

67,3 
65,6 
83,1 

22,6 
9,3 

23,9 

33,6 
57,1 
66,2 

92,6 
75,6 

100,0 

5 
3 
2 

Register transitions 

~ Deviant voices 

« - > Control group 

<---> Mutational voices 

( ) 

-<- -----X---*~ 

<---------------------->\--------- -)(-----> 

E3 
165 

C4 E4 

330 

C5 E5 

660 

C6 E6 

1320 

T one and frequency (Hz) 

Figure 1: Register transitions for three groups of voices. 

Hz, (AS). The mean frequency for the first 
register transition was 466 Hz, (Bb4). 
As illustrated in Figure 1, the children 
with functional or physiological voice 
deviations - i. e. chronic hoarseness, vocal 
nodules and glottal chinks - showed one 
register transition only, mean frequency 
415 Hz - (G#4). The first register 
transition for the control children occurred 
at 494 Hz, (B4) and at 554 Hz, (C#5) for 
the mutational voices. A second transition 
was consistently observed only for the 
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controls and for the mutational voices at a 
mean frequency of 831 Hz (Ab5) and 988 
Hz (B6), respectively. 
Adopting the ideas of Pedersen et al. (1984) all 
register transitions were correlated to VRP 
contour discontinuities exceeding 5 dB between 
two data points. The scatter plot shown in Figure 
2 revealed no correlation. The discontinuity 
chosen was closest to the perceived register 
transition. If the criterion for a discontinuity had 
been a 3 dB change rather than 5 dB, the 
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Hz 

Discontinuties in the VRP contours L 5 dB 

Figure 2: Perceived register transitions 
related to the closest discontinuity in the 
VRP contours > 5dB. This transaction could 
only be performed for the voices with a 
perceived register transition, N=ll. 

covariation would have been somewhat higher. As 
mentioned, Klingholz and Martin (1983) proposed 
a method to locate register transitions from 
descriptions of the VRP by means of ellipses 
while Klingholz et al. (1985) used contour 
discontinuities as the criterion. Due to different 
correction curves for the SPL measurement, data 
cannot easily be compared to ours. The data 
shown in Figure 2 suggest that this criterion is not 
useful in the case of these children's voices, 
although a better accordance may have emerged 
with a denser sampling of SPL data along the 
pitch axis. 

Discussion 
According to Titze (1988) register transitions 

depend on sub- and supraglottal resonances. The 
pitch at which the main register transitions occur 
can be calculated from the length of the trachea. 
Titze predicts that reinforcement of vocal fold 
vibration is achieved when the subglottal pressure 
is positive during the opening and negative during 
the closing phase. If the tracheal resonance returns 
the reflection of the glottal pulse out of phase with 
the glottal vibration, a register transition is likely 
to occur. In the case of adults, register transitions 
can be predicted at 260 - 500 Hz depending 00 

tracheal length. In our group of children the first 
register transition varied between 350 and 600 
Hz, or 25 % higher. According to growth index 
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for Swedish children, ten-year-old children are 
approximately 25% shorter than the adult average 
(Karlberg et al., 1976). If tracheal length differs 
accordingly, our results are in good agreement 
with Titze's model. 

Conclusions 
Two register transitions could be detected in ten
year-old children's voices close to 466 and 831 
Hz, respectively_ The first of these appeared in 
both soft and loud phonation. However, only one 
transition was observed in children with chronic 
hoarseness, vocal nodules, and glottal chinks; No 
relation was found between these frequencies and 
discontinuities in the VRP contours. The 
frequency for the lower transition was in 
accordance with the model for vocal registers 
proposed by Titze (1988). 
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Experiments on intentionally influencing the 
singer's vibrato 

T Nawka, W Seidner & M Cebulla 

Abstract 
In a studio experiment the vibrato tones of 10 opera singers of different voice categories were recorded. The 
mean pitch which was different for each voice category was selected for further investigation using three 
intensities and three vowels. The intention to change the vibrato from normal to less or more expressive was 
investigated electroacoustically with a computer programme. It revealed that there are changes which lie mainly 
in the change of the vibrato extent. The mean of normal vibrato extent of 115 cent can be reduced significantly 
to 80 cent by attempting to sing the vibrato less expressively. It can also be consciously enhanced, although not 
significantly, up to an average of 125 cent when the vibrato is sung more expressively. For the vowel /a:/ the 
intended changes of vibrato can be observed most clearly. The extent of vibrato also depends on the sound 
pressure level. Within each kind of vibrato (normal, less or more expressive) it increases from piano to forte. 
The amplitude vibrato is a secondary effect due to the vocal tract and its formants. It does not reflect the 
changing vibrato intentions as clearly as the changes of the vibrato extent do. 

Introduction 
Vibrato is often considered to be a quality of the 
voice being described by itself. So, one may say 
that the skilled voice with a vibrato has vibrato 
quality without trying to add other descriptive 
properties. Singing teachers often regard the 
vibrato as something that emerges during singing 
education. It is not the subject of special and 
systematic training. On the other hand, singers 
sometimes use their vibrato as an artistic means 
of expression. Sundberg (1987) stated, that the 
vibrato rate is generally constant with respect to a 
particular singer, and the singer is usually unable 
to change it, although there are exceptions in the 
case of some singers who are able to deliberately 
change their vibrato rate. The extent of the 
vibrato depends to a great deal on the intensity 
(Sjostrom, 1948, Winckel, 1953), but it varies to 
a remarkable degree inter-individually. The 
regularity and stability of the vibrato cycles, even 
under perturbing conditions, is a sign of a well
trained voice. Four parameters were claimed to 
be necessary for physical description and 
scientific documentation of a vibrato tone: vibrato 
rate, pitch variations, amplitude variations and 
regularity of the undulations of fundamental 
frequency (Schultz-Coulon und Baumer, 1981). 

To what degree are singers able to vary their 
vibrato consciously? What changes in the 
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differently produced vibrato tones can be detected 
by electroacoustic investigation? Are the 
characteristics of vibrato only a result of 
frequency modulation, or of amplitude 
modulation as well? 

Material 
In order to answer these questions 10 opera 
soloists with many years of experience on stage 
were asked to sing different tones at three pitches. 
The voice categories of the singers participating 
in the investigation were as follows (age provided 
in brackets): 2 sopranos (46, 33), 2 altos (43, 
47), 2 tenors (37, 39), 2 baritones (34, 55) and 2 
basses (34, 47). 

The pitches for each voice category were 
selected according to the range mainly used in 
professional singing. As the singers' ability to 
vary the tones was unlikely to be demonstrated in 
extreme pitches at notes which were too high or 
too low, these marginal sounds had not been 
required. Table 1 displays the choice of tones for 
each voice category. 
The changes in the tones concerned the vowel, the 
intensity in musical teITIlS and the expression of 
the vibrato (table 2). 



Ta?le 1: Selected tones according to singer 
VOice cate}?ory 

low middle high 

soprano a l e2 g2 

alto c1 gl c2 

tenor a e l g l 

baritone e h e l 

bass c C1 c l 
b 

All 27 combinations of these nine items were 
performed at each of the three pitches. The 
German sustained vowels were /a:/, Ii:/, and /u:/. 
What had to be piano, mezzoforte or forte was 
determined by the singer himself and referred to 
his individual experience and sense. In any case, 
the sound pressure level was registered The 
instruction provided to the subject in order to 
specify the desired kind of vibrato took the form 
of mere suggestion only to change the expression 
of the vibrato. More precise hints derived from 
physical terms like vibrato extent or amplitude 
changes might have served to confuse the singer 
rather than help him to realise any different kind 
of singing. 

By combining all these twelve conditions 81 
tones were obtained for each singer. For the 
purpose of this study the medium pitch was 
selected for further investigation. 

Procedure 
The DAT recordings were made in a studio with 
acoustic properties akin to a sitting-room. The 
actual sound pressure level was measured during 

[centl 
150 

vibrato extent [centl 

-150 

° 0,1 0 ,2 0 ,3 0,4 0 ,5 0 ,6 0 ,7 0 ,8 0 ,9 1 
t ime [s] 

Figure 1: Explanation of vibrato extent 
from cycle-to-cycle analysed fundamental 
frequency. It shows the undulation of the 
momentary pitch as it is derived from the 
period length around the center pitch given 
here as O. 

!able . 2: List of chosen vowels, musical 
intensity andkjl1d of vibrato for the 3 tones 

vowel intensity kind of vibrato 

la:! piano less expressive 

Ii:! mezzoforte normal 

lu :1 forte more expressive 

recording. The sounds were transmitted to a 
personal computer and read with a sampling 
frequency of 32 kHz. 

A stable part of about 1 second's duration was 
selected at which the singer appeared to have best 
achieved the desired intention. 

A cycle by cycle analysis of period length 
(frequency) and amplitude of the single wave was 
made possible by using a computer programme 
designed by one of the authors (M. Cebulla). The 
measurement of overall time, period length, 
frequency, absolute peak of the cycle was carried 
out semi-automatically. The data were stored in 
an ASCII file and received further processing via 
a statistical package (SPSS/PC+). The interest 
was directed to the instantaneous frequency as the 
inverse of period length and the peak of each 
cycle. 

From the frequency data the mean or center 
frequency was calculated and all frequency 
values were transformed by relating them to this 
center frequency according to 

Llpn (cent) = 1200 x Id fn/fO 
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[%] 
30 

peak variation [%l 

- 30 -- __ ...1.- _ __ .l-__ ~.--'-' _-'-------'----_---L----_---l. ___ -----1-

° 0 ,1 0 ,2 0 ,3 0,4 0 ,5 0 ,6 0 ,7 0 ,8 0 ,9 1 
time [s ] 

Figure 2: Peak variation is given in [%] and 
shows the deviation of a single peak (the 
greatest elongation of each cycle) from the 
"'.ean peak calculated over all cycles of the 
signal. The range of peak variation lies 
between the fifth and ninety-fifth percentiles. 



where L1p is the pitch deviation in cent, fn the 
instantaneous frequency and fO the center 
frequency. The range of pitch deviation was 
called vibrato extent. It was taken as the interval 
between the fifth and ninety-fifth percentiles 
(figure 1). 
The peaks of each cycle were nOImalised in a 
similar fashion. After calculating the mean peak, 
the deviation of each peak in [%] was detennined. 
The transformation into [dB] was avoided 
because one peak does not resemble the effective 
sound pressure level as it had been measured 
during the recordings. The range of the peak
variation is, like the vibrato extent, the interval 
between the fifth and ninety-fifth percentiles 
(figure 2). 

Results 
The sound pressure levels (table 3) reflect what 
the singers interpreted spontaneously as piano, 
mezzoforte or forte. 
To give an idea about the data obtained an 
example of the vibrato variation is presented in 
figure 3. Each curve consists of the data from the 
number of cycles per second and amounts to 
about 200 values for the bass according to the 
fundamental frequency of g (196 Hz). It may be 
of interest to have a look at the frequency 
variation and the peak variation at the same time. 
The peak variation may be regarded as the 
amplitude vibrato. It is closely related to the 
frequency vibrato. 
The results for all singers are provided in tables 4 
and 5. A closer look at the data shows 
considerable differences between the individuals 
(figure 4). For the sopranos the changes of the 
extent are not too obvious; in alto voices there is 
little regularity or even a contrary tendency to be 
seen for the vowel /u:/ (upper circles); the tenors 
show a similar scattering, whereas in baritones 
the increase of vibrato extent with the increase of 
intended expression appears more clearly and one 
of the basses reaches the extreme extent of more 
than 300 cent, with a regular tendency except for 
one vowel (ju:/, lower circles). 

Table 3: Mean sound pressure level [dB] of 
musical intensities in different voice 
categories at middle pitch 

soprano alto 

P 83 

mf 88 

f 96 

85 

87 

92 

tenor baritone bass 

81 

85 

92 

78 

83 

94 

74 

88 

95. 
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Figure 3: Vibrato extent for a bass singer 
for the normal condition (mid) and for the 
less (above) and more (below) expressive 
kind of vibrato. The bold line shows the 
pitch variation around the center pitch g 
(196 Hz). The narrow line illustrates the 
peak variation normalised to the average 
peak. It can easily be seen that the regularity 
of the frequency variation is much greater 
and more regular than that of the peak 
variation. The vibrato changes are mainly 
reflected by the variation of the pitch 
undulations. 
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Figure 4: Dependence of vibrato extent on intentional change of vibrato, vowel and 
voice category (l = less expressive vibrato, n = normal [natural] vibrato, m = more 
expressive vibrato). The vertical lines show the vibrato extent related to the intention of two 
singers for each voice category. 

Thus, the average elucidates the change tendency. 
Table 4 provides the average vibrato extent for 
three vowels according to table 2. The most 
significant differences are obtained from /a:/. The 
intention to reduce the vibrato, i.e. to make it less 
expressive, yields a significant decrease of the 
mean vibrato extent. On the other hand, the 
intention to enhance the vibrato, i.e. to make it 
more expressive, does not enlarge the vibrato 
extent noticeably. 

Furthermore - reading the table vertically - there 
is a good relation between intensity and vibrato 
extent in such a way that the louder a tone is sung 
the greater is the vibrato extent. Comparing the 
vowels, these effects are most clear for /a:/, 
whereas Ii:/ and /u:/ have the same tendency but 
the values are less pronounced 

A summarizing graph (figure 5) showing the 
mean vibrato extent of the 10 female and male 
singers without regard to the dynamics illustrates 

Table 4: Mean vibrato extent [cent] in each of the modalities 

vowel/a:1 vowelli:1 vowel/u:1 

less normal more less normal more less normal more 

p 74,1 96,9 114,6 72,6 100,9 99,2 71,6 103,2 100,9 

mf 73,0 110,8 121,3 71,4 105,7 112,6 81,1 96,6 117,8 

f 95,7 151,0 159,9 91,3 132,7 149,4 91,0 138,3 144,6 
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the changes of the vibrato extent. Statistically 
only the difference between less expressive and 
normal is highly significant (a < 1 %). The 
difference between normal and more expressive 
does not show a statistical significance. 

[cent] 
200 ,-----------------------~ 

150 .. 

The amplitude variation was treated in the same 
fashion as the vibrato extent Results are 
provided in table 5 and figures 6 and 7. 
Compared to the vibrato extent in figure 4 these 
peak variations are less regular and cannot be 
described in a systematic way although the 
overall means also increase with increased 
expressivity. 

o~----------------------~ 
less normal 

vibrato expression 

more 

Figure 5: Mean vibrato extent and 
standard deviation of 10 opera singers 
according to the intention with which the 
vibrato tone was sung. The data are 
averaged from three vowels (la:l, li:1 and 
lu:l) and three intensities (p, mJ, f) at a 
middle pitch that is different for each voice 
category (see table 1). [%] 
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Figure 6: Peak variations of 10 singers with respect to the intention of vibrato and related to 
the vowel distributed into voice categories (I = less expressive vibrato, n = normal [natural] 
vibrato, m = more expressive vibrato). 

Table 5: Mean amplitude variation [%] in each of the modalities 
vowel/a:1 vowelli:1 vowel/u:1 

less normal more less normal more less normal more 

p 26,9 27,5 31,6 21,7 24,4 25,5 25,3 25,7 25,1 

mf 28,6 26,8 41,5 22,8 33,3 37,0 27,7 30,0 30,7 

f 34,3 40,8 43,2 30,2 39,9 39,7 27,9 43,8 39,6 
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Figure 7: Mean amplitude variation and 
standard deviation jor three intentions to 
sing different vibrato tones. Averages have 
been calculated as described in figure 5. 

The means suggest that there is the same 
tendency of increase for the amplitude variation 
according to the sound pressure level and the 
intention of vibrato. Yet, statistically these 
means are not significantly different. 

Comment 
Vibrato as an undulation of the fundamental 
frequency is described by the rate and the extent 
of undulations. The presented results show that 
the singer varies the extent of undulations, 
which we term as the vibrato extent, when 
attributing more or less expression to his vibrato. 

The statistically significant difference 
between normal vibrato tones and less 
expressive ones and the lack of statistic 
significance between normal vibrato tones and 
more expressive ones show that a normal and 
artistically used vibrato is near its maximum 
extent and can hardly be enhanced. Once the 
vibrato has developed in the course of education, 
then the singer must be enabled to vary it. Opera 
singers are normally not given to reducing their 
vibrato so that it appeared to be suppressed 
when attributed with less expression during the 
recordings. 

During the investigation it was observed that 
there is always a tendency to sing more softly 
when reducing the vibrato and more intensively 
when increasing it, even within the given 
musical intensity levels. The general tendency of 
greater vibrato extent at greater intensity can 
also be observed on a regular basis. Thus, it is 
not surprising when the singers sometimes tried 
to provide more expression by using more 
forceful tones. But during recording care was 
taken to avoid intensity deviations which were 
too great by registering the average sound 
pressure level and correcting the singer if 
necessary. 

As Sundberg (1987) explained, the overall 
amplitude accompanies the variations in the 
frequency variation of the phonation frequency 
and its partials. The overall amplitude of a 
vowel is almost identical with the amplitude of 
the partial lying closest to the first formant. If 
the partial approaches the first formant the 
amplitude increases and vice versa. In our 
analyses we found two types of peak variations 
which can be compared to the amplitUde 
variations: They were either in counter phase to 
the frequency variation or showed the double 
frequency of the vibrato rate. This means that 
the first fonnant was in resonance with the 
partial at the lowest pitch of the vibrato cycle 
when we observed peak variations in counter 
phase or it was in resonance with the mean pitch 
when the peak variations showed a double rate 
of the vibrato rate. Further, it must be taken into 
account that the overall amplitude also can be 
determined by the amplitude of the singer's 
formant alternating to that of the first formant 
(Schutte, 1993), which leads to a distortion of 
the amplitude variation as it was observed in this 
study. It can be concluded that the amplitude 
vibrato is an effect of the vocal tract only and is 
not generated at the sound source. 

The findings presented relate to an 
experimental environment in a studio and they 
do not reflect all of the abilities of a professional 
opera singer on stage. It may be assumed that 
there are differences between a single tone sung 
in a studio and a long tone sung in its musical 
context on stage by the same singer with much 
more emotional involvement. But an 
experienced singer with a sound singing 
technique is able to compensate for the influence 
of different surroundings and maintain the 
artistic quality he or she has acquired. S/he will 
not change his or her way of singing due to other 
circumstances. Therefore, the quality of the 
studio recorded tones may well be compared to 
"live" singing. 
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F or singing practice and education this study 
gives support to the claim that the development 
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The phonetogram in singing voice 
analysis and synthesis 
P Pabon 

Abstract 
The phonetogram is a two dimensional graph describing the dynamic range in sound pressure level (SPL) versus 
fundamental frequency (FO) which allows an efficient characterization of the dynamic voice quality variation. 
Phonetograms complemented by representations of additional voice quality parameters have the power of 
displaying boundaries between different vocal fold vibration modes or registers, to visualize transitions in vocal 
parameters and interactions between vocal parameters. This works because the two basic coordinates FO and SPL 
confme most of the discontinuous vocal behavior. 

Although originally intended for the assessment of 
vocal capacities, the phonetogram can also be 
used for parametric control in voice synthesis. 
The principle is based on the fact that every 
dynamic variation during voicing can be 
represented by a certain FO/SPL track in the 
phonetogram. By changing voice synthesis 
parameters according to the local values at the 
phonetogram track a dynamic qUality variation is 
produced that closely relates to the variation 
found in natural voicing. 
The phonetogram can also be used to record the 
dynamic quality variations of (other) musical 
instruments or to evaluate the dynamic behavior 
of nonlinear synthesis models. The graph can be 
seen as an object that can be edited to change the 
vocal qUality in (re)synthesis. In the presentation 
results of the recording technique will be 
displayed and an interpretation of the graphs will 
be given. The underlying models and the linkage 
between analysis and synthesis parameters will be 
discussed and sound examples will be presented to 
demonstrate the synthesis technique described 
above. 

Goal 
This paper describes an interactive 
computer/software environment for the parametric 
modelling of voice quality. The system combines a 
graphical and an acoustical representation in the 
fonn of a real time voice analysis and synthesis 
option. It can be used for voice training, voice 
evaluation, classification, demonstration, 
calibration, research and stage perfonnance and it 
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is meant to be used by singers, speech therapists, 
phoniatrists, researchers, teachers, electronic 
muslCIans, phoneticians, musicologists and 
composers. One of the main functional units for 
data representation is the Phonetogram. The 
central role for the phonetogram derives from its 
potential in mapping the dynamical properties of 
the human voice. Form and rationale of the 
phonetogram will be discussed later on in this 
paper. 

Interaction 
Modem Digital Signal Processors (DSPs), 
significantly increased the possibility of direct 
extraction of acoustical features and thus to allow 
an interactive view of acoustic parameters. TIlls 
direct confrontation is often unsatisfactory, it 
usually means a direct confrontation with how 
imprecise, how poor and limited our physical and 
mathematical tools are to map vocal 
qualities/characteristics the way we 
produce/perceive them. 

Every laymen can easily be impressed with a 
simple pitch trace measurement, but this distracts 
from the fact that this is one of the few acoustical 
parameters with a relative straightforward relation 
between acoustical and perceptual image. As soon 
as more complex spectral features show up, the 
correspondence becomes blurred and vague. It is 
not a simple question of a proper transducing or 
translating of parameters to get physics and 
perception in line. There is more going on and 
relations are simply not that simple. 

The representation problem can not be solved 
principally by taking more, new and better 
parameters, or faster and more accurate 
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Figure 1: Processing stages in the combined voice analysis/synthesis system. To the left the 
analysis chainfrom microphone signal to phonetogram. To the right the synthesis chain from 
phonetogram to sound signal. The two vertical lines enclose the DSP part of the processing. 
Horizontal arrows indicate optional shortcuts between the intermediate data representations. 

computers or special statistical models. The real 
problem is in fact that all relations between (a) the 
physical, (b) the perceptual or psychophysical, 
and (c) the physiological or production parameters 
are traversed by nonlinear grouping, dynamic 
shifts and transient effects that prevents an 
efficient incorporation in a linear model. Although 
commonly accepted in speech, concepts like 
categorical perception are not often considered in 
the area of voice quality perception. Some 
acoustical examples of these nonlinear phenomena 
are presented in the section synthesis 
observations. 

However, stating that the problem of the 
modelling of voice quality is principally 
nondetenninistic and is thus unsolvable, does not 
correspond to daily practice. There are ways to 
measure and model nonlinear effects but we just 
need tools to incorporate them. Our system design 
presents two possibilities to cope with this 
problem: (I) analysis/synthesis coupling (II) 
Phonetogram mapping. 

(I) A combined voice analysis/synthesis 
system 
The correctness of any linear or nonlinear 
modelling of voice qUality can only be judged if 
we can rely on the precision of the acoustical 
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parameters that define the system. But, for 
instance, with a voice analysis where there is only 
natural voice material as a starting point, there 
can never be any certainty on the origin of the 
measured variation within the parameters and thus 
on the correctness of any model. Much too often, 
studies where systems are used to test the quality 
of the voice, end up in studies where voices are 
used to test the quality of the system. 

The "good laboratory practice" of calibration 
seems not to be "good custom" in voice research. 
The best way to calibrate a voice analyzer is the 
use of a calibrated voice synthesizer. A simple 
sine wave generator will not be sufficient, as it 
can never reveal the complex interrelations 
between parameters in the vocal signal. So, there 
is a need for a synthesizer that precisely mimics 
the vocal signal and allows the independent 
control of all its acoustic parameters. 

Apart from the calibration option, such a 
synthesizer can be used: (a) to evaluate the 
perceptual effects of single acoustic features (Is 
this what we hear when a voice is rough, breathy, 
sharp, resonant or pressed?) (b) to test 
interactions in an analysis (How does the variation 
of one specific acoustic feature affect all other 
parameters?) ( c) to produce standardized training 
material for listening panels, and (d) for 
demonstration and learning. 



In our setup, both analyzer and synthesizer run in 
real time and are closely integrated at all levels 
(see figure 1). The horizontal arrows represent the 
option of having direct shortcuts between analysis 
and synthesis at different stages and thus to have 
a check on all internal processing steps, but the 
shortcuts are also a means for real-time voice 
transformation in a resynthesis. 

The main advantage of the dual setup is the 
possibility "to tune in" to an acoustic feature. 
This tuning in is done according to the following 
scheme: (I) An acoustic quality feature is chosen. 
(II) Analysis scheme and synthesis scheme are 
designedlmodified and implemented. (Ill) The 
analyzer is calibrated with the synthesizer and 
vice versa. (IV) The analyzer is used to test the 
variation and range in real voices. (V) Precision of 
the analyzer and the synthesizer are increased 
within the desired range. So, analyzer and 
synthesizer will more and more model the 
fundamental characteristics and expected 
variation typical to the real voice. The information 
on the quality, the actual model, is shared on an 
equal base by both analyzer and synthesizer 
giving no preference to either of the two as the 
best research instrument 

The sketched approach of synthesis checking 
by analysis and analysis checking by synthesis is 
basically circular. It could lead to a model that is 
well behaving in its own scope, but which is 
unrealistic or overvaluing acoustical details. 
However, the interactive check on parameter 
settings, the direct perceptual evaluation of the 
sound quality and the instant comparison with real 
life voices, all prevent from any detached 
focussing on details. It is the import of external 
information that directs the tuning process and 
thus improves the reliability of the model. 

Synthesis observations 
This section is accompanied by sound examples 
demonstrating the quality of some of the modelled 
parameters and stresses the value of synthesis as a 
research and calibration instrument It is not only 
meant as an acoustical document, it is also meant 
to demonstrate the typical nonlinear relations that 
can show up in the modelling of voice quality. 

Sound example 1: (For the definition of the 
synthesis parameters the reader is referred to the 
paper on-the alto synthesis of the Limerick piece 
for six artificial voices). Example 1 comprises 
four series of synthetic phonations. For each of 
the series one of the source parameters (1) TO, (2) 
OQ, (3) CF, (4) LO is randomly modulated with 
white noise from period to period. In each series 
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the modulation rate increases stepwise. 
In the first series the fundamental period (TO) 

is randomly modulated at a rate of 0%,0.5%, 1 %, 
2%,4% and 8% of TO respectively. In the second 
series, the Open quotient (OQ) is modulated at 
rates of 0%, 0.5%, 1 %, 2%, 4% and 8% of OQ. 
In the third series, the closing rate (CF) is 
perturbed with random modulation values of 0%, 
2%,4%, 8%. 16% and 32% of CF. In the fourth 
series the peak amplitude of the flow waveform 
(LO) is randomly modulated at levels of 0%, 5%, 
10%, 20%,40% and 80%. 

Examples indicate that: (A) When modulation 
(perturbation) levels are low, all parameters 
contribute to the perceived naturalness of the 
synthesized phonation in comparison to the first 
flat phonation. (B) At higher noise modulation 
levels the effect is perceived as perturbation. (C) 
Different source feature modulations show 
perceptually diverse contributions to the perceived 
roughness of the voice. (D) The examples indicate 
the relative insensitivity of the hearing organ to 
amplitude perturbations. Yune/frequency 
perturbations (TO & OQ) already shift to the 
"pathological" wne above the 1 % level, while 
(spectral) amplitude perturbations (CF & LO) 
reach the same expressing state at much higher 
levels. The LO parameter is manifested in the low 
frequency spectral energy, mainly the 
fundamental, while the Fe parameter determines 
the overall spectral slope. The larger spectral 
outstretch of the FC parameter could explain the 
higher sensitivity for perturbations of the FC 
parameter in comparison to the LO parameter. (E) 
Although all parameters contribute to the 
perceived roughness, the situation is still 
somewhat artificial. The roughness found in the 
natural voice can be expected to involve a more 
compound perturbation of the above mentioned 
features. 

Sound example 2: contains two series of synthetic 
phonations. The first series with only variation of 
the open quotient (OQ), starting at 100% stepwise 
down over 66%, 50% 30%, 20% to end at 10% of 
TO. In the second synthesis series, the open 
quotient follows the same stepwise variation as in 
the first series, but for each phonation also the 
pitch (FO) is changed and sweeps from 100 Hz to 
around 400 Hz. 

Note that in both examples the closing rate 
(FC) was fixed, which results in a stable fixing of 
the transient within TO and thus in a stable 
contribution of high frequency energy, 
independent of the OQ. In the first phonation 
series, the main audible effect of the decrease of 



the open quotient is that of a loss of low frequency 
energy, especially that of the fundamental. 
However, the expected perceptual correlate of a 
change in adduction or a register cue does not 
show up very clearly in this univariate example. 
In the second phonation series this effect is much 
stronger, especially with the short open times 
around 20% the shift to a more pressed, modal 
register phonation can be heard. This last 
example indicates that the univariate control of 
model parameters may result in a very artificial 
situation. Still, it is remarkable that a link of the 
OQ parameter to the perceptual clue becomes 
only effective when FO is varied. So, some 
parameters need their context, their dynamically 
(co)varying environment to express themselves. 
Voice quality is a dynamic feature! 

Sound example 3: gives three short phonations in 
a row. The first at G3 (F0=196 Hz), the second at 
G4 (F0=392 Hz) and the last again an octave 
higher at G5 (F0=784 Hz). For all phonations the 
shimmer parameter (random variation of LO) is 
set to a fixed level of 20%. 

The main reason why this example is included 
is to show how a perceptual cue may shift with FO 
for the same source parameter. For low FO the 
increased shimmer adds to the perceived 
roughness, while for high FO it adds to the 
perceived- breathiness of the voice. So, the 
perceptual identity of (source-signal linked) 
acoustical cues is not unique but can vary 
dynamically. 

Sound example 4: is an attempt to synthesize a 
more breathy voice quality. The synthesis starts 
with a "special mix" of all "noise attribute" 
parameters. There are three phonations. 

The first phonation imitates a breathy attack. 
In the second and third phonation all synthesis 
parameters settings are identical to those in the 
first, except for the closure rate (FC) parameter. 
In the second phonation this FC parameter is set 
to a lower value which results in a breaking up of 
the percept in a sort of glottal noise component 
and a separate sine like fundamental. In the third 
example the closing rate is set at a much higher 
value, making it too forceful. This results in a 
large contribution of the higher partials that mask 
the noise. So, only in a very narrow dynamic 
region a parameter setting makes sense, out of this 
range the whole percept can fall apart into its 
synthesis ingredients or can be overshadowed by 
one of the components. One may also suggest that 
any physical rating of breathiness will ask for a 
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complex normalizatioIL 

Sound example 5: is a short demonstration of a 
synthesis with parameter pick up from the 
phonetogram (see figure 2). Only two source 
parameters are dynamically adjusted with FO and 
SPL, the open quotient (OQ) and the closing rate 
(CF). To increase the naturalness, the vibrato is 
sometimes enhanced, but only in case that both FO 
and SPL reach stable values. All other synthesis 
parameters, like the formant frequencies, remain 
constant 

Translation of OQ and CF: The relative raise 
time parameter, shown in figure 2, approximates 
well the behavior of the spectral slope and thus 
the CF parameter. However, no direct information 
on the open quotient (OQ) is available, simply 
because non of the available acoustical quality 
parameters can uniquely resolve this feature. So, 
an estimate is made using the spectral slope 
parameter. For flattening spectral slope (the high 
SPL values) the open quotient is minimized, to 
saturate at a level of 40%. A decrease in slope 
(loss of high frequency energy) is translated to an 
increase of the open quotient, which saturates at 
maximum of 100% of TO for the lowest sound 
pressure levels. 

The phonetogram presented in figure 2 is used 
as a lookup table, and the following track is 
modeled. The phonation starts abruptly at around 
100 Hz at a median level of 75 dB. As can be 
checked in the phonetogram of figure 2, the 
spectral slope in this area, stabilizes at a flat level. 
So, the analyzed relative raise time parameter 
values are translated to get a synthetic source 
signal with a forceful closing rate, and an open 
quotient around 40%. Following this onset, the 
pitch and the level rise fast, to stabilize at a 
phonetogram position around 400 Hz and 90 dB. 
During this trajectory, the spectral slope gradually 
decreases and the open quotient slightly increases. 
The stabilizing of FO and SPL is marked with a 
short increase in vibrato. Next, there is a fast drop 
in level to 60 dB SPL. Both spectral slope and 
open quotient drop considerably, while vibrato is 
suppressed. With a rather stable setting of open 
quotient and closing rate, the FO and SPL return 
in a downward sloping path to a phonetogram 
position of ca. 100 Hz and 50 dB. This last 
trajectory models the switch to a very soft 
phonation mode where there is only a rim 
vibration of the vocal folds. 

In general the examples show that the 
perceptual interaction of voice quality parameters 
is traversed by nonlinear effects. It also shows 
that physical weight can be very misleading. What 
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Figure:2. A phonetogram that is established using the automatic recording technique (Pa~on 
1992). This norm phonetogram shows the averaged results of nine phonetogrG;m rec.ordl1!gs 
from trained male voices. The shading represents the variation of the relative ralse tlme 
parameter, a spectral slope measure. A dark shading reflects a :(Lat spectral slope. (a large 
contribution of higher harmonics). The phonetogram shown here lS used as a lookup table for 
the synthetic phonation in sound example 5. 

seems to be a large physical effect, can be 
perceptually irrelevant, while a minute detail in a 
carefully composed recipe can make an enmmous 
perceptual difference. These observations put 
question marks bebind studies trying to combine 
perceptual scores with a physical counterpart in a 
linear way. 

IT Phonetogram mapping 
A recording that allows an effective 
characterization of the dynamic voice quality 
variation is the Phonetogram or Voice Range 
Profile (VRP) , being a two dimensional graph 
that maps the dynamic range in sound-pressure 
level (SPL) in relation to that of the fundamental 
frequency (Fo). Phonetogram images with 
additional voice qUality parameters (See figure 2) 
have the power to resolve vibrational modes or 
vocal registers, to visualize parameter transitions 
and dynamically changing interactions between 
vocal parameters. This works because the two 
basic coordinates Fo and SPL confine most of the 
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jumpy (nonlinear) vocal behavior. 

Although originally intended for the assessment of 
vocal capacities, the phonetogram recording can 
also be used for parametric control in voice 
synthesis. The principle is based on the fact that 
every dynamic variation during a phonation can 
be represented by a certain Fo/SPL track in the 
phonetogram. By updating the parameters of the 
voice synthesizer according to the local values at 
the phonetogram track, a dynamic quality 
variation is produced that closely relates to the 
variation found in a natural voicing. So, the 
phonetogram forms a sort of statical blueprint that 
can be used as a lookup table for voice parameters 
during the dynamical process of singing. Of 
course, this only works if it is known how to 
translate the analyzed parameters into their 
synthesis equivalent. Rules for this translation can 
be derived by coupling the synthesizer to the 
analyzer. 

The graph in figure 2 shows only one 
acoustical parameter, but in our automatic 



recording setup a series of parameters are 
recorded simultaneously, each sensing a different 
voice quality aspect. In this way a coherent model 

of the dynamical interaction of voice qUality 
parameters is determined. Without going deeply 
into analysis results, some observations need 
special attention in the light of this paper. 

Sudden breaks: The disuibution of voice 
quality parameters typically shows smooth shifts 
in quality as well as sudden transitions. These 
quality transitions often accompany register 
changes, but sometimes they also reflect sudden 
vibrational mode changes (breathy to a well 
closed vibration) that are not all perceived as 
transitions but more as a natural, even smooth 
voice onset. Sometimes, register variations are 
perceived that do not obviously reflect as jumps in 
the measured quality values. Synthesis may reveal 
that in such cases it can happen that the observed 
very small parameter variations still have a very 
significant effect on the percept. So, again it 
should be stressed that the "weight" or "value" of 
most acoustical quality parameters varies 
dynamically. 

SPL dependence: In general it can be said that 
the scope in which analyzed parameters reflect 
relevant information on voice quality increases 
with SPL. At low SPL, glottal closure is not very 
forceful, and there is too little high frequency 
energy for most temporal and spectral parameters. 
Still, the measurement values may show distinct 
variations at these low SPL values, but these are 
of little importance. With higher production levels 
the variation in all qUality parameters becomes 
more meaningful. The close relation between 
spectral slope and SPL is well illustrated by the 
relative raise time parameter in figure 2. The 
importance of such a parameter as a reference for 
other parameters is obvious. 

FO dependence: With increasing Fo there is a 
gradual reduction in the physiological range over 
which voice source parameters can be varied. The 
higher the FO, the less tissue takes part in the 
vibration and source waveform features like the 
closing ramp and the duration of the closed phase 
become less marked. In general, there is a gradual 
decrease in the range and the complexity over 
which source and filter will shape signal and 
spectrum. So, the physical range over which all 
voice parameters will vary will also diminish with 
FO. Note again that this does not necessarily mean 
a vast reduction of the perceived range of 
expressions in the higher (singing) voice. 

Conclusion 
In general the phonetograrn mapping of voice 
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quality parameters gives us a very useful handle 
to model the dynamic aspects of voice qUality 
variation. It can serve as an intermediate between 
analysis and synthesis. The graphical 
representation of the analysis results is at the 
same time an object that can be edited to change 
the vocal qualities for a (re)synthesis and so to 
study the dynamical relevance of vocal 
parameters. It connects to the notion that it is 
often not the absolute, multidimensional 
parameter setting that is the perfect, unique 
model, but it is more the way the parameter 
interactions change with vocal dynamics that is 
the interesting feature that makes up the voice 
quality. So, the description of voice quality is 
better off by a more promiscuous model, allowing 
only a short/transient entanglement of parameters 
within a certain dynamic scope/regime. 
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Fluid dynamic aspects 
of voiced sound production· 
1) A modified two-mass model 
X Pelorson, A Hirschberg, Y Auregan & H Bailliet 

Abstract 
We propose a simple modification of the two-mass model in which the mechanical dynamics is that of two point 
masses. The movement of these point masses drives a two parameter curve representing the smooth surface of the 
glottis. Semi-emipirical boundary layer theory is used to calculate the position of the flow separation points along 
these smooth surfaces. This theory has been tested in stationary flow conditions (in vitro) as well as in unsteady 
flow conditions (impulsively started flow). The model we propose also includes a collision model which allows for 
a finite closing time of the glottis and yields a prediction of an additional volume flux due to the deformation of the 
glottis after the through flux has been stopped by the closure of the glottis. This collision model also appears to 
have a significant influence on the voiced sound production. 

Introduction 
Production of voiced sounds, also called 
phonation, is mainly due to the action of the 
vocal cords, converting the more or less constant 
subglottic pressure into an acoustical pressure. 
To understand and reproduce this behaviour and 
since the phenomenon involved are extremely 
complex, one has to use a model. Although such 
models are numerous in the literature 1-21-, they 
mainly involve different mechanical descriptions 
while the fluid mechanical part is usually 
oversimplified. In this paper we propose a more 
realistic description of the flow focussing in 
particular on flow separation in the diverging 
glottis. An experimental validation of the theory 
is then presented on the basis of steady and 
unsteady in vitro experiments. We then present 
an application to a numerical model based on the 
two-mass approximation. Implementation of the 
flow model is discussed and we propose in 
addition a modification of the vocal cord 
collision description used by Ishizaka et al.2. 

1. Fluid mechanical description of the 
flow through the glottis 
1.1. Flow model. 
Basic assumptions 
The basic assumptions we make, justified by a 
dimensional analysis, are listed bellowS: 
- Since the ratio of the glottal width d to its 
length Lg is small we will assume the flow 
to ht:' two dimpn<:ional. 
- As the Strouhal number Sf = FO.d/uo, where 
Fo is the fundamental frequency of the vocal cords 

oscillations and uO the mean flow velocity, is of 
order of 10-2, we will assume the flow to be 
quasi-steady. 

- The Mach number M is the ratio of mean 
flow velocity uO to the speed of sound cO. As M2 
is of order of 10-2 steady flow compressibility 
effects are negligible. 

- The Helfuoltz number dlAO, with Ao = coIfo, 
is also small, we will thus assume that the flow is 
locally incompressible. 

- Finally, the Reynolds number Re = h.uO/V is 
of order of 103, we will thus assume that the 
effects of viscosity can be described in tenns of a 
boundarylayerapproximatio~ 

Currently used flow models and proposed 
description 
Most of the glottal flow model used in the 
literature are based on a quasi -stationary 
Bernoulli equation with several correcting tenns, 
expressing the pressure difference between the 
subglottal and supraglottal region as a sum of 
tenns: M'Tot = M'Bernoulli + M'Viscous -
M'Recovery. In Ishizaka et al. fonnulation2 a 
deviatoric factor K is introduced in M'Bernoulli in 
order to take into acount the important losses due 
to a flow separation at the entrance of the glottis6 

(vena contracta). However, such an effect is only 
expected to occur for an abrupt contraction with 
sharp edges 7. The contraction fonned by the 
entrance of the glottis is gradual and thus it seems 
doubtful to attribute an eventual initial pressure 
loss to a vena contracta 
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effect in such a case. We therefore propose the 
use of K = 1 instead of K = 1.37 used by Ishizaka 
et al.2. 

In fact all the above equations assume 
implicitly the formation of a free jet at the end of 
the glottis. Since in reality during the closing 
phase the glottis forms a diverging channel, 
separation of the flow is not expected to occur at 
a fixed position. We therefore propose in the 
following a study of the movement of the flow 
separation point within the glottis. 

1.2. Q.ua~-steady model for flow
separatlOn 
The theoretical model proposed here is based on 
the boundary layer approximation. The flow 
within the glottal channel is considered as 
divided into two regions: 

- The first one, far away from the walls is a 
region where friction effects can be neglected. 

- In the second region, the boundary layer, in 
the vicinity of the walls, the viscous effects are 
significant. The flow within the boundary layer is 
decribed using a modified Pohlhausen method 
assuming a cubic velocity profile9. 
For simplicity and to avoid numerical 
instabilities we propose separated descriptions 
for the converging part (the glottal entrance) and 
the diverging part of the glottis. 
In the converging region we have shown that, 
assuming that the radius of curvature of the 
entrance R is much larger than the minimum 
aperture hO, the Pohlhausen's solutions can be 
summarized by a simple analytic 
formula. Whereas in the diverging part of the 
channel we assume that the boundary layer 
growth corresponds to the Blasius solution for a 
flat plate in free space lO until a critical thickness 
corresponding to Pohlhausen separation criterion 
is reached. 

1.3. Validation of the theory 
Steady flow measurements 
The experimental setup is depicted in figure 1. 
The channel we considered is formed by two half 
cylinders of radius R perpendicular to a pipe of 
constant diameter D. This scale model is about 
three times larger than typical physiological 
dimensions. 
Pressures upstream (PI). downstream (P3) and at 
the minimum contraction position (P2 or P'2) of 
the model were measured using Betz 
micromanometers with an accuracy of +/- 1 Pa. 
Flux measurements were obtained by means of 
calibrated Rotameters. Typical accuracy was 1 % 
for fluxes. 
Figure 2 is an example of result for the quantity 
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Figure 1: Experimental set-up. 

<I>/<I>B as a function of the Reynolds number Re = 
<I>/V. <I> is the measured flux and <I>B. a reference 
(ideal) flux corresponding to an inviscid flow with 
fixed separation at the minimum contraction 
position where h=ho. The global agreement 
between theory and experiments was confirmed 
for other apertures of the channel (0.1 mm. $; hO 
$;lOmm.). 
As another important parameter. we present in 
figure 3 results obtained for the dimentionless 
pressure drop M'TotlM'l. where M'Tot = PI -
P3 and M'l = PI - P2 or M'l = PI - P'2. 
As can be seen on figure 3 a strong asymmetry in 
the flow was experienced for Reynolds numbers 
higher than 2500. This phenomenon also called 
the Coanda effect will be discussed in next 
section. Focussing only on the P2 measurements 
we observe a reasonable agreement between 
theoretical prediction and measurements down to 
Reynolds number of about 100. For lower 
Reynolds number the agreement is less 
acceptable. This result is not surprising since 
boundary layer theory is no longer valid for low 
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0.9 r 
0.8 

0.7 
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Re 
Figure 2: Comparison between theoretical 
(solid line) and measured (crosses) 
dimensionless flux <1> 1<1> B as a function of 
the Reinolds number Re. 
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Reynolds numbers. As a conclusion for these 
steady-flow measurements we can therefore state 
a reaonable agreement between theoretical model 
and measured data. 
Unsteady flow measurements 
The experimental setup described above was also 
used for an impulsively started flow. Although 
refering to a different situation, the Strouhal 
numbers involved in our experiments are of the 
same order of magnitude as encountered in 
phonation (Sr = 10-2). We thus expect the 

Figure 4: Flow visualization of implusively 
started flow. Corresponding pressure 
difference is presented in Figure 5. 

unsteady effects to be comparable. On figure 4 
are presented some flow visualisation performed 
during these measurements. The corresponding 
pressure difference imposed on the model is 
presented in figure 5. As an important qualitative 
result, we clearly don't observe asymetry in the 
jet. It appears thus that the Coanda effect if 
important during steady flow conditions has no 
time to establish in these unsteady conditions and 
may not be relevant in phonatory study. 
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Figure 5: Pressure difference imposed on the 
glottal model during unsteady flow 
measurements and visualizations. 
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Figure 6: Comparison between measured 
flow velocity (dots) and theoretical 
expectation from the pressure signal (solid 
line). 



Figure 6 is a comparison between the jet velocity 
measured by mean of hot wire anemometry and 
the jet velocity predicted from the imposed 
pressure diffemce by our model. As can be seen, 
excepted for the first milliseconds, a general 
good agreement between measured and predicted 
velocity is observed. The significant deviation 
between theory and experiment corresponds to 
the time for which the vortical structure formed 
at separation has not yet left the glottal model. 
Under such circonstances the used free jet 
approximation is not relevant. 

II. Application to a modified two-mass 
model for the vocal cords 
Although the theoretical flow model presented in 
sections above could be in principle implemented 
in any numerical model, we chose for simplicity 
to evaluate the impact of the revised description 
on the most simple mechanical description: the 
two-mass approximation. 

II.l. Description of the model 
Since flow separation would always occur at the 
sharp edges of the model, it is obvious that the 
usual rectangular representation of the vocal cord 
is not adequate for implementing a moving 
separation point model. For this reason, we 
propose a simple modification of the two-mass 
model in which we keep the simple mechanical 
description of the vocal cords, but for which this 
mechanical system drives a two point parametric 
curve describing the shape of the vocal cords. 
The description we use is based on cylinders 
connected with tangent plates as shown in figure 
7 11 ,12. 

Trachea 

Figure 7: Proposed two-mass model for the 
vocal cords. 

II.2. Numerical results 
A systematic study and comparison with results 
obtained from Ishizaka et al.'s rectangular model 
as been performed in order to evaluate the 
influence of each modification on the simulation 
results. Quantitative differences were evaluated 
using usual acoustical parameters13 (Fo, OQ, CS, 
Sq). The major results can be summarized as 
follows: 

- The magnitude of the glottal flow U g 
predicted by our model is about twice larger than 
the prediction of Ishizaka et al. This result is not 
surprising by view of the strong losses induced 
by vena contracta effect we do not consider. 

- Curvature effects are small. This evaluation 
has been done by considering the results derived 
from the two mass model with a rectangular 
shape and a smooth model in which the flow 
separation was imposed to occur at the end of the 
glottal channel. In such a case only minor 
modification of the glottal volume velocity 
waveform were observed. 
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- Moving flow separation effect has a 
significant effect on the numerical results. Figure 
8b, is a comparison between result obtained 
using a rectangular two-mass model and a 
smooth model with moving separation point. As 
can be observed differences, especially during 
the closing phase, are significant. These 
differences in the closing phase also appear in 
the calculated acoustical parameters. 

As an important' result, the discontinuity in 
the time derivative of the volume velocity is 
much less pronounced in the smooth model. The 
resulting spectrum is much less rich in higher 
harmonics which in the rectangular model yield 
to the typical "computer accent" .. 

II.3. Collision of the vocal cords 
The geometrical smooth model described above 
also provides oportunity to implement a more 
realistic description of the vocal cords collisions. 
We propose a modification which takes into 
acount in a simple way the additional air flow 
due to the deformation of the vocal cords at 
closure as well as non uniform closure of the 
glottis effects8. An example of result obtained 
with a such a model is presented in figure 8c. 

Conclusions 
In this paper we have presented a revised quasi
steady glottal flow model, foccussing in 
particular on the description of flow separation 
downstream of the glottis. The flow separation 
prediction model we proposed yields a 
reasonable agreement not only with steady flow 
measurements but also with unsteady flow 
measurements. 
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FigU1:e 8: Time depel!dent volume velocity and corresponding normalized time derivative 
obtained by computatIOn using: 
(a) Rectangular shaped two-mass model and classical flow description. 
(b) Proposed two-mass model and revisedflow model. 
(c) Proposed model with delayed closure and additional displacement. 

We proposed then a numerical application to 
a modified two-mass model. We found that 
moving flow separation appears to be significant 
affecting qualitatively and quantitatively the 
resulting glottal signals. We also showed that 
using this smooth shape it was possible to 
implement simple modifications to take into 
account physiological phenomena that occur 
during the closure of the vocal cords such as the 
deformation of the vocal cords or the non 
uniform closure of the glottis. It appears that 
these modifications can be at least as important 
as th~ i~troduction of a moving separation point 
to mImIC the measured glottal reported in the 
literature. 
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Estonian laments: 
A study of their temporal structure 
J Ross & I Lehiste 

Abstract 
The temporal structure of three recorded South-Eastern Estonian laments was studied. A one-to-one 
correspondence was found between syllables in the text and notes in the melody. The duration of more than 700 
measured syllables/notes averaged 250-300 msec and varied to a considerable extent. There was no evidence for an 
attempt to distinguish between short and long notes in the melody, nor was there any evidence for a systematic use 
of duration to indicate the three Estonian quantity degrees (short, long, and overlong). 

Materials and Methodology 
The analyzed material consists of three 
South-Eastern Estonian (Setu) funeral laments 
available on the record M32 45495 004 produced 
by the "Melodiya" company in Riga in 1984. 
Lamenting is a specific kind of musical folklore -
a pre-Christian tradition of passionate expression 
of grief which has survived in parts of Eastern 
Europe mostly in Orthodox Christian 
environment. The record contains reproductions 
of archival recordings of laments, three of which 
were analyzed during the current study. 

Three performers produced a total of 48 lines 
(A V - 16 lines, MS - 23 lines, PK - 9 lines). The 
tapes were analyzed using a Kay Elemetrics 
Signal Analysis Workstation (Model 5500) at the 
Ohio State University. Segmentation of the 
sound signal was performed using two 
time-synchronized spectrographic representations 
of successive 4-sec portions of the sound signal. 
Since the Estonian syllable structure requires that 
every non-first syllable start with a single 
consonant, the durations of syllables were 
measured (on broad-band spectrograms) from the 
beginning of the onset consonant to the 
beginning of the onset consonant of the next 
syllable. Fundamental frequency was measured 
from the corresponding narrow-band 
spectrograms. 

The basic unit of a lament is the line, which is 
a derivative of the Kalevala verse (Sarv, 1993). 
The line usually contains one or more extra feet -
the so-called address formula, which may be 
added at the beginning, middle, or end of the 
line, thus making the line longer than the regular 
Kalevala line. The line normally consists of 
disyllabic metric feet, and the metric feet usually 
constitute disyllabic words. 

Estonian disyllabic words are characterized 
by a temporal structure that involves contrastive 
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duration ratios. Words in short quantity (Ql) 
have a ratio of 2:3 between the first and the 
second syllable (S lIS2 ratio), words in long 
quantity (Q2) have an SI/S2 ratio of 3:2, and 
words in overlong quantity (Q3) have an S lIS2 
ratio of 2: 1 (Lehiste, 1960). The current study 
was designed to explore in which ways the 
word-level durational patterns are realized in 
lamenting - a folk art form that may be 
considered to represent an intermediate stage 
between speech and singing. 

Results and Discussion 
Fig. 1 displays the overall distributions of 
syllable/note durations in the three laments 
performed by the three singers A V, MS, and PK 
(three panels from top to bottom). As is evident 
from the figure, the curves produced by all three 
singers are similar in that all three distributions 
have a single peak and resemble normal distribu
tions to a reasonable extent (with a slight 
asymmetry: the slope is steeper on the side of 
shorter durations). The presence of a single peak 
suggests that a lament singer employs no 
multiple syllable/note durations as had been 
found, for example, in Estonian swing songs, 
where the singer clearly differentiated between 
short and long notes (Ross, 1989). 

Fig. 2 presents the ratio of the duration of the 
first syllable to the duration of the second 
syllable in disyllabic words (S lIS2 ratio). The 
number of such words available in the three 
analyzed funeral laments was 32, 32, and 19 for 
singer AV, 35, 71, and 13 for singer MS, and 12, 
26, and 13 for singer PK, respectively, for short 
(Ql), long (Q2), and overlong (Q3) quantity 
degrees. The figure also contains comparison 
data for S lIS2 ratios in fluent speech, reader EK 
producing an Estonian trochaeic poem (Lehiste, 
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1992). The number of comparable disyllabic 
words in EK-s reading was 10 for Q1, 10 for Q2, 
and 42 for Q3. 

In the speech of EK, the S 1/S2 ratios for the 
three quantities were close to what is expected: 
.79 (vs .. 67) for Ql, 1.5 (vs. 1.5) for Q2, and 2.2 
(vs. 2.0) for Q3. An analysis of variance showed 
that in the speech of EK, the differences between 
QI, Q2, and Q3 are significant at p < .001. 

In the productions of all three lam enters, the 
S 1/S2 ratio is reduced, never exceeding the value 
of 1.6 for any of the three quantity degrees. 

The question arises now whether the 
performers are still trying to maintain the 
three-way durational contrast in lamenting, albeit 
on a compressed scale, or do they disregard 
durational contrasts altogether during the 
performance? There seem to be considerable 
interindividual differences between the three 
lam enters with respect to the extent and nature of 
the S 1/S2 ratio transformation. The subjects A V 
and PK seem to employ opposite strategies. 
According to visual inspection, for A V the 
difference between long (Q2) and overlong (Q3) 
quantity degrees seems to be neutralized, while 
for PK, a similar conclusion may be made 
relative to the difference between short (Ql) and 
long (Q2) quantity degrees. The lamenter MS 
seems to be trying to maintain a difference 
between all three contrastive duration categories 
on a smaller scale, between .78 and 1.1. Analysis 
of variance, however, yields significant 
differences between all three quantities for 
performers AV (p < .001) and MS (p < .01), but 
does not for lamenter PK (p < .3). 

Differences in the scope of the standard 
deviations should be pointed out as well. In 
speech, the overlap between standard deviation 
ranges for Q2 and Q3 indicates the necessity for 
additional acoustical features in order to 
distinguish between these two durational 
categories (The shape of the fundamental 
frequency curve is known to serve as such an 
additional feature (Lehiste, 1970-75).) In 
laments, extensive overlap was observed between 
standard deviation ranges of all SI/S2 values, 
except for those of Q 1 and Q2 for singer A V. 
This suggests that the function of the S 1/S2 ratio 
as a means of manifestation of the contrast 
between the three quantities is noticeably 
reduced in lamenting. On the other hand, the 
presence of a melody repeated from line to line is 
bound to reduce the extent to which fundamental 
frequency can be used to serve this purpose. 
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Figure 2: S1/S2 ratios in disllabic disyllabic 
words in the three analyzed laments 
performed by AV, MS, and PK, and 
comparison data from fluent speech (speaker 
EK) for the three contrastive quantity 
degrees. Vertical bars correspond to 
standard deviations. 

Conclusions 
A study of the temporal structure of Estonian 
lamenting reveals that 
(1) no multiple note/syllable duration categories 
are employed; individual durations may deviate 
from a single average of about 250 msec; 
(2) the Estonian system of contrastive durations 
that employs three distinctive quantity degrees is 
not maintained either; the acoustic differences 
between the three quantities are neutralized. 

The findings of the study lead to the 
conclusion that the temporal structure of 
Estonian laments corresponds neither to that of 
speech nor to that of the professional European 
music tradition. 
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Sound radiation from the chest of bass singers 
M Skdlevik 

Abstract 
Problem: What are the relative amounts of power radiating from chest and mouth? Vibrations in the chest wall 
was studied in detail on two bass singers by means of an accelerometer, but phase differences across the chest 
made it difficult to make an exact computation of the radiation from the chest. The most efficient method turned 
out to be integration of the intensity field across a surface area enclosing the chest. 

Observations: 1. We found the radiated power from head and from chest separately to be 28 -72% at 88Hz (F2) 
on one of the subjects. Another subject showed 78-22% in favour of the chest at 78Hz (Eb 2), but close to 50-50% 
between 88 and 156Hz (F2 - Eb 3)' The signal source used was the voice fundamental of to bass singers. 2. 
Vibrations in the chest varied appreciably during expiration: We measured an acceleration increase of lOdE 
relative to the mouth SPL at the fundamental ofF2. The greater air volume seem to short-circuit (absorbate) more 
of the volume velocity generated by the vocal chords. 3. The chest acceleration was on one subject measured to be 
20dB higher at F2 than at F3 relative to the sound pressure at the mouth. This is probably due to the mass-cavity 
resonance of the system made up by the mass of the chest and the enclosed air volume. 

Motivation 
Chest wall vibrations in bass singers can easily be 
sensed by the skin of your fingers. Such vibrations 
have previously been examined by means of 
accelerometer by Johan Sundberg, concluding that 
they have a significarn contribution to the singers 
own perception. 
Now, what about power radiation? 

Bass singers are of particular interest, since 
their Fundamental Tone is wen below the lowest 
resonance of the vocal tract - namely the I st 
formant frequency (fig l.b). 

Secondly, the resonance of the chests mass -
cavity system (fig.l.a) may add some exstra boost 
to the low frequencies, quite similar to the effect 

1st formant frequency range 

log IH(f)1 

a 

0.05 0.1 

.. 
fundamental range of 
bass singer 

0.8 

Os 

f/kHz 

Fig. 1: Transfer function of the chest (a), and of the vocal tract (b) . 
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Fig. 2: Pm = power radiation from the mouth 
Pc = power radiation from the chest. Problem: P ml Pc = ? 

of bass-reflex enclosures used with loudspeakers. 
Also, knowing that larger surface areas are 

better radiators of sound, it is plausible to expect 
an appreciable amount of power coming from the 
chest 

Problem 
The question that was to be answered, is: 
- Does the sound radiation from the chest of bass 
singers contribute significantly to the total power at 
low frequencies? 

Therefore, we wanted to find the relative 
amount of power radiated from the chest of some 
trained bass singers. 

Method 
Several methods were discussed, but the matt 
efficient one turned out to be: 

Integration of the intensity field across a closed 
surface area, according to Gauss' Theorem. 

The total radiated power from a source must 
be equal to the Intensity Flux through a closed 
surface that is containing the source. 

In practice, we let the subject be surrounded by 
two imaginary boxes (fig.3) , letting one box 
enclose the head, and the other one the rest of the 
body. 
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Fig.3: Two imaginary sUrfaces. Sl enclosing 
the head, and S2 enclosing the body. 



I 

\\1 
6..... .... ... . .. . .... 

B&Kprobe 

Nortronic 830 1/3 octave analyzer 

Fig.4: Sweeping a closed sUrface with a dual microphone intensity probe. 

Emitted power: P = # I· dS = S . Imean 
s 

Then we sweeped the surfaces seperately with 
a dual-microphone intensity probe, letting the 
Nortronic 830 integrate the intensity in 1/3 octave 
bands (fig. 4). 

Knowing the surface area and the intensity 
mean, it is easy to calculate the radiated power of 
the Fundamental Tone. 

Result 

IN RL 
Head 28% 48% 
Body 72% 52% 

Fig. 5: A table showing % of radiated power 
from head and body. Subjects IN & RL. 
Fundamental of F2 - 88Hz 

As we can see from the table of (fig.5), there is 
a considerable percentage of the power coming 
from the body, presumeably from the chest. 72% 
on one of the subjects, and 52% on the other. 
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The source is the fundamental of F2, with a 
frequency of 88Hz, on both subjects. 

The differences between the to subjects are 
probably due to different chest resonance 
frequencies. 

Some secondary observations 
1. The somewhat "disappointing" 52% from the 
chest of subject RL, made us extend the 
investigation, wanting to know how this percentage 
varied over an octave. 

The diagram in (fig. 6) shows that singing one 
tone deeper makes the chest percentage increase 
rather drastically on subject RL. 

Down at E2 flat there is coming 4dB more 
power from the body than from the head, while 
the percentage is rather close to 50-50 over the 
rest of the octave. 
2. The acceleration of the chest surface varies 
considerably with the air volume of the lungs (fig. 7). 
We measured an increase of 10dB during expiration 
with an accelerometer. The source was the 88Hz 
fundamental of F2• 

The reason is most probably that the greater air 
volume short-circuits more of the volume velocity 



% from head 

~r---mmffiitt-~~···· ··········· · ······ ··· ········ 

% from body 

Fig. 6: Radiation of the fundamental tone. Head-body power percentages. Subject: RL. 

chest wall acceleration 

+10dB 
.. .. .. .. .. .. .... 

.... tendency .. .. .. .... .. ... 
..... .. .. .. .. .. 

OdB 
..... 

Lung air volume 
(compleance) "empty" "full" 

Fig. 7: The greater compleance shon-cuts more of the volume velocity. Fundamental 
ofF2 - 88Hz. 

Fig. 8: Dipole effekt with low fundamental 
tone. Subject humming with a closed mouth. 
From F!2 to Db2 the intensity vektor is 
increasing, turning some 1600

, and pointing 
into the nose. 
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created by the vocal cords. See electrical 
analogue, (fig.9). 
3. The picture in (fig. 8) shows the dipole effect in 
front of the nose of subject IN at low frequencies. 
We see that the intensity vector is turning some 160 
degrees from ~ flat to Dz flat, while increasing 10dB 
in magnitude. 

The subject is singing con bocca chiusa -
''bumming'' with a closed mouth - so we would 
expect the intensity to point out from the nose, not 
the oposite. 



mouth 

U -glottal volume velocity 

chest 

L -chest mass inductance 

-lung air compleance 

Fig. 9: Simplified electrical analogue of the 
mouth-chest system. 
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Glottal airllow and subglottal pressure 
in the falsetto and modal registers 
of countertenor singers 
M Sodersten, C H¢gset & J Sundberg 

Abstract 
Four countertenors were investigated using inverse filtering with a Rothenberg mask in order to describe voice 
source and subglottal pressure characteristics of the falsetto and modal registers. Oral airflow and intraoral 
pressure were recorded on an FM tape recorder during repetition of the syllable /pa/. The phrase was sung in 
medium, soft, and loud voice at 260 Hz and 240. Hz in both registers. Compared to the modal register, the 
subglottal pressure was lower, the pressure range from soft to loud voice more narrow, peak-to-peak flow 
amplitude lower, minimum flow higher, and the closed quotient smaller in the falsetto register for phonations 
sung at the same loudness level and pitch. The closed phase was well defmed in the falsetto register, thus 
indicating complete vocal fold closure. It was concluded that apparent differences between the registers exist 
regarding glottal airflow and subglottal pressure. 

Introduction 
The physiological and acoustic differences 
between the falsetto and modal registers have not 
been studied in great detail in the past. Especially 
empirical voice source data on the falsetto register 
are lacldng, the classical description being merely 
that the tones are produced at higher pitches, and 
the vocal folds are longer and more stretched than 
in the modal register. In the falsetto register of 
untrained subjects, the vocal folds do not close 
completely or very shortly during the vibratory 
cycle. Variability exists regarding trained singers, 
however (Rubin & Hirt, 1960). The subglottal 
pressure has been reported to be lower in the 
falsetto register as compared to the modal (see 
Hollien, 1974) but few systematic comparative 
studies have actually be.en carried out. The 
dynamics measured in terms of sound pressure 
level (SPL) have been found to be more limited in 
the falsetto register (Colton, 1973). 

Some years ago, a team at Huddinge 
University Hospital studied the vocal fold closure 
in the falsetto register of countertenors, i. e. male 
singers with a specifically trained falsetto register. 
It was found that all four subjects, when singing 
loudly in the falsetto register, completely closed 
the vocal folds in the membranous portion of the 
glottis and that a slight mucousal wave was 
observed (Undestad & S&lersten, 1988). These 
findings suggest that the falsetto register can be 
produced in different ways, for instance, 
depending on voice training: The main purpose 
of the present study was to describe glottal airflow 
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and subglottal pressure characteristics for the 
falsetto register as compared to the modal in 
countertenors. The results were compared with 
data collected from an amateur singer who had an 
untrained falsetto register. 

Methods 
Four countertenors served as subjects, each of 
them having more than 18 years of experience of 
falsetto singing. For comparison, the voice source 
of a highly experienced amateur bass singer was 
studied. He was not used to singing in the falsetto 
register. The countertenors' falsetto registers 
ranged from about 700 Hz (FS) to 220 Hz (A3) 
and their modal registers from 310 Hz (Eb 4) to 
90 Hz (Ff v. The bass' falsetto register range was 
more narrow, from S20 Hz (CS) to 230 Hz (Bb3) 
and his modal register wider ranging from 350 Hz 
(F 4) to 80 Hz (EV. 

In the experiment, the pitches 260 Hz (C4) and 
240 Hz (B3) in the overlapping part of the 
registers, were sung in both registers, and the 
higher pitch 350 Hz (F4) only in the falsetto 
register. The subjects sang /pa pa pa pal in 
medium, soft, and loud voice, in that order, first in 
falsetto and then in modal register. 

The experimental setup is shown in Fig. 1. 
Intraoral pressure was measured during the /p/
occlusion using a thin catheter placed between the 
subject's lips and connected to a pressure 
transducer. Subglottal pressure (p s) was 
determined from the intraoral pressure (LOfqvist 
et al, 1982) and continuously displayed on a 
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Figure 1: Experimental setup 

chart recorder during the experiment. In general, 
the peaks of the pressure signals were of equal 
amplitudes, thus indicating a stable P s (Holmberg 
et al 1987). In some cases, however. the pressure 
peaks differed between the syllables or changed 
by a few percent during the Ip/-occlusion. 

The oral airflow was recorded from a pressure 
gradient microphone mounted in a face mask ad 
modum Rothenberg (1973). During the 
experiment the face mask was tightly sealed to the 
face to avoid air leakage checked on an 
oscilloscope. The flow signal was inverse filtered 
using a hardware filter setup (Glottal Enterprises 
MSIF-2). In each phrase the second or third 
syllable was selected for inverse filter analysis. A 
portion of the chosen syllable was captured on 

o ____________ ~ ____ ~l~m~~~urn~fl~ow~ 

+-Tc\-

---- To ---~~ 

Figure 2: A flow glottogram indirectely 
reflects the vocal fold vibrations. The 
horizontal part corresponds to the closed 
portion of a glottal cycle, the rising part to 
the opening of the vocalfolds, and the falling 
part to the closing phase. The following 
waveform parameters are indicated: Peak-to
peak (PTP) flow amplitude, (the modulating 
flow), Minimum flow (flow from the zero flow 
to the most closed portion), Peak flow (the 
amount of flow from zero flow to maximum 
flow), TO (duration of one fundamental 
period), Tel (duration of the closed portion. 
The closed quotient (Qcl) was also measured 
(= Tcl/TO)· 
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a transient recorder (Glottal Enterprises BP-l) 
and the inverse filters for the first and second 
formants and bandwidths were set manually using 
a flat closed phase as the criterion. Zero-flow was 
determined from the adjacent /PI-occlusions. The 
waveform parameters that were extracted are 
shown in Fig. 2. 
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Figure 3: Subglottal pressure in the modal 
and falsetto registers at the same pitch (B 3) 
and loudness level for four countertenors 
(eT) and one bass (B). 

Results 
Countertenors 
Subglottal pressure (P s) 
Typical results regarding Ps are shown in Fig 3. 
For the phonations sung at the same pitch and 
loudness level, P s was higher in the modal than in 
the falsetto register. As expected, P s increased 
with vocal loudness in the modal register. Two of 
the countertenors showed the same pattern in the 
falsetto register. The other two did not change P s 
between medium and loud phonation. 



LOUD 

MEDIUM 

------ eTI 

--O--CT2 
SOFT 

-- CTJ 

-a-. CTd 

·'oX· · B 

10 15 20 25 

em H20 

Figure 4: Subglottal pressure in the falsetto 
register at the pitch F 4 at three loudness 
levels for four countertenors (eT) and one 
bass (B). 

The range of the P s from soft to loud voice 
was in general wider in the modal register. For all 
countertenors, Ps was approximately doubled 
from soft to loud in the modal register. The range 
of P s was considerably smaller in the falsetto 
register. 

For the higher pitch F 4 only sung in the 
falsetto register, P s was higher than for the lower 
pitches sung in falsetto while the P s range 
between soft to loud varied considerably between 
the subjects (Fig 4). 

Flow glottogram data 
The two glottograms shown in Fig 5 a and b 
demonstrate typical differences between the 
registers. 

The peak-to-peak flow amplitude was much 
larger in the modal register than in the falsetto 
register for all phonations sung at the same pitch 
and loudness level. Fig 6 shows some typical 
results. As we had expected all countertenors 
increased their flow amplitude with loudness when 
singing in the modal register. Slightly different 
patterns were found in the falsetto register. In 
three cases, PTP flow amplitude increased slightly 
from soft to loud but in one case it decreased. At 
the pitch F 4 on the other hand, the intersubject 
variability of the peak-to-peak flow amplitude was 
large (Fig 7), increasing considerably from soft to 
loud 

The minimum flow showed large variability 
between subjects and loudness levels, varying 
from 0 or almost 0 to 0.3 Us in both modal and 
falsetto register at all loudness levels. For one 
countertenor, minimum flow decreased with 
increased loudness in the modal register while 
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Figure 5 a, b: Flow glottograms of one 
subject's falsetto register (5a) and modal 
register (5b) at the same pitch (B3) and 
loudness (medium). 
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Figure 6: Peak-to-peak (PTP)flow amplitude 
in the modal and falsetto registers at the 
same pitch (B 3) and loudness levels for four 
countertenors (CT) and one bass (B). 

the opposite pattern was observed for falsetto. For 
phonati~ sung at equal pitch and loudness the 
minimum flow was generally higher in the falsetto 
register. 
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For equal pitch and loudness level the closed 
quotient was larger in the modal register than in 
the falsetto register, as expected The <Jel 
increased with vocal loudness only in the modal 
register, ranging from 0.22 to 0.39 in soft, from 
0.22 to 0.48 in medium, and from 0.29 to 0.55 in 
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Figure 7: Peak-to-peak (PTP)flow amplitude 
in the falsetto register at the pitch F 4 at three 
loudness levels for four countertenors (cr) 
and one bass (B). 

loud phonation. In falsetto it ranged from 0.19 to 
0.28 in soft, from 0.21 to 0.30 in medium and 
from 0.20 to 0.29 in loud phonation. For the pitch 
F4' ~l was about 0.3, somewhat larger than for 
the pitches B3 and C4, but largely independent of 
vocal loudness. 

As the peak-to-peak flow amplitude depends 
on both P s and glottal adduction it is relevant to 
relate the PTP flow amplitude to the underlying 
Ps. The ratio between these two measures was 
proposed by Sundberg & Rothenberg (1986) as 
an estimate reflecting the glottal adduction force 
and referred to as the peak glottal permittance. 
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Figure 8: Glottal permittance (Peak flow 
over P s) in the modal and falsetto registers 
at the same pitch (B 3) and loudness levels 
for four countertenors (CT) and one bass 
(B). 
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Examining phonations with zero flow during the 
closed phase they defined this permittance as the 
peak-to-peak flow amplitude over pressure. 
However, in cases of glottal leakage, the minimum 
flow is also obviously depending on glottal 
adduction. Therefore we examined the ratio 
between the peak flow amplitude, including the 
minimum flow, and Ps. Fig 8 compares this 
permittance for the pitch B3 sung in the two 
registers. Most data points fall below the 
symmetry line, thus indicating a greater 
permittance for falsetto. However, large 
variability between the subjects and loudness 
levels were found 

The differences between the two registers for 
the countertenors are summarized in Table 1. 

Table 1: Summary of the results for the 
countertenors (pitches B 3 and C4) 
FALSETTO MODAL 
Ps < Ps 
Range of P s < Range of P s 
PTP flow < PTP flow 
Qd < Qd 
Minimum flow > Minimumflow 
Glottal permittance > Glottal permittance 

Bass singer 
In most graphs the data for the falsetto register as 
produced by the bass singer did not show extreme 
values as compared to the countertenor falsetto 
phonations. P s tended to be low and the range of 
Ps was usually somewhat narrower (Fig 3 and 4). 
For the pitch F4 the peak-to-peak flow amplitude 
varied less with loudness than for the 
countertenors (Fig. 7) and for two of the three 
pitches the Qcl was slightly smaller. His register 
difference with regard to the permittance data 
tended to be greater than in the case of the 
countertenors. The greatest difference between the 
bass singer and the countertenors was observed in 
the difference in minimum flow between the 
registers. The minimum flow varied between 0.20 
and 0.45 1/s in his falsetto register and was no 
more than 0.1 1/s in his modal. This difference 
was clearly larger than for the countertenors. 

Discussion 
The closed portion was well defined in the 
glottograms of the countertenors' falsetto register, 
thus suggesting vocal fold closure for this register. 
This is in agreement with previous 
videostroboscopic findings of the same singers 
(Lindestad & SOdersten, 1988). 



When studying glottal airflow characteristics it 
is of great methodological advantage if the 
subjects can sing the tones in falsetto and modal 
register at the same pitch so that reliable 
comparisons can be made between the registers. 
However, the overlap range is limited to the 
bottom part of the falsetto register and the upper 
part of the modal. Therefore, the pitches that 
overlap may not be equally representative for the 
two registers. In addition, it is possible that the 
subjects used a mixed register in the overlapping 
range. It is important to keep this in mind when 
interpreting the results that were summarized in 
Table l. 

P s was lower and the range of P s more limited 
in the falsetto register when compared to the 
modal for the pitches B3 and C4. This is in 
agreement with previous studies of SPL (e.g., 
Colton, 1973). However, for the highest falsetto 
pitch (F4) we found a greater range ofPs. 

Vocal intensity is mainly related to the 
steepness of the closing phase that determines the 
amplitude of the higher partials in the voice 
source spectrum. The steepness of the closing 
phase can be increased by increasing the peak-to
peak flow amplitude, skewing of the glottal pulse, 
or by an earlier onset of the closed phase 
(Sundberg et al., 1993). The countertenors 
increased the PTP flow amplitude in the falsetto 
register rather than changing the length of the 
closed phase in order to increase the loudness for 
the pitch F 4. In the modal register, the PTP flow 
amplitude, as well as the Ocl increased with raised 
loudness. 

The values for minimum flow tended to be 
higher in the falsetto than in the modal register, 
suggesting smaller adductory forces in falsetto 
register phonation. The pennittance data support 
the same interpretation. The role of glottal 
adduction in register control and how it is related 
to glottal permittance seems worthwile to study in 
future investigations. 

The bass singer's falsetto register differed in 
certain aspects from that of the countertenors. 
These differences might reflect his lack of voice 
training for the falsetto register. In future studies a 
more systematic comparison should be carried out 
between the untrained and trained falsetto. 

In conclusion, we found clear differences 
between the falsetto and modal registers regarding 
subglottal pressure and the glottal airflow 
wavefonn for the countertenors. The dynamics of 
the falsetto register in these countertenor singers 
suggest to be an effect of their extensive voice 
training. 
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Physiological and acoustic observations 
of support in singing 
A Sonninen, P Hurme & J Sundberg 

"If one forgets the support it's /ike aflower without roots, after a while it begins to fade". 

Birgit Nilsson (Hines 1983) 

Abstract 
Professional singers (n=9) were recorded when singing with support and without support at pitches above and 
below the register transition area (about C4 and G4) as well as producing messa di voce (pp - ff- pp). The 
acoustic signal was recorded in a high-quality tape recorder. Physiological variables from a twin-channel 
electroglottograph (Rothenberg) and an intraoral pressure transducer were recorded in an FM recorder. In 
addition to the acoustic signal, the following curves were displayed in a Macintosh computer and an ink-writer: 
electroglottographic signal, vertical laryngeal position, and subglottal pressure (intraoral [pal-method). 
Measurements were mainly carried out in the computer by means of the Signalyze program. Our results show 
that singing with support (in comparison with singing without support) is characterised by longer maximal 
phonation time, lower vertical position of the larynx, higher subglottal pressure, steeper EGG slope during the 
closing phase of vocal fold movement and (especially in male subjects) larger level difference of Ll (first 
formant) and LO (fundamental frequency). Despite the intention of producing fully supported voice, the 
beginning and end of phonation often differ in the parameters measured. 

Introduction 
This paper is concerned with the physiological 
and acoustic characteristics of support in the 
singing voice. But what is support? One answer is 
that support is a sensation singers have. In fact, it 
is often claimed that a trained ear can hear 
whether someone is singing with support or 
without support. Thus, support is a sensation both 
singers and listeners can have. This sensation 
must somehow be described. Singing pedagogy 
mainly operates with the subjective sensations of 
the singer and the listener. 

In this study, we are interested in the objective 
physiological and acoustic variables that 
characterise support and lack of support in 
singing. When collecting material for our study, 
we have trusted the ability of professional singers 
to sing with support and without support. 

Procedure 
Nine professional singers, five female and four 
male, served as subjects. Their voice type ranged 
from soprano to baritone. Their age varied 
between 25 and 84. (The oldest subject has been 
registered in the Guinness Book of Records as the 
oldest singer who has given a concert.) 

The subjects were registered in a quiet room 
when singing /pal-syllables in upright position. 
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Microphone distance was 30 centimeters. The 
subjects produced syllable sequences at pitches 
above and below the register transition area 
(about C4 and G4). The subjects were instructed 
to produce the syllables first with support and 
then immediately after without support: (1) with 
attempted constant intensity and pitch, (2) with 
varying intensity (that is, messa di voce: from 
pianissimo to fortissimo to pianissimo), (3) with 
varying pitch, melodic figures from low to high to 
low, comprising one octave and a 5th. Thus, 
syllable sequences with or without support were 
produced both at a low pitch and at a high pitch in 
two conditions: maximal sustained phonation (1), 
messa di voce (2). The melodic figure (3) 
naturally varied in pitch. 

The following signals were registered: acoustic 
signal (AC) , electroglottographic (EGG) signal, 
vertical laryngeal position (VLP), and subglottal 
pressure (Ps). Physiological variables (EGG and 
VLP), pressure variation and the acoustic signal 
were registered in a Racal FM recorder. The 
acoustic signal was recorded with a Revox tape 
recorder together with the EGG signal (for 
comparison). EGG and VLP were also registered 
and monitored in a Macintosh computer (via a 
MacRecorder digitizer and the SoundEdit 



program). TIme alignment was accomplished 
manually with a magnet, which was applied to the 
FM tape. For measurements all registrations were 
transferred into a Macintosh computer. 

EGG and VLP signals were derived from a 
twin-channel electroglottograph, developed by 
Martin Rothenberg. The twin-channel 
electroglottograph has a linear relation within ± 
15 mm of larynx displacement, according to Pabst 
& Sundberg (1992). The "reciprocal" method 
described by Elliot, Sundberg & Gramming 
(1992) was used to calibrate the VLP 
measurements: the experimenter alternately slid 
the electrodes 5 mm up and down the neck while 
the subject was phonating at a constant pitch. In 
our material, maximum range of VLP variation 
within one subject was 14.5 mm during 
phonation. There are sti.11 some problems in 
calibration, as zero level may somewhat vary 
between subjects. Therefore, interindividual 
comparison of VLP in this study remains 
problematic. 

Subglottal pressure was calculated from 
measurements of intraoral pressure during the 
closed phase in [pal-syllables (Sundberg 1986). 
The pressure was calibrated at 0, 5, 10, 15 and 20 
centimeters water. 

The registered EGG signal is the average of 
the two transducers. The signals were transferred 
to SoundEdit, a signal editing program. In the 
program, signal display was extended in time by 
using maximum zoom. Thus, the EGG signals 
were standardized in time. From each signal (10 
tasks per subject), a sample of 1-3 pitch periods 
(depending on pitch) from the beginning, middle 
and end of each of the 10 tasks was chosen for 
further analysis. The samples were transferred to 
a drawing program to measure the steepness or 
slope of the closing phase of the vocal folds in 
degrees relative to the horizontal base line (see 
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Figure 1: Sample electroglottograms where 
steepness of closing phase relative to the 
horizontal base line is indicated with degrees 
(0° to 90°). 

Figure 1). Thus, a low degree would indicate a 
gentle slope (and apparently, a slow closing 
speed) and a high degree a steep slope (and a high 
closing speed). 

Acoustic measurements of the various [a]
vowels were made with Signalyze (Keller 1993). 
As the over-all intensity was not registered with a 
SPL meter in this study, only relative measures of 
spectral intensity are used. In measurements from 
average spectra (LTAS), the intensity level of the 
first fonnant (L1) was compared with that of the 
fundamental frequency (LO). 

Data have been described with common 
statistical measures such as medians and 
percentiles, arithmetic means and standard 
deviation. Statistical significance has been tested 
with Student's t-test 

Results 
We present results on vertical laryngeal position, 
on subglottal pressure, and on vocal fold 
movements as registered with electroglottograms. 
We also give preliminary data on the acoustics of 
supported and non-supported voices. However, we 
start with a simple measure, phonation time. 

Phonation time. Figure 2 shows the average 
duration of phonation for female and male 
subjects when singing with and without support. It 
can be seen that, on the whole, phonation time is 
longer when singing with support. 

Vertical Lruyngeal Position. Figure 3 shows 
relative vertical laryngeal position expressed as 
median and percentiles separately for females and 
males when singing with and without support. It 
can be seen that the larynx is higher in 
unsupported voice than in supported voice. The 
differences are rather small, but they are 
statistically highly significant 

We have also compared VLP within each 
subject when singing with and without support. In 
general, larynx was lower when singing with 
support. Out of 45 possible comparisons (9 
subjects and 5 tasks involving support or lack of 
support), 29 showed lower larynx for singing with 
support; these differences were statistically 
significant . 

Pressure. Figure 4 shows the results from 
intraoral (i.e. subglottal) pressure measurements 
for female and male subjects when singing with 
and without support. It can be seen that subglottal 
pressure is higher in supported voice both in 
female and male subjects. The difference is 
statistically highly significant 

Similar results emerge from comparing Ps for 
each subject when singing with and without 
support. In general, pressure is higher when 
singing with support. Out of 45 possible 
comparisons, 30 showed higher pressure when 
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Figure 2. Average duration of phonation separately for female and male subjects. The five 
tasks were the same in supported and unsupported singing. 
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Figure 3. Medians of vertical laryngeal position in supported and unsupponed voice (in 
millimeters) in all tasks separately for female and male subjects; rectangles cover 50 % and 
vertical segments 80 % of the variation. The asterisks indicate that the difference of the 
arithmetic means of supported and unsupponed voices is statistically highly significant 
(p ~ .001). 
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Figure 4. Medians of intraoral (i.e. subglottal) pressure in supported and unsupported voice 
(in cm H20) in all tasks separately for female and male subjects; rectangles cover 50 % and 
vertical segments 80 % of the variation. The asterisks indicate that the difference of the 
arithmetic means of supported and unsupported voices is statistically highly significant. 
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Figure 5. Medians of steepness measurements of the closing phase in EGG signals in 
supported and unsupported voice (in degrees) in all tasks separately fo,: female and Tnflle 
subjects; rectangles cover 50 % and vertical segments 80 % of the varzatzon. Three as~erzs~ 
indicate that the difference of the arithmetic means of supported and unsupported vOIces IS 

statistically highly significant, one asterisk that the difference is statistically almost 
significant (p s .05). 
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statistic all y significant 

EGG. Figure 5 compares the slopes during the 
closing phase of the vocal folds by means of 
degrees (from zero to 90 degrees, as explained 
above). It can be seen that the degree is greater 
(the slope steeper) in singing with support as 
compared to singing without support. Male 
singers show this tendency very clearly (the 
difference is statistically highly significant). 
Female singers have a similar tendency, which is 
statistically almost significant 

We have also compared the closing speed in 
the beginning and in the end of sustained 
phonation (produced with constant pitch and 
loudness). Generally the subjects show lower 
values in the end. Male subjects producing low 
supported voice are an exception: they have about 
equal closing speed in the beginning and in the 
end. 

Acoustic analysis. So far, acoustic analysis 
has been carried out only on sustained phonation 
both in low and high voice. Figure 6 compares the 
intensity level at the FI region (LI) to the 
intensity level of the fundamental frequency (LO). 
The data have been arranged according to sex and 
pitch. It can been seen that the level difference 
between the first formant and the fundamental is 
systematically greater in supported singing, even 
though none of the differences are statistically 

significant In other words, partials in the F1 area 
are stronger in relation to FO in supported voice 
than in unsupported voice (as supported voices 
have a more positive slope in Figure 6). Male 
subjects show this trend more clearly than female 
subjects. 

Discussion 
According to our results, singing with support is 
characterised by longer maximal phonation, lower 
vertical position of larynx, higher subglottal 
pressure, steeper EGG slope during closing phase 
of vocal fold movement and (especially in male 
subjects) larger LO-L1 level difference. Singing 
without support is characterised by shorter 
maximal phonation, higher vertical position of 
larynx, lower subglottal pressure, gentler EGG 
slope during closing phase of vocal fold 
movement and (especially in male subjects) a 
smaller LO-L1level difference. 

Of the physiological characteristics, higher 
subglottal pressure, lower vertical position of the 
larynx and, for female subjects, steeper closing 
slope in supported voice have also recently been 
reported by Griffin et al. (1993). Longer 
phonation time in supported voice may be an 
indication of vocal efficiency, which was reported 
by Griffin et al. to be a characteristic of supported 
voices. 

We have relied on the ability of professional 
singers to sing with support and without support. 
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Figure 6. Summary of LTAS measurements in 
supported and unsupported singing. Intensity 
levels at the FJ region (LJ) are compared to 
intensity levels of the fundamental frequency 
(La). Positive slope indicates that LJ is 
greater than La; negative slope the reverse. 
The data have been grouped according to sex 
and pitch. In supported singing the level 
difference LJ-LO is generally greater. This 
may be a combined result of higher 
subglottal pressure, differences in formant 
frequencies and in laryngeal adjustment. 

Above we have seen that there is much 
interindividual variation in our data. Variation 
may be due to several factors: (1) As the analysis 
procedure is rather complex, there may be errors 
in our data. (2) Female and male subjects may 
differ; as a whole, our results suggest that support 
in male singers may differ from that in female 
singers with respect to some of the physiological 
characteristics checked in this investigation. This 
observation is in line with the results of Griffin et 
al. (1993). (3) Much of the variation may be due 
to differing ideas that singers have of supported 
and unsupported voice (Hines 1983). It is true 
that support is a vague concept Nevertheless, 
given this vagueness in descriptions of support it 
is interesting to see the similarities between our 
results and those by Griffin et al. (1993). In order 
to define support more precisely, further research 
(including listening tests) is needed to determine 
the criteria used by singers and listeners in 
grouping voices to supported and unsupported 
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What can we learn from the acoustical study 
of choir singing? 
S Ternstrom 

Abstract 
A choir performing for an audience in a room can be seen as a complex acoustical system with many 
characteristic properties. Some of these properties are familiar from the study of other musical instruments and of 
performing ensembles of instrumental musicians. Other properties are peculiar to choir singing and raise new 
and interesting questions about voice production and auditory perception. These include voice usage, flutter and 
scatter in phonation frequency, and factors of room acoustics. 

The chorus effect 
Why would anyone take the trouble of training a 
large number of people, be they amateurs or 
professionals, to sing music Vlhich in essence 
could be sung by just a quartet? What is it about 
the choral sound that makes it worth the effort? 
"Ah," says one bachelor chorister, "it has little to 
do with the sound; the company is good, as is the 
coffee; you get to release a bit of pent-up emotion 
without embarrassing anyone, and with luck you 
can even fall in love with someone in the other 
row." "Oh," says a parish cantor, "I could never 
get a good quartet like that, but if you put enough 
people together, the average sound can be 
passable, and if you also hang robes on them, the 
visual effect too is unoffensive." 

Let's face it, without being cynical: choir 
singing is an art of averages, and of standard 
deviations. We in the audience are not supposed to 
hear individual voices in the choir, but rather a 
blend of voices. The blend will suffer if the voice 
of anyone singer is too loud, or too far off in 
pitch, or too bright in timbre, or has too much 
vibrato, or is produced at the wrong time. But 
some deviations are perfectly acceptable. The 
amateur choir singer, while inspired at making a 
contribution to the whole, is comforted by 
knowing that minor insufficiencies or even 
mistakes are likely to go unnoticed. In an elite 
choir the margin for acceptable deviations is much 
smaller; and sameness of voice quality appears to 
be desirable. Yet something interesting, something 
that tickles the ear, happens when several slightly 
different voices are singing together. This we call 
the chorus effect or ensemble effect. 

In 1983, Mark Dolson at CalTech worked on 
identifying the perceptual cues for the ensemble 
effect He synthesized violin ensembles by 
addition of partial tones, with independent 

modulation of their frequencies and of their 
amplitudes. He found that the most important cue 
for perception of the ensemble effect was an 
independent amplitude modulation of partial 
tones, while frequency modulation was much less 
effective. He also -noted that the amplitude 
modulations should be slow for the lower partials 
and proportionately more rapid for the higher 
partials. Such amplitude modulations always 
occur when several voices sing in unison. 
According to Dolson, then, it is not so much the 
voice flutter as such, that is, the small variations 
in voice fundamental frequency, that is perceived 
as the ensemble effect, but rather the resulting 
beating of partials. In consequence, although the 
partial tones of choir sounds are typically quite 
incoherent in phase, this incoherence in itself 
would not be the most salient perceptual property. 
Be that as it may, the fact remains that the 
independent and irregular amplitude modulation 
of partial tones that is typical of choral sound 
always originates from tones which at any given 
moment have slightly different frequencies and 
therefore cause beats. We are therefore interested 
in anything that causes deviations from the 
nominal frequency. 
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Frequency scatter 
A first question would be, how different are the 
fundamental frequencies of a group of singers 
singing in unison? In the 1960's, Lottennoser and 
Franz-Josef Meyer made very narrow-band 
spectra of recordings of choirs, and looked at the 
bandwidths of individual partials. They observed 
spectral smearing ranging from 3 to 30 cents. 
Others have found similar degrees of dispersion. 
With narrow-band spectra, however, the time 
resolution is poor. This makes it impossible to tell 
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Figure 1. An example of aflutter signal (a magnified Fo contour) of a sustained vowel sung by 
a choir singer. Note that the vertical axis can be scaled either in Hz deviation (left) or in cents 
(right); at these small amplitudes, the relationship between them is practically linear. 
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Figure 2. The spectrum of the signal in Figure 1. Note the flutter peak at about 4 Hz and also a 
jitter peak at 77 Hz (lh Fo). (From Ternstrom and Friberg, 1989) 

the difference between dispersion due to 
intonation disagreement on the one hand and to 
voice flutter and vibrato on the other. 

A more discriminating method would be to 
attach contact microphones to many singers and 
record them simultaneously on separate tracks of 
a multichannel tape recorder. Johan Sundberg and 
I actually did this with an amateur bass section 
(TemstrOm and Sundberg, 1988). When the 
intonation was judged to be acceptable, the scatter 
was 10-15 cents. But how can I be sure that the 
singers were singing nonnally, with a thing stuck 
to their neck and knowing that they were being 
recorded individually? And although 10-15 cents 
might be typical, how much scatter in intonation 
is tolerable, and how little would the choir leader 
prefer if a choice were given? Clearly, one cannot 
ask a choir to sing with a given amount of scatter 
and expect them to do it. To find out what people 
think about scatter, one must have a good 
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synthesizer of choir sounds, furnished with a 
scatter knob. 

The music synthesizer industry has devised 
various imitations of choral sounds. Usually this 
is done by adding several time-shifted copies of 
one sound to each other. Although the result can 
be interesting, the ones I have heard are not very 
choir-like, and when adding copies of one signal, 
you tend to get problems with hollow-sounding 
comb-filter effects. Sampling techniques, still very 
much in vouge, are particularly unsuitable for 
choral sounds, which are not periodic, and do not 
transpose well because of vowel pennutation. 

V oice flutter 
To improve our chances of getting the choir 
synthesis right, my colleague Anders Friberg and I 
spent some time looking at the properties of voice 
flutter (Temstrom and Friberg, 1989). Figures 1 
and 2 and sound example 1 illustrate a typical 



straight tone as sung by an amateur choir 
singer. We made measurements like this of three 
vowels sustained for eight seconds by eight 
individual singer subjects. The subjects were 
asked to sing in a choral mode, to avoid vibrato if 
possible. The flutter level, defined as the standard 
deviation in the FO contour over one tone, was 
typically 13 cent, with extreme values of 4 and 
25 cent The shape of the flutter spectra turned 
out to be consistent within subjects (across the 
three vowels) but different across subjects. This 
confinned the auditory impression that steadyness 
of the voice is a rather personal characteristic. 

Using the obtained spectrum envelopes for a 
model, we shaped noise and created flutter in 
synthesized voices, hoping that this would bring 
them to life. With a synthetic vowel, the effect 
was illusory enough that ten expert listeners were 
unable to tell the difference between real and 
synthetic flutter (sound example 2). But even with 
real flutter as taken from live singers, our 
synthetic voice did not sound quite natural. We 
still lack models for breathiness and jitter. 

In 1955, an audio engineer named Comerci 
noted that flutter in tape recordeJ;S is much easier 
to hear over a loudspeaker in a nOlmal room than 
it is over headphones; you can easily try this out 
in your own lab. In a room, the reflections act like 
multiple sources which interfere with each other, 
but over headphones, there are no reflections, and 
hence no beating. It follows that, when singers 
sing in a room, the room acoustics should have a 
strong bearing on the chorus effect Sound 
example 3 takes this to the extreme. You will hear 
four voices only, singing in a very reverberant 
room. I should add that they also use their voices 
in unusual ways. 

The flutter model allowed me to create fairly 
convincing syntheses of choral chords. Anned 
with this tool, I made a study into the preferred 
and tolerated levels of pitch scatter and fonnant 
smear in unison choir sounds (Ternst:r()m, 1992). 
But that is another story. 

Experimental pitfalls 
A choir singer is singing very much the same 
thing as other people around him, and he is also 
dependent on hearing both his own voice and the 
others. This gives rise to some tricky experimental 
problems. As an example, take the question of 
vowel articulation. Choir leaders often strive for 
unifonn vowel articulation, and so I wanted to see 
whether a group of singers actually modified their 
vowel articulation toward some group average. To 
this end, I wanted to measure the fonnant 
frequencies of choir singers as they perfonned in 
conditions that were reasonably realistic yet 
would isolate the voice of each subject. In the 

anechoic room, I had a choir basses perfonn a 
phrase in three ways: spoken, singing alone, and 
singing with a binaural recording made in their 
own bass section and presented over headphones. 
To compensate for the loss of feedback, I mounted 
a small microphone over their forehead and 
mixed its signal back into the headphones; and I 
honestly believe I had calibrated the sound 
pressure levels properly. The spoken and solo 
versions went fine, but when the rest of the choir 
came on, most of the subjects lost track of their 
own voice. Not only would they sing out of tune, 
but some would mispronounce the vowels, too 
(sound example 4). 

I now believe that the subjects quickly adapted 
to the unreal silence of the anechoic room, singing 
more softly than usual, and that they then were 
overwhelmed by the loudness of the choir, 
because it was realistic. (Incidentally, a 
mezzoforte inside a choir usually has a SPL of 
about 85 dB.) So in writing up the results, this 
third choir condition had to be omitted from the 
paper (Ternst:r()m and Sundberg, 1989). But it 
was interesting to find that, when you do not hear 
yourself, you may well sing out of tune, and you 
can even sing the wrong vowel. And this is not an 
uncommon situation, especially when the choir is 
performing with an orchestra. Perhaps it is just as 
well that we do not hear what individual choir 
singers actually sound like in such conditions. 
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Hearing oneself and the others 
The issue of hearing yourself in some suitable 
proportion to the rest of the choir is a really hot 
acoustical topic for choirs; because it is clearly 
very important to perfonnance, and because it is 
something that could be optimized if we knew 
enough about it. Let us define the self-to-other 
ratio, or SPL advantage, as the ratio in sound 
pressure between the sound of one's own voice 
(feedback) over that of the rest of the choir 
(reference). It turns out that this ratio is governed 
essentially by the room absorption and by the 
physical spacing between singers. 

To evaluate different rooms, it would be 
necessary to measure the SPL advantage as 
experienced by choir singers in actual 
perfonnance, and to relate this to the singers' 
subjective impressions of the room. But how does 
one measure the SPL of the feedback and the 
reference, two simultaneous and very similar 
sounds? Well, 'to find out what a singer hears, we 
have to measure at her ears.' The Sennheiser 
company used to make lightweight headsets with 
open binaural microphones (MKE 2002), that can 
be worn without impairing the voice or the 
hearing of the wearer. These give a very good 
recording of what a performing singer actually 



hears; only the bone-conducted feedback is 
missing. Simply ignoring the bone-conducted 
feedback should give us an estimate of the SPL 
advantage that may be a little conservative, but 
we shall accept this for the time being. Sound 
example 5 illustrates what an alto wearing these 
microphones hears as she sings, first with the 
choir, and then alone. 

Separation of feedback and reference 
Now, what happens if we simply add the left and 
right microphone signals together to make a mono 
signal? Well, the signal of the singer's own voice
let's call it Self - is the same in both channels, and 
the left and right signals are in phase, so Self will 
be 6 dB stronger in the sum. If the sound of the 
rest of the choir - let's call that Other - is largely 
different in the two channels, then Other will gain 
only 3 dB in the addition. In this way we have 
increased the self-ta-other ratio by 3 dB, and with 
a little luck, the SPL of the sum will be essentially 
that of the Self signal. 

And what happens if we subtract one signal 
from the other? Well, the Self signal, being the 
same in both channels, will be cancelled out, and 
we are left with a sound containing mostly the rest 
of the choir. And again, if the left and right 
channels are uncorrelated, the difference signal 
will also be 3 dB higher in level than the original. 
But the important thing is that we have created a 
signal which depends only on Other. 

In sound example 6 you can hear both the sum 
and difference signals, for both choir and solo 
conditions. Notice how in the difference signal the 
singer's voice sounds distant, even though the 
microphones are in her very ears. This means that 
the room reverberations are dominating the sound. 
You may also have noticed a tinny or hollow 
quality in the difference signal. This is because the 
subtraction of the left and right signals creates a 
comb-filter effect for sounds coming from the 
sides. The propagation delay between the ears 
causes selective cancellation at certain 
frequencies. Most fortunately, however, the first 
two of these frequencies are zero and about 1300 
Hz. This is lucky, because the average spectral 
peak of vowel sounds happens to be right in 
between, at 500 to 700 Hz. At those frequencies, 
half a wavelength is pretty much the same as the 
distance between the ears. This means that the 
sound of the rest of the choir, if it is coming from 
the sides, is going to be more out -of-phase than 
in-phase. (If it is coming from all directions, 
however, including above and below, one third 
contributes out-of-phase and two-thirds contribute 
in-phase. This might be the case in a very 
reverberant room.) So, the prospects for 
separating the Self signal from the Other signal in 

this way will depend on several things: the typical 
angle of incidence of Other, which is a function of 
the choir configuration and of the room acoustics, 
and on whether singers actually do sing at least 
loud enough to make the feedback and reference 
equal in level. 

I asked twelve choir singers to do what the alto 
here did (Ternstr6m, 1993). Figure 3 shows the 
SPL advantages I found when they sang with the 
choir. The average is about +4 dB, with extremes 
at +8 and +2 dB. When the singer wearing the 
microphones was silent, the value comes out at -4 
dB, which can be seen as a threshold of detection 
for this measurement of the Self level. So the 
method works, at least in this room and with this 
choir. 

When the singers sang alone (no reference 
signal), you might think that the SPL advantage 
should be infinite, but there are reflections from 
the room which in this case get lumped in with the 
reference. Figure 4 shows the "SPL advantages" 
obtained with solo voices in this room. The values 
are about 10 dB greater than with the choir. I 
think a conclusion we can draw here is that, when 
you sing in a choir, the room reflections of your 
own voice are completely masked by the choir. 
My current project concerns SPL advantage 
measurements to evaluate the stage acoustics of 
halls and also when singers are performing with 
amplification. 

With this brief exposure, I hope to have raised 
your curiosity a little about what goes on in choir 
acoustics. With its connections to singing voice 
analysis and synthesis, to room acoustics, 
perception and music theory, the field continues to 
offer many interesting questions for research. 
Swedes are very enthusiastic about choir singing, 
and so, in this country at least, there is a large 
base of customers for the results. 

Over the years, this work has been funded by 
the the Swedish Council for Research in the 
Humanities and Social Sciences (HSFR) , the 
Bank of Sweden Tercentenary Foundation (RJ), 
and the Swedish Natural Science Research 
Council (NFR), all of which are gratefully 
acknowledged. 
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Figure 4. The SPL advantages of the same singers as in Fig. 3, but now as individual voices, 
relative to room reverberation. 
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A pilot study of the spectra of sustained 
sung consonants 
G J Troup, S Djordjevic, H Bowe & J Long 

Abstract 
Spectra of sustained consonants (nasals m, n, ng, laterall, and semivowel r) sung at the pitches C4, E4, G4 and Cs 
by male and female choir and professional singers were analysed. 
Average frequencies for the first three formants of male and female singers were compared. For our sample, it can 
be seen that the first formant increases with the pitch for both male and female voices. The female first formant is 
always higher than the male one for nasals m, m, ng, at C4, and at E4 is lower for I, and at C4, E4 and Cs is lower 
for r. 
The second formant behaves differently. The male second formant decreases for all consonants, except for m 
where it slightly increases. The female second formant clearly increases for 1 and r, and is almost the same for 
nasals at about 1kHz. The male second formant is always higher than the female. 
The third male formant is almost constant for m, ng and I, while rising slightly for n and r, and is higher than the 
third female formant. 
Comparison between male and female formant is easiest for the first formant; the second formant for female 
singers, particularly sopranos, is more rarely present, while the third almost does not exist at the lower pitches and 
for unprofessional choir singers. 
The more training a singer has, the more the higher harmonics and formants become evident for the consonants, 
just as for the vowels. 

Introduction 
Why study the sustained sung consonants? 
(1) They are used in exercises for the training of 
the ' bel canto' singer. Trained singers and 
choristers often use these as 'warm up' exercises. 
(2) Certain singers use them deliberately as part 
of their technique -e.g. Nat 'King' Cole. Some 
vocal teachers advise sacrificing part (- 'i'2) of a 
vowel ' length' in order to use them, especially on 
a final note. (3) Some composers have used 
them with effect - e.g. Leoncavallo "Ridi, 
pagliaccio", see fig (1), and at least one modem 
Australian composer is using them in his 
compositions. (David Young, Duet for baroque 
flute and soprano). 

The neglect of sustained consonants in 
speech, because they occur so rarely, had ensured 
the neglect of their study in singing. 

Experimental Details 
The protocol: sing a major arpeggio on each of 
the sung consonants m, n, ng, 1, trilled r. Speak 
such words as rna-rna, na-na, la-la, hang-ar, ra-ra 
normally. 

The performances: were recorded on tape 
from an anechoic chamber, and the recordings 
were analysed in 2'i'2 s. segments by means of a 
Kay sonagraph. 
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The trained and untrained subjects, male and 
female, were mainly from the Monash University 
Choral Society. Ten male and ten female 
subjects, sopranos and basses (baritones) were 
used. 

Formant frequencies were estimated using 
the ' spectral peak' technique. 

Results 
Because of the restraints of brevity laid upon us, 
we can present only a few of our results, with the 
conclusions from all of them at the end. So we 
present selected results in the form of figures 
with captions. 

Figs. 5-9 show the average male and female 
formants for the sustained consonants mm, nn, 
ng, ll, and trilled r. The horizontal axis is 
frequency on the sung arpeggio: the vertical axis 
is frequency, for the formants. Female formants 
have the solid lines, male formants the dotted 
lines. 

Conclusions 
1. The sustained sung consonants when sung by 
a trained singer, have a formant structure, just as 
the vowels do. 
2. The richness of the higher harmonics, and 
hence the ability to detect the formants, increases 



with the training of the singer. 
3. Particularly for m and n, the intensity of 
spectral regions is seen to change as the 
fundamental frequency changes. Perhaps the 
resonances of the various sinuses are being 
traversed. 
4. The 'uncertainty' in the female formants on 
various arpeggio notes (only sopranos were used) 
may indicate a difference in the lower jaw 
position, or tongue position, or both. 
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Enrico Caruso: "Ah, ridi " 

... \"" - 4--·.·· .·--- · -t· -·······--·f-·----4-··----t-----·+ ·--·--~------+ .. -.-. ,._. 

Ah, r 1 

Figurel: Part of the sung musical phrase 'Ah! ridi pagliaccio' (Leoncavallo's opera '] 
Pagliacci'), from a Compact Disc 'recording' of Caruso. Note the clear formant structure of 
the 'rr'. Horizontal lines are 500Hz apart: vertical intervals (at top) are 1/10 second apart. 
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1-- - ---.----- ---- -- .. -- -.:.;-. -."-

Figure 2: 'Mama', 'nana' and 'hangar', as spoken by, top: a trained male voice (bass) ; 
bottom, an untrained soprano voice (female). Note the difficulty in clearly identifying the 
formant structure in speech, and the pre-articulation. Horizontal lines, 500Hz apart: vertical 
lines (top), 1/10 second apart. 
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Gordon. bass. trained [nnJ 
I 

hliffiiili.\jIn\illiif!~,iI ' iiiil\i\ 
_._1 .. ___ . ___________ . 

1111111111!lllllllllillllllllllllllmlll llllllll 

11, "01 , ,1I!IIIaU11' 

RB. bass [nn] 

\1a1 11"tllld,lthl 

Figure 3: The arpeggio sung on 'nn' by: top, a trained bass; bottom, an untrained bass. 
Note the lack of the higher harmonics in the untrained voice, and the higher harmonic 
components in the two higher arpeggio notes from the trained voice. Horizontal lines 500 Hz 
apart: vertical lines (top) 1/10 second apart. 
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soprano . professional. (mm] AM, soprano , profess i onal, (nn ) 

" ':--' . 

, : -:;C,' i .:'::"9f7·· '; t ·" 
,.., ..... . ...... ., . - ".. . "...:. ~, .... "' ....... , 

, soprano, choir [mml NC. soprano , choir [nn l 

-----------

t. soprano [mml CM. soprano [nn l 

AM, soprano. pro f essional, [nn) 

If, .,' . 
• 'iW 

__ __ ~___ _ .. .. .. , lit: · 
- .t: ~~ 

1iIIi!'{#1~. '. '~! tp" " ' 'it~ .... ~ ~ ... ~: . 

• h:-JILIII 

- - ,..-,.,. .. , 

~. ". -

NC. soprano . choir [nnl 

CM. soprano [nnl 

------_ .. __ ._---_._---. ..... . 

Figure 4: First column: 'mm' for 'soh' of the arpeggio sung by: top, a fully trained 
soprano; middle, a soprano "in training"; and bottom, an untrained soprano_ Second and 
third columns: 'soh' and high 'doh' of the arpeggio sung on 'nn', with the same vertical 
sequence as for the first column. Note the increase in the higher harmonics with training. 
Vertical lines 1110 second apart: horizontal lines, 1 kHz apart. 
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Register shift in the lower pitch range 
E Vilkman & P Alku 

Abstract 
The register shift between chest and falsetto register is generally studied in the higher than speaking pitch range. 
However, a similar difference can be produced at speaking pitch level, too. The shift from breathy "falsetto" 
phonation to normal chest voice phonation was studied using an excised larynx and in two healthy subjects (l 
female, 1 male). The vibrating excised larynx produced a register shift with low subglottal pressure at a 50-60 Hz 
fundamental frequency level. The change in phonatory quality could readily be heard as well as seen in the acoustic 
waveform and in the electroglottogram. The glottal waveform of phonations produced by the normal subjects 
gliding from "falsetto" to normal chest voice was analysed using inverse filtering and electroglottography. Both 
subjects were able to produce a clear register shift from soft falsetto phonation to soft chest voice. 

Introduction 
The terms chest and falsetto register have been 
traditionally used to describe two different 
modes of vocal fold vibration. The typical 
features of these registers were already described 
by Johannes MUller (1840) based on anatomical 
and physiological studies: in chest phonation the 
vocal folds are thick, the vibratory amplitude is 
large and the glottal closure is complete, whereas 
in falsetto the vocal folds are thin, only the vocal 
fold edges vibrate and the glottal closure is 
incomplete. This definition is appropriate for the 
present study. 

Using electroglottography (EGG) it has been 
observed that soft tones can be produced in two 
different ways corresponding to the description 
of the main registers above also in the low pitch 
range by males (Schutte and Seidner 1988). In 
other words the register transition between chest 
and falsetto voice is not restricted merely to the 
so-called register transition area (see Sonninen et 
al. 1992, for a review). 

The purpose of the present study was to 
examine the voice physiological characteristics 
of low pitch range register transition from 
"falsetto" to "chest" voice phonation of normal 
subjects. In addition, the data from an earlier 
study with excised larynges (Vilkman and Karma 
1989) was reanalysed in more detail in order to 
compare the observed register shift in the sound 
samples produced with a larynx preparate to the 
corresponding observations on living subjects. 

Material and methods 
Part 1. Specimen and experimental 
arrangements 
One vibrating male excised larynx was used in 
the study. The vertical tension of the vocal folds 
was changed by moving the hyoid bone in the 

vertical direction. The hyoid bone was lifted 
using a scale with a spring. The details of the 
experimental arrangements have been presented 
elsewhere (Vilkman and Karma 1989). 

Part II. Subjects and the task 
One female and one male subject without any 
known voice problems participated in the study. 
Both subjects were experienced choir singers. 

The subjects were instructed to produce a 
glide from a very soft and breathy phonation to a 
soft chest voice in their lower speaking pitch 
range by slightly increasing the effort. The aim 
was to maintain a constant pitch. The task was 
performed with the fa! and fref vowels. 
Recording samples 
In Part I of the study the recordings took place in 
laboratory conditions, in Part II the recordings 
took place in an anechoic room. A condenser 
microphone was used in both parts (part I: AKG 
C567E, Part II:B&K 4134) placed at a constant 
distance (10 em) from the hyoid bone (part I) or 
40 em from the lips (part II). The signals were 
recorded using an instrumentation recorder (part I 
Racal Thermionic; Part II: Teac RDlOlT). In 
Part I the electroglottograph (Frtlkjaer-Jensen 
Electroglottograph, cut-off frequency 30 Hz) 
signals were obtained with coin-shaped brass 
electrodes attached to the thyroid cartilage with 
screws and in Part II the electrodes were attached 
to a ribbon placed around the neck. In Part II the 
subjects produced calibration signals which were 
recorded together with announcement of the actual 
sound pressure level read from a sound level 
meter (B&K 2235). 
Data analysis 
The signals of Part I of the study were displayed 
on the screen of a computer (Macintosh Quadra 
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Figure 1: An abrupt register shift marked by an increase in the amplitude of the acoustic 
signal (acoust) as well as slight rise in the subglottal pressure (P) due to vertical changes in 
the laryngeal tissues of an excised larynx. 
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Figure 2: Register shift from chest to falsetto register phonation of an excised larynx marked 
by a sudden drop in the EGG amplitude. Increasing vocal fold contact is correlated with a 
downward inflection of the EGG signal. The chest phonation quality is diplohonic. a. general 
view,· b. detailed view. (acoust=acoustical signal, EGG=electroglottography, p=subglottal 
pressure). 
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950) using an AID converter (National 
Instruments NB-MIO-16-L) and a data 
processing environment (National Instruments 
LabView II). 

In Part II the acoustic signals and the EGG 
signals were transferred to a computer 
(Symbolics 3670) using an AID converter (Sony 
PCM-Fl). The inverse filtering of the acoustic 
signal was performed using the IAIF (Iterative 
Adaptive Inverse Filtering) method. The IAIF 
method has been described in detail elsewhere 
(Alku and Vilkman 1992). The DC-flow cannot 
be obtained with this method. However, in this 
study an amplitude scaling of the glottal flow 
was performed by adjusting the DC gain of the 
vocal tract model to unity. Hence, we got useful 
qualitative information on the behavior of the 
voice source, not only in the time domain but 
also in the amplitude domain. Short time average 
sound pressure level (SPL) was measured using a 
computer program (ISA). 

Results 
Part! 
When the hyoid bone was leaning upon the 
thyroid cartilage the ventricular and vocal folds 
were extremely folded. In many cases the 
ventricular folds tended to vibrate in this 
position. When the hyoid bone was lifted the 
epiglottis tilted ventrocranially, the vestibule of 
the larynx expanded, the ventricular folds 
abducted and, finally, the vocal folds also tended 
to abduct slightly. 

Figures 1. and 2. show examples of a register 
shift for an excised larynx. In these samples the 
FO level was 50-60 Hz. The shift was caused by 
changes in the vertical tension of the vocal folds. 
In Fig. 1. the hyoid bone is approaching the 
thyroid cartilage when the abrupt change in the 
phonatory quality from fa1setto type quality to 
chest phonation occurs. In Fig. 2. an opposite 
example can be seen in which the quality 
changes from chest-like to falsetto-like quality. 
The change in the EGG amplitude can readily be 
seen as well as the change in amplitude of the 
acoustic signal. Only slight changes in the 
sub glottal pressure can be observed. 

Part II 
Figures 3. and 4. show examples of a register 
shift from soft falsetto to soft chest register 
quality elicited by a slight increase in the 
phonatory effort of the two subjects. The female 
subject (Fig. 3.) shows a simultaneous increase 
in the vocal fold contact as can be seen from the 
EGG signal and a change in the phonatory 
quality as can be seen from the glottal flow 
waveform. In this case the chest voice phonation 

shows a clear closed phase i.e. a plateau in the 
flow minimum, which is not typical of a female 
voice. Also the asymmetry of the waveform, i.e. 
skewing to right, is clear in chest register on the 
right hand side of the figure. The SPL level 
increased from 60 dB in falsetto to 68 dB in 
chest register. 

The results for the male subject showed (Fig. 
4) a gradual increase in the vocal fold contact in 
terms of a increasing EGG amplitude before a 
change in the phonatory quality. The SPL 
increased from 58 dB in falsetto to 71 dB in 
chest register. 

Discussion 
In two earlier studies we made experiments using 
excised human larynges and an artificial 
supraglottal space. In those studies we could find 
some rather dramatic effects of acoustical
mechanical vocal source - vocal tract interaction 
on the vocal fold vibration (Laine and Vilkman 
1987, Vilkman et al. 1991). As to the influences 
of supra- and subglottal resonances on the glottal 
vibrations there is no doubt that such an 
interaction exists. However, as far as the control 
of registers is concerned Titze (1988) has stated: 
" ... an acoustic and a neuromuscular genesis of 
vocal registers could coexist". In the following 
discussion we shall concentrate on the 
biomechanical (neuromuscular) aspects. 
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In the first part of the present study we 
observed a register shift in a very low chest voice 
phonation of the larynx preparate. This finding is 
thought to be related to register control in living 
subjects and also to some other voice 
physiological experiments with cadaver material. 
In a study on vibrating excised larynges using an 
X-ray stroboscope and a pellet-tracking 
procedure it was noted that there were no closed 
phase in the lower surfaces of the vocal folds 
(Fukuda et al. 1983). Our findings on the register 
shift from a low breathy falsetto type of 
phonation to 'chest register phonation with 
increased folding of the vocal folds might be 
interpreted in terms of collision conditions 
between the vocal folds. In the absence of 
thyroarytenoid muscle activity the lower parts of 
the vocal folds remain in too lateral a position to 
make contact during vocal fold vibration and the 
collision is not strong enough to start the chest 
register phonation. Since Johannes MUller's 
(1840) studies a medial compression of the 
thyroid cartilage has been used to compensate for 
this register problem of excised larynges. Our 
results can be interpreted so that the increased 
folding of the vocal folds increases the mucosal 
thickness of the vocal folds and improves the 
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subject, vowel /a/, FO 180-190 Hz. The vocal fold contact seen as a peak in the EGG signal 
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flow waveform. a. general view; b. detailed view. 
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Figure 4: A register shift from soft falsetto-like quality to chest register phonation. Male 
subject, vowel /%/, FO 90-95 Hz. The vocal fold contact seen as a peak in the EGG signal 
(increasing vocal fold contact downwards) precedes the abrupt change in the glottal flow 
waveform. a. general view; b. detailed view. 
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glottal closure and makes the abrupt change in 
the vibratory mode possible. 

Sonninen (1968) has stressed the voice 
physiologic importance of the transsectional 
shape of the vocal folds related to different 
biomechanical events in the laryngeal region. For 
instance, a comparison of the rotation and the 
ventrodorsal gliding in the cricothyroid 
articulation showed interesting differences in 
terms of glottal resistance and regulation of 
register (Vilkman 1987). The present study 
suggests that vertical changes in the laryngeal 
tissues may also contribute to the determination 
of the trans sectional configuration of the vocal 
fold and thus to vocal registers. In addition, these 
findings are related to an acoustic study in which 
the high larynx position in singing was suggested 
to be a sign of phonatory tension (Sundberg and 
Askenfelt 1983). I.e. when the larynx rises it 
comes closer to the hyoid bone and causes 
increased folding in the laryngeal folds, as seen 
in swallowing, thus leading to tighter adduction 
of the vocal folds (c.f. Vilkman and Karma 
1989). The narrow laryngeal vestibule is also a 
typical sign of a hyperfunctional voice disorder 
seen daily in clinical practice. 

As compared to an EGG study on voice 
registers (Schutte and Seidner 1988) the 
waveforms for falsetto and chest register in the 
low pitch range of normal subjects were in 
principle very similar in our study (Part II) 
However, the analysis of the glottal flow 
waveform revealed that the start of the vocal fold 
contact indicated by sharp peaks in the EGG 
signal does not necessarily co-occur with the 
register transition. It can be stated that vocal fold 
contact is a necessary but not a sufficient 
condition for the shift from falsetto to chest voice 
phonation. 

As to the background of the primo passaggio 
of females and the secondo passaggio of males 
which lie in the same pitch area we have recently 
studied the characteristics of vocal fold length 
changes with pitch rise in singing. It was found 
that the vocal fold strain percent was of the same 
order of magnitude for female and male subjects 
in the common register shift area (Sonninen et al. 
1992). The register shift in this pitch area might, 
again, be explained on a biomechanical basis. 
The vertical thickness of the glottis reduces and 
the stiffness of the vocal fold mucosa increases 
with lengthening of the vocal folds (growing 
strain). The register break occurs when the 
mucosal stiffness grows and/or the 
thyroarytenoid muscle can no longer maintain the 
vertical thickness of the glottis. It has been 
reported that trained singers use shorter vocal 
folds or smaller strain for a given pitch than 

untrained subjects (Fink and Demarest 1978 
Sonninen et al. 1992). This might imply ~ 
tendency to avoid an excessive increase in 
stiffness leading to involuntary register break by 
the so-called covering of the voice (Sonninen et 
al. 1992) in the high pitch range. On the other 
hand the acoustic( -mechanical) feedback from 
the sub- and supraglottal space can also affect the 
conditions of the vocal fold collisions (c.f. Laine 
and Vilkman 1987, Vilkman et al. 1991). 

The breathy and soft voice quality of the 
lowest pitch range of female and male subjects 
forms a continuum with the highest falsetto 
range. The dynamic range of the low falsetto is 
very narrow while in the higher pitch area the 
falsetto can be very loud with a less breathy 
quality (c.f. Schutte and Seidner 1988). It seems 
to us that the register control can be basically 
interpreted III terms of biomechanical 
adjustments. 
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Session Synthesis of Singing 

This section contains articles describing the methods used for synthesizing the 
six singer voices in Gerald Bennett's composition "Limericks". Some 
methods are described only in terms of an abstract with references to more 
detailed presentations already published elsewhere. The piece had its creation 
mondiale at the final session of SMAC 93, performed by the lESS 
(International Ensemble of Synthesized Singers). 
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The MUSSE DIG singing synthesis, KTH 
Stockholm (Bass and Baritone) 
G Berndtsson & J Sundberg 

Both the bass and the baritone syntheses were 
made using the KTH synthesis equipment as, 
unfortunately, the baritone synthesis could not be 
realized as originally planned with the Chant 
synthesis at !RCAM. 

Singing synthesis has been a useful tool in our 
voice research at KTH (Sundberg, 1987). The 
first analog synthesizer MUSSE (MUsic and 
Singing Synthesis Equipment) was built in our 
department in 1976 (Larsson, 1976). The present 
version, MUSSE DIG, is a digital version of the 
MUSSE synthesizer. It combines experiences 
from the MUSSE synthesizer with those from the 
speech synthesis model in our department 
(Carlsson & al., 1990). 

The synthesizer is installed in a laptop 
computer and the real time computation of the 
sound is performed by a lMS 320C30 tloating
point signal processor. 

As shown in the functional overview in Figure 
1 there are two synthesis branches in MUSSE 
DIG, one for vowel sounds and one for 
consonants. A numerical model produces pulses, 
corresponding to the glottal pulses. These pulses 
are fed via a gain control to a chain of formant 
filters. In the present model there are 7 formant 
filters, the 2 highest with fixed frequency. The 
formant filters model the vocal tract resonances, 
shaping the spectrum to produce vowel sounds. 

Voice 
source 

Noise 
source 

The noise source, filtered with 2 noise filters, 
is used for producing certain consonants, such as 
fricatives. For aspirative sounds, noise can also be 
fed into the vowel branch. 

. The fundamental frequency can be modified by 
a sinew ave vibrato with variable rate and extent. 
It can also be modulated with a random signal 
simulating the flutter in real voices. 

Sten TernstrOm has devised a new model for 
the glottis pulse based on a phase-modulated sine 
wave, a method suggested by Peter Pabon. It 
contains two parameters, one controlling the 
spectrum slope and the other controlling the 
balance between the voice source fundamental 
partial and the overtones. These parameters can 
be continuously changed by rules during the 
performance. 

A total of 28 parameters are used to control 
the synthesizer. These parameters are updated 100 
times per second The MUSSE DIG synthesizer 
can either be controlled by performance and 
pronunciation rules or interactively (Carlsson & 
al., 1991). Individual synthesis control parameters 
can be changed manually from a control panel 00 

the computer screen as well as via MIDI devices, 
such as keyboards or the touch-sensitive 
Sentograph which Tamas Ungvary and Peter 
Lunden used in their electro-acoustic composition 
presented at a consert during SMAC 93. 

Noise filter 2 

Fig. 1. Block scheme of the MUSSE DIG singing synthesis. It has a vowel branch (upper) and 
africative branch (lower). The symbols F 1 - F7 correspond to formantfilters. 
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Score + Lyrics 

RULSYS 

DefInitions 

Performance 
rules 

MUSSEDIG 
Synthesizer 

Musical singing? 

Figure 2: Note-to tone conversion of the 
singing synthesis using rules. 

For obvious reasons, all these 28 parameters 
cannot be controlled in real time. Instead we use a 
rule system implemented in the RULSYS 
environment. This environment was developed for 
speech by Rolf Carlson and Bj5m Granstr5m, but 
has been adopted to musical applications (Carlson 
& al., 1975). The rule system consists of two 
parts. One contains definitions attributing 
frequency values, bandwidths and time c0-

ordinates for the fonnants plus various source 
parameters for each phonetic symbol occurring in 
the score file. These definitions reflect much of the 
personal voice characteristics. The second block 
contains context dependent rules for these same 
parameters plus rules for musical perfonnance 
developed over many years by Anders Friberg, 
Johan Sundberg and Lars Fryden (Sundberg, 
Friberg & Fryden, 1991; Friberg, 1991). These 
rules create crescendos, tempo and vibrato 
changes etc., depending on the musical context as 
defined in the score file. A more detailed 

description of the whole rule system will be 
published (Berndtsson & Sundberg, forthcoming). 

To synthesize a song, the lyrics and the notes 
are first typed into a score file to which chord 
symbols, phrase and subphrase markers also can 
be added. The lyrics is written in phonetical fonn. 
Then, this score file is processed by the rule 
system, which generates a file with all necessary 
control parameters. Finally, the parameter file is 
fed to the MUSSE DIG synthesizer, which 
computes the wavefonn of the sound, see Fig. 2 
(Sundberg, 1989). 

In the piece "Limericks" by Gerald Bennett we 
used different definitions for obtaining the vowel 
fonnant frequencies for the bass and the baritone 
voices. These frequencies were tuned on the basis 
of measurements on professional opera singers 
(Sundberg 1971). For the very high pitches in the 
bass voice a pitch dependent tuning of fonnant 
frequencies described by Sundberg (1975) was 
implemented into the context dependent rules so 
as to avoid the situation that the fundamental 
exceeds the first fonnant in frequency. In tuning 
fonnant frequency transitions during consonants, 
a parallel Sonagraph display of a real singer's and 
MUSSE DIG's renderings of the text were very 
helpful. Previously we have synthesized singing in 
Swedish and occasionally also Italian and Latin. 
As the text is written in a phonetic transcription in 
the score file, the difficulties associated with 
synthesizing French and English were rather 
small. 
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Temporal approach for synthesis of singing 
(Soprano J) 
T K Dan, B Mukherjee & A K Datta 

Abstract 
Synthesis of singing is considered as an extension of the prosodic control methodology applicable in a text-to
speech synthesis system developed using temporal approach [1]--[2]. The raw signal segments consisting of 
parts of a phoneme are used as basic elements taken from original speech signals. These are pre-processed 
using temporal techniques for standardization with respect to pitch and amplitude and to some extent timbre. 
The processor takes the three strings of information available in Indian musical transcription. These are the 
text of lyric (bandish), the rhythm (matra) and the relative musical notes (sargam). Along with it the sargam 
also provides the information on the duration of each note the mode of transition between consecutive notes 
such as glissando (meend). The synthesizer uses normal syntax analyzer used in the text-to-speech synthesizer 
referred to above for providing information about the elements to be used from the signal dictionary and the 
procedure for their treatment and concatenation. The prosodic information from matra string and the sargam 
string are taken together to compute the duration and pitch of vowels and other extensible sounds. Pitch is 
controlled by using a purely temporal technique. One or more S functions are used to simulate various types 
of meends. Finally a piece of Soprano-I for the ensemble is presented as an example of the qtiality of synthesis. 

1. Introduction 
Vocal song is heavily dependent on the three 
prosodics: Intonation, Duration and Intensity of 
the speech signal. Among these, intonation and 
duration play much more important roles than 
intensity. Any musical tone can be produced with 
an instrument by controlling only these two 
prosodics. In this work the attempt has been made 
to produce synthetic vocal song by controlling 
intonation and duration using pitch synchronous 
non-overlap add (PSNOLA) approach (vide 
section 2.3). 

2. Background 
The synthesis system consists of a segment 
dictionary and a set of synthesis rules. Input to 
the system is phonetic text. 

2.1. Segment dictionary 
The abstract categories of the segments are 1) 
partneme, 2) phoneme and 3) transition. By going 
hierarchically one step down, the finer classes of 
segments can be viewed as follows. 
1. CV transitions such that none of the phonemes 
C or V is nasal 
2. VC transitions such that none of the phonemes 
C or V is nasal and C is also not aspirated 
plosive/affiicate 
3. vv transitions such that none of the vowel 
phonemes is nasal 
4.Vowels (nasal or oral), nasal murmurs and 
lateral 
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5. Trills, aspiration and sibilants 
6. Plosions and affrications 
7. Voice bar 

The segments under these seven groups 
structurally are as follows. 
1. CV ~VOT (Voice Onset Time) upto the 
beginning of steady state of the vowel 
2. VC ~ end of the steady state of the vowel upto 
VOT (Voice Offset Time) 
3. vv ~ end of the steady state of the preceding 
vowel upto the 'beginning of steady state of the 
following vowel 
4. one Perceptual Pitch Period (PPP) (Fig. 1) 
5. complete consonantal pan of substantial 
duration 
6. release of plosion/affrication upto VOT 
7. one segment of largest possible duration 
(depending upon the informant) 
All these segments are collected after rigorous 
spectral analysis of the corpus with the help of the 
DSP Sona-Graph 5500. The amplitudes of all the 
segments and the fundamental frequency of all the 
voiced segments are normalized [1)-[2]. 

2.2. Text processing 
Input to the synthesis system is phonetic text. In 
this stage, the operations are carried out in three 
phases. 
Phase 1 The input text, in this phase, is treated as 
a stream of ASCII characters. Which is passed 



through a DFA (Detenninistic Finite Automata) for the token extraction. Valid tokens are either 
phonemes or the pauses such as '.', ',', '; I etc. 
Phase 2 In this phase, output of phase.1 (sequence of tokens) is transformed into a sequence of 
intermediate Speech Unit Codes (SUC) with the help of following production rules. 

Sl No Token sub-sequence Intermediate SUC sub- sequence 

1 C1 ,C2 ==> <I>,C2 (Consonant cluster) 

2 C.V ==> CV.v (CV syllable) 

3 V.C ==> VC.<I>.C (VC syllable) 

4 1;1. V2 ==> VI V2 .V2 (VV conjunction) 

5 C.P ==> P (Breath closure) 

6 P.C ==> <I>.C (Consonant after pause) 

7 V.P ==> V.P (Breath closure) 

8 P.V ==> V (Vowel after pause) 

where Ci , Vi, P, CV, VC and VV correspond to consonant, vowel, pause, consonant-vowel transition, 
vowel-consonant transition and vowel-vowel transition respectively. cD corresponds to either occlusion, 
voice bar or null according as the SUC following it is unvoiced plosive/affricate, voiced 
plosive/affricate or other consonant. 
Phase 3 In this phase, each of the intermediate SUC is transformed into final SUC with the help of the 
transformation r, called the replacement transformation, as follows. 

r(O) = O'such that 

1. n = ev/vc =} n' = CV/VC respectively, where C = /m/, /n/, /7]/ 
and respective C = /b/, /9./, / 9 / 

2. n = CV/VC/VV(orVV/VV) =? {1' = CV/VC/VV respectively, 

where V = /a/, r /, /6/, /fi/, /i/, /e/, /re/ and respective V = 

/a/, / /, /0/, /u/, /i/, /e/, /re/ 
3. n = VC h =? {1' = VC, where Ch is aspirated consonants and C is 

its unaspirated counterpart 

4. n = V =? {1' = V iff the last consonant preceding V is encountered 

to be nasal 

5. {1' = {1otherwise 
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p p pt...----,lI 

Figure 1: The signal between the vertical 
lines corresponds to a Perceptual Pitch 
Period (PPP). 

2.3. PSNOLA framework 
The PSNOLA synthesis scheme involves three 
steps as follows: an analysis of the original 
speech wavefonn to produce non--parametric 
representation of signal, modification brought to 
this intennediate representation and finally the 
synthesis of the modified signal. 

2.3 .1. Pitch synchronous analysis 
let x(n) be the digitized speech wavefonn. The 
intennediate representation of x(n) is a sequence 
of short-time (ST) signal xm(n), defined by 

Xm(n) = wen - em) x(n) (1) 

where wen) is a window of type yit) in equation 
(13). The window is set at epoch [3] em" where 
the length of w( n) is equal to synthesis pitch 
period. 

2.3.2. Pitch synchronous modification 
During pitch modification the stream of 
analysis ST-signals xm(n) is converted into 
modified stream of synthesis ST-signals xm(n) 
synchronized on a new set of epoch marks em. 
The algorithm works out a mapping f : em --7 em 
between synthesis and analysis epoch marks such 
that em --7 em-l equals the synthesis pitch period. 
The modified signal xm(n) is then given by 

Xm(n) = xm(n - 8m) = Xm(n + em - em) (2) 

where 

Since the length of the window is equal to 
synthesis pitch period the analysis ST -signal 
xm(n) and the synthesis ST-signal xm(n) are 
both zero outside the window duration, giving 
rise to a simplified non-overlap add scheme to 
obtain synthetic signal x(n), given by 

x(n) = l>~m(n) = 2: xm(n + em - em) (3) 
m m 

Pitch and time scale modifications are described 
in section.3. 

3. Synthesis of vocal song 
Since the aim of the present work is to control 
intonation and duration of the voiced segments, 
the next step is to trap successive 'VOiced 
COre's (VOCO) from the sequence of SUCs. A 
'Voiced Core' is defined to be the sub-sequence of 
SUCs such that all the codes are voiced (except 
voice bar and voiced fricatives). More precisely, a 
Voiced Core may contain V, CV, VC, VV, nasal 
munnur and lateral codes. For instance, the 
SUC sequence corresponding to the w<;lrd 'song' 
would look like /s/, /so/, /0/, /odI, /n!, /voice bar/, 
/g!. VOCO in this case will contain /so/, /0/, 
/od/, /n!. Another file contains the infOImation 
regarding frequencies and durations of each of 
the VOCO within braces 0 in nested manner as 
follows. A typical infonnation sequence in that 
file would look like 
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((f,d) ... (f,d) ......... ) 
~ VOCO injo.l--7 

(((f,d) .. (f,d)) (f,d) .... ) .... 
~ VOCO inJo.2--7 

where the pair (f,d) corresponds to either Vowel, 
Nasal munnur or Lateral (V-N-L) SUC, J and d 
are the desired frequency and duration infonnation 
related to a V-N-L SUC. If a V-N-L needs more 
than one frequency and duration infonnation then 
the (f,d) pairs are nested within braces 0 rather 
than one (f,d) pair. For instance, if the vowel SUC 
/0/ in the last example, needs two (f,d) 
infonnation and SUC /n! needs one such 
infonnation then the infonnation code 
corresponding to that VOCO would look like 

( (ifI,dl )(h,d2)) 

~/o/--7 



F2, - ... - - - - - .- ... - - - ... - - .- - ,~.~ .. :~,: .. :-:;.--

F 1 < F;2 ,/ ,// 

/ 
l 

" 

l 
/ ., 

........ 

F ~O,~( ---------------
1 

Figure 2: Two f junctions, where FJ and F2 are initial and targetfrequencies respectively. 

3.1. Duration calculation 
Let ((f1,d1)(f2,d2) .... (fN,dN» be an information 
code corresponding to a voeo and let M be the 
number of ev, ve or VV sue in the voeo. 
The Total duration D of all the ev, ve and VV 
sue in the voeo is then given by 

(4) 

where d/ 1 is the duration of the irh ev (or ve or 
VV) SUe. Corresponding to each pair (ji,dj) 

defined are three numbers ~, ~i and Yi as follows, 

D 
(5) (¥ . r(di - N)fil , 

f3i Ki + (¥i - Ii (6) 

Ii - 10 if (¥i + Ki > 10 (7) 

(¥i + Ki otherwise 

for i = 0,1, ..... N 

where 1(; = 0 or m2 according as (ji,dj ) is nested 
within the other pairs related to the same V-N-L 
or (ji,dj ) is the first among all the pairs related to 
the same V-N-L sue, where m is the number of 
PPP in the ve (or ev or VV) segment preceding 
(ji,dj).The number of PPP in the terminal ve 
segment (if exists) is added to the 1( value of the 
terminal pair lfN,dN). 

3.2 .Synthesis of intonation 
It should be observed that corresponding to each 
pair (ji,d;) in the information code for a voeo, 
related are a V-N-L sue, and three numbers ~, 
~i and Yi. In the first step, corresponding to each 
sue, a segment is selected from the dictionary 
and is concatenated to generate the unintonated 
signal. If the segment corresponds to a V -N -L 

su e then that segment is concatenated a times, 
where a E in {alo 0.2, ... , ON} is related to the V
N-L sue. Otherwise the segment is concatenated 
once. 

The generated signal segment is then processed 
for the introduction of the desired intonation as 
follows. At this point, the roles of ~'s and Yi'S are 
needed to be clarified. ~j is the number of PPPs, 
durations of each of which will be set equal to 
(lIt) and the next Yi number of PPP's durations 
will suffer changes for the transition from 
frequency t to frequency t +1, where ~j, Yio are 
related to the pair (ji,dj). (ji +1, dj +1) is the pair 
following (ji,dj ). To do this, the duration of each 

of the PPPs, from [ L~~~ (~j +Y j)+ 1 t upto 

[ L~~11 (~ j + Y j) + ~ j t, in the generated 

segment, is changed to (l1Ji). The durations of the 
next YiPPP are changed to (l/gp,j), for 
p= 0, 1, .. . Yi -1, where gpj is related by a f 
function (fig.2) as follows, 

Equation (8) is related to the frequency transition 
fromj; 1Oj;+l' 

To introduce slight fluctuations in the 
successive PPP's durations (which is reflected in 
the natural speech with almost steady fundamental 
frequency) a variation function Vet) is defined as 
follows, 

Vet) = 0.0005 sin (100 1t t) (9) 
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It should be noted that the frequency of the 
variation function Vet) is 50 Hz (a slow and small 
variation) and Vet) is measured in sec. Finally, if 
the ith PPP starts at ti th sec. and Fi be its 

frequency obtained by the previous manipulations, 
then the final duration of the ith PPP, Ti say, will 
be given by 

(10) 

3.3. Change ofPPP duration 
To change the perceptual pitch, the following 

technique has been incorporated. Let x(t) be the 
signal segment corresponding to a PPP, 0 ~ t < T. 
Corresponding to x(t) two functions hJt) and zJt) 
are defined over the interval [0,5T/2) as follows. 

hx(t) = 

(nT - t) 
- (2T(n _ 1) )x(t - mT), mT ~ t < nT 

where n > m 2: 1, m is integer 

o otherwise 

x(t),O~t<T 

o otherwise 

(11) 

(12) 

Another function yit) is the defined over [0,nT) 
as 

Yit) = hit) + zit) (13) 

Let F be the desired frequency to which the pitch 
is to be changed such that, 

1 
mT ~ F < nT,O < m < 1,n > 1 (14) 

To get the required signal segment corresponding 
to the PPP (with frequency F), the product 
function Yit)h(t) is considered over the interval 
[O,l/F), where h(t) is given by 

h(t) = l-tF ,09 < IIF 
a otherwise 

4. Conclusion 
The automated system is implemented on a IBM
PC/AT 386 without any special purpose hardware 
for signal processing. Sampling rate of the signal 

is 20480 Hz. The system produces natural quality 
singing voice. The major advantage of the present 
system is the time domain manipulation of the 
signal for the introduction of intonation. Which 
leads the system to be less complicated It should 
be noted that the frequency variation range (vide 
relations (14) and (15) in section 3.3) is chosen by 
setting the values of m and n. In generating the 
Soprano-I song the frequency range was varied up 
to 3.5 octave. Since the fundamental frequencies 
of all the voiced segments are nonnalized and 
each is set to a fixed value (known value), the 
PPP tracking in a generated signal segment for 
changing PPP durations becomes an easy task. To 
demonstrate the spectral behavior after the 
introduction of intonation, a spectrogram of a long 
segment of the vowel /a/ is shown in fig.3(a) and 
(b) corresponds to that of the same segment after 
being intonated by an J function. 

One of the limitations of the present system is 
that it does not have automatic control over the 
durations of plosive, affricate, aspiration, sibilant 
and trill. And therefore manual process is needed 
to alter their durations. Since the synthesis 
procedure is perfonned in the discrete domain . . ' 
attaining all analog frequencies within the desired 
range is not always possible. 
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Figure 3: 
(a) Spectrogram of a signal segment corresponding to the vowel tat with flat pitch. 
(b) Spectrogram of the same signal after being intonated by a J function. 
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A real time singing voice synthesizer (Alto) 
P Pabon 

Abstract 
The singing voice synthesizer described in this paper participates as the alto voice in the ensemble that performs 
the limerick composition for six artificial voices. The synthesizer runs in real time and is programmed on a 
Motorola 96002 Digital Signal Processor (DSP). It is part of the analyzer/synthesizer combination that is 
mentioned in the paper "The Phonetogram in singing voice analysis and synthesis" (see elsewhere in this 
volume). This article gives a brief description of the synthesizer part only. As a discussion of the complete 
synthesizer falls outside the scope of this paper, only a brief sketch of the synthesis is given, together with some 
special technical topics on features that are typical to our setup. 

The synthesis process in a nutshell 
Figure 1 in the paper "the phonetogram in voice 
analysis/synthesis" sketches, at the right hand 
side, the processing stages in the synthesis. Voice 
synthesis is basically a data expansion process. At 
the input, global control parameter values are sent 
from a host computer to the DSP synthesizer 
program. TIlis is done at a very low rate. The first 
stage of the synthesis process involves a stepwise 
interpolation of these global values over a much 
finer grid. 1bis increases the data flow. The final 
step in the data expansion process involves the 
actual synthesis of the time signal from the dense 
grid of interpolated (period linked) parameter 
values. At the output, a sampled data series is 
produced at a rate of 50000 samples per second. 

The synthesis method used, is basically a 
source-filter setup (Fant 1960). The filter is 
realized as a formant filter with eighth resonances. 
1bis filter is controlled using parameters defined 
in the frequency domain. The source pulse is 
shaped using a four parameter functional model 
that operates strictly on a period-by-period base. 

High level (global) parameter control 
The rate at which the global parameter settings 
are sent to the DSP is made variable. The 
interpolation (smoothing) in between is left to the 
DSP. So, the host control can be realized with 
simple contour settings. Apart from the setting of 
a new contour target value for a parameter, an 
optional associated parameter can be specified 
that changes the integration time/cutoff frequency 
of the smoothing filter. Due to this setup, the 
parameter control can be done with a variable 
resolution. If a more detailed parameter variation 
is to be produced this is realized by increasing the 
response time and sending a more dense 
description of the desired pattem 
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As mentioned before, the synthesis process is 
controlled by sending parameters from a driving 
program located at the host computer. This 
driving program accepts a very flexible data 
format. In fact the driving program is a parsing 
program that runs at the background of a common 
text editor window. Some "hot keys" are reserved 
to start and stop the parsing and thus the 
synthesis. This setup makes it very easy to 
experiment with parameter settings. All standard 
text editor operations like copying, merging etc. 
can be used to operate on parameter groups, and 
thus on the sound objects they represent. At the 
same time the results can be listened to while still 
residing in the text editor. 

Finding the parameters 
Having a synthesizer that can respond to a 
complex varying parameter setting is one thing, 
finding the correct control parameter settings is 
definitely another thing. As there was no access to 
a rule system for generating complex time varying 
parameter trajectories, a synthesis-by-analysis 
approach had to be used. 

Unfortunately, the pitch synchronous analyzer 
unit was not completed by the time the synthesis 
had to be finished. Therefore, a simple spectrum 
analyzer was implemented using straightforward 
factory supplied FFT code. To allow a clearer 
view on the formant trajectories, a smoothed log 
spectrum was displayed 1bis smoothed log 
spectrum was obtained by low pass cepstrum 
liftering. Although these cepstral manipulations 
involved a lot of extra processing, the additional 
code could still run simultaneously with the 
synthesizer at the 50 kHz sampling rate, without 
overloading the M96002 processor. 

The spectrum analyzer was incorporated in the 



above mentioned editor/parser combination. This 
provided an option for real-time visual analysis of 
the formant trajectories of the synthesis, or when 
using microphone input, the formant trajectory of 
a natural voice. Both the spectra of the synthesizer 
and the natural voice could be displayed in 
separate windows to allow a comparison of 
formant spectra without leaving the 
parameter/text editor. The recognition of the 
formant patterns and the translation to parameter 
values was done manually. The resulting trial and 
error parameter matching approach proved to be 
extremely time consuming and tedious. The 
limitations in time and persistence left their trace 
in the alto synthesis. "Her" voice is still precise at 
the beginning, but her performance gradually 
degrades to an inarticulate vocalization when she 
approaches the end of her limerick. 

"th akin f " em go ..... 
An amateur alto (the author's wife) was asked to 
sing the desired score several times. Using the 
spectral analyzer, an estimate was made of her 
higher formant frequencies (F4 to FS). In general, 
the higher formant setting largely detennines the 
tract contribution to the voice qUality. To model a 
"familiar" alto quality, the values for F4 to FS 
were used as preset values for the (re)synthesis. 
These values were kept constant over the complete 
piece. 

In the hope of achieving a choir in perfect 
synchrony, the composer together with the SMAC 
committee provided a list of time instances that 
measured all note onsets on a millisecond scale. 
According to this timing list for the alto voice, an 
"articulatory backbone" was created. This file 
(that could already be played) sketched the 
prototype pitch, level and lower formant settings 
for the prescribed notes and syllables. Next, sound 
level boundaries were adjusted to match the voice 
onsets and the breathing that were found in the 
natural voice example. According to these overall 
level settings and the pitch, the values for the two 
source parameters, closing rate (CF) and open 
quotient (OQ) were set. A female norm
phonetogram was used as a guideline to find 
target levels for the two parameters just 
mentioned. This was done according to the 
method described in the accompanying paper 
(pabon SMAC 93). To simulate natural on- and 
offsets with a hysteresis, the response times for 
these two source parameters were adjusted to get 
fast attacks and slow decays for each voicing. At 
this stage the synthesis had the status of a 
vocalise, a singing exercise without words. 

To improve on articulation, that is, to add 
consonants, time varying parameter values for the 
lower formants had to be implemented. This 
proved to be a very critical job where phonetic 
theory provided little relief. First, a basic pattern 
was established by inspecting the spectrograms of 
the natural sung alto example. This basic pattern 
often showed structures that were complementary 
to the spoken utterance. In many cases no clear 
formants could be traced. In these uncertain cases 
a "best guess" was tried and settiri.gs were 
improved by trial and error. 

The synthesizer had no special arrangements to 
model fricatives, so the perturbation parameters 
for the source signal were used to simulate their 
features. In the same way the amplitude vibrato 
was (ab)used to model trills. Apart from the 
difficulties, it was surprising how a restricted tract 
model with no special arrangements for consonant 
synthesis could be tuned to provide an acceptable 
perceptual match for most sung phonemes. 

Variable frame-length processing 
The task of an operating system is to direct the 
distribution of processes and the transfer of data 
on a chip, in this case the M96002. Its functioning 
is merely a technical detail which seems 
unimportant in the scope of this paper. However, 
as the operating system dynamically arranges the 
data-flow for the modelling, specific choices 
within its design can make or break the acoustical 
quality that can be achieved with the system. 

A very critical design choice is the adaptation 
to variable frame-length processing or to its 
antagonist: fixed-frame processing. Fixed-frame is 
the usual choice if large series of sampled data are 
handled, Within each block or frame, the 
parameter settings are constant. Dynamic 
variations are realized by smoothly varying the 
parameter settings from frame to frame. So, if the 
pitch goes up, it will go up stepwise from frame to 
frame. By taking frames that are short enough, 
our perception is fooled and we accept the 
stepwise variation as an unbroken continuum. 

The benefit of using fixed-size blocks or 
frames is of course that settings change only once 
every frame. So, there is a large gain in 
processing time, while the coding remains 
straightforward and transparent. Almost all real 
time synthesis and analysis systems operate in this 
way and a large variety of acoustical qualities are 
sufficiently modelled. However, problems arise 
when it comes to modelling specific pitch period
coupled quality features. 

The internal bondage of source pulse 
parameters within the fundamental period is 
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Figure 1: Second-order filter and first-order complex filter flow graph. Although the first order 
scheme seems more simple, the complex number implementation is numerically more elaborate. 

considered a very subtle sound characteristic. The 
pitch synchronous perturbation of this parameter 
assembly is linked to perceptual qualities like 
hoarseness and breathiness (Hermes 1991). It is 
an acoustical fine structure. For the blending of 
perturbation and noise attributes into one percept, 
a pitch-synchronous parameter updating is 
obligatory. If the perturbation is done out of phase 
with FO, as in case of fixed-frame processing, it 
can lead to a complete d~tachment of the 
attributes. The same argument holds for the 
analysis. The pitch-synchronous evaluation of 
waveform or spectral features can reveal qualities 
that would never be recognized as separate 
dimensions in case of fixed-frame processing. So, 
the concept of pitch-synchronous modelling 
affects all stages of the synthesis and analysis 
system. By supporting the option of a dynamic 
variable frame length processing, a whole group 
of perturbation/noise qualities is made accessible 
to modelling, research and manipulation. 

As mentioned before, the first stage of the 
synthesis involved the stepwise interpolation of 
the global parameter setting into a finer grid. In 
our setup, the spacing of this grid (the frame 
length) is a dynamic variable. To make things 
even more complex, the frame length is different 
for the parameters associated with the voice 
source and the parameters associated with the 
filter. All parameters defining the source signal 
are updated synchronously with the pitch period, 
while the updating of all filter-linked parameters 
is set to a user programmable (fixed) rate. So, the 
highest resolution in the source parameter outline 
depends on its smallest unit, the period duration. 
This implies that the smoothing of FO (a source 
parameter) is linked to the FO! The results is a 
very tricky iterate process. Each new period 
introduces a new frame length, and thus a new 
time base for the interpolation. To keep the 
smoothing curve continuous, the coefficients of 
the smoothing filter are to be re-configured to 
match the new time division. Next, this new 
smoothing filter setting is used to interpolate the 
source parameters to the next period and so on. 

Formant filter 
A typical DSP implementation of a formant filter 
is that of a set of second order IIR bandfilter 
netwoIks that process the flow waveform. TIrls 
filter is usually followed by a FIR filter to correct 
the spectral roll-off due to flow to pressure 
conversion and due to lip radiation. 

In our setup a variation on this scheme is used. 
For reasons explained later, the chain of 
resonance filters is modelled using complex 
number calculus, rather then real number 
calculus, as is usual in DSP implementations. 
Theoretically, there is no fundamental difference 
between the two setups, the input/output relations 
are exactly the same for both real number and 
complex number realizations. 

A second-order IIR filter needs two 
multiplications (mpys) and two additions (adds), 
while a first -order complex IIR filter needs ore 
complex number multiplication (four real mpys & 
two real adds) and one complex number addition 
(two real adds). The last version seems 
numerically the less profitable due to the double 
number of mpys & adds, but as the 96000 
processor is specially designed for parallel 
processing in complex number calculus, the two 
realizations need approximately the same number 
of instructions. 
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There are technical advantages in using this 
complex number realization, especially when it 
comes to updating coefficients for a time-varying 
filtering. The first -order complex realization is 
more stable with rapid coefficient variations. Due 
to the single delay, the bandwidth is only first
order in the coefficients. This allows an easy 
dynamic variation (per sample) of the bandwidth 
(with for instance the normalized flow function). 
This simulates the coupling between filter and 
tract. In our setup a parameter is introduced that 
controls the overall damping. This allows a 
smooth, dynamic on and off switching of the 
formant filter to inspect the flow waveform, or a 
simulation of overall damping variations as 
produced by articulatory gestures like mouth 
opening/closing. 



Figure 2: A raised cosine function: f(n)=05.[l-cos(2.pi.nlN)] 

There is an additional advantage in having a 
double (real and imaginary) output signal. Both 
flow and a 90 degrees phase-shifted version (as a 
flow derivative) are present. When sent to the 
X/Y channels of the oscilloscope, a phase plane 
plot is produced. This plot is a valuable tool to 
study the phase interactions of voice source 
signal features with that of the resonator. 

Source model 
The main design consideration in developing a 
real time source model is that it should be able to 
model in detail at least four basic features of the 
flow wavefonn: (1) the period duration, (2) an 
open/closed fraction, (3) a closing transient, and 
(4) the peak flow level. The LF model (Fant, 
Liljencrants & Lin 1985) that theorizes these 
features, is well supported by research, is broadly 
used, and thus seems the obvious choice. 
However, for a number of reasons this model is 
not implemented. The LF model includes a rather 
complex translation when going from high level 
flow parameters to the parameters that control the 
functional evaluation at the DSP. For a real-time 
implementation this complexity could be 
acceptable, as there was not that principle 
inaccuracy in the model coming from the need of 
adjusting the closing instant to integer sample 
boundaries. The nominal jitter resulting from this 
adjustment is usually no problem for the low FO 
values found in speech synthesis. However, for 
the higher pitched singing voices, even with the 
high sampling rate of 50 kHz, this jitter produces 
a veiled sound quality that covers the synthetic 
voice. The strict LF paradigm inhibits the 
uncovering of the sample boundary adjustment as 
an obstruction to a better quality. However, it 
should be noted that a model that lacks this 
irregularity can achieve a clearness or brightness 
that is unexpected for a mechanical voice. 

For these reasons, a special model is used that 
has a conceptual overlap with the LF model, but 
is more adapted to a DSP implementation of 
singing voice synthesis. The basic wavefonn from 
which we start is the so called "raised cosine 
function", that is comparable to a hamming
window function (see figure 2). 
This raised cosine is also the basic building block 
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Figure 3: Flow pulse shaping by phase 
modulation. Two succeeding flow pulses are 
given. The four parameters that describe the 
waveform are (1) the period duration (TO), 
(2) the open quotient (OQ), (3) the closing 
rate (FC), and (4) the peak flow level (W). 
In the overall design of the synthesizer, the 
fundamental period is taken as the smallest 
information unit over which all source 
parameters are invariant. So, for each 
consecutive period a new group of four 
parameters can be identified. 

of the VOSIM model presented by Tempelaars 
(1977), and Kaegi & Tempelaars (1978). All 
basic variations of the flow pulse are 
accomplished by clever adjusting the numerical 
evaluation of this function. By modulating the 
phase increment (instantaneous frequency) of the 
cosine, a local speeding up or delaying of the time 
scale is accomplished So, a prolongation of the 
closed phase (sticking to the baseline) is realized 
by temporarily slowing down or even freezing the 
phase increment. A skewing of the flow pulse or a 



sharpening around the down going (closing) ramp 
in the wave, is realized by temporarily speeding 
up the phase increment (see figure 3). 

The use of a balanced slowing down or speeding 
up of the phase increment provides a smooth 
synthesis continuum. 1his continuum ranges from 
a basic sine wave with DC offset (linear phase 
increment as in figure 2) up to a complex flow 
pulse as in figure 3, with both closed fraction and 
closing transient as variable features. 

The trick of altering the raised cosine function 
for flow pulse modelling was originally 
implemented in an early version on a fixed point 
DSP; the 1MS 32010. 1his synthesizer already 
demonstrated the suitability of the model for 
testing/calibrating source effects in voice analysis 
systems (De Krom 1993, Pabon 1991). 

There are a number of advantages in using 
this scheme. The setup allows a precise 
positioning of the instant of fastest closure 
without the need of sticking to sample boundaries 
as with the LF model. It also allows a precise and 

independent control of the maximum closure 
speed, e.g. the transient character and thus the 
spectral slope. Furthermore, The basic function 
from which we start is the same for all periods, so 
the calculation time per sample is merely 
constant. Due to the "zero-flat" connections, there 
is no warping at the end points so the continuity 
is guaranteed at period boundaries. Due to the 
availability of very fast (within the microsecond) 
Taylor series approximation of the cosine 
function on a DSP (an idea first proposed by 
Mehrgardt in 1984 for the 1MS32010 chip), 
there is no need for any pre-calculation or 
sampling from a wavetable. Not only the 
accuracy will be much better with series 
evaluation, also the model becomes much more 
flexible for complex period-to-period variation of 
successive source pulses (as displayed in figure 
3). 

DSP implementation 
In practice, delaying of the phase increment (for 
shaping the closed interval) is relatively easy. It 
only asks for a very precise bookkeeping, as 
small phase corrections are needed to avoid jitter 
when the delay measures fractions of a sample. 

The coding of an additional phase-increment 
value for the closing ramp is more complex. To 
set this extra phase increment in action only 
during the downward/closing ramp of the raised 
cosine, a special trick is used. As any sudden 
altering of the instantaneous frequency would 
generate a sudden break in the waveform, a 

smooth weighting function is used to fade the 
extra pt.ms~ increment in and out during clOSing. 
The weIghtIng function used, is a derivative, and 
has the fonn of sine function. Actually, it is 
acquired by tapping at the pre-final stage of the 
taylor series evaluation for the raised cosine, so 
no extra function has to evaluated numerically. 

The overall effect is a weighting function that 
has maximum effect halfway down the closure 
ramp. In this way the speeding up of closure is 
controlled by the closure speed, an idea close to 
physiology. Due to the positioning of the 
maximum increment (speed) halfway the 
downward ramp, the extra phase increment will 
~gain be reduced near the bottom of the ramp, the 
Instant of complete closure. So, there will be no 
nick at the bottom line, and no overshoot. 

The above scheme for closing speed control 
resemblances that of a Frequency Modulation 
(PM) synthesis with carrier and modulator having 
the same frequency. In our model, the phase 

positioning of the two signals (raised) cosine and 
sine (modulator), and the bondage within the 
same series evaluation, guarantee a stable 
skewing of the flow pulse over a large control 
range. This linked evaluation of carrier and 
modulator (no feedback) is important, as it 
protects from the sudden switching to chaotic 
behavior as found with the recursive schemes that 
are typical for commercial FM synthesizers (see 
figure 4). 

In these settings, increased feedback (modulator) 
values (right hand side of figure 4) may result in 
a sudden, unpredictable manifestation of chaotic 
behavior (bifurcation) that shows up around the 
weakest sloping part of the fundamental period. 
This extra sidestep to FM is included to report on 
an important observation, namely, that the type of 
noise associated with this chaotic process, 
provides a source signal with a very natural 
breathy qUality. Nonetheless, the choice is made 
not to use such a recursive FM scheme. For 
calibration a stable control range for the slope 
parameter is obligatory. An external source is 
utilized to implement this noise feature in a 
predictable manner. 

So, apart from the four parameter flow model, 
there runs an additional three parameter "noise 
burst" model. 1his noise burst model is phase 
locked to the flow pulse and is implemented for 
breathy voice imitation. The three "burst" 
parameters control the following features: (1) the 
starting point within the fundamental period (TO), 
(2) the relative length as a fraction of TO and (3) 
the level of the noise burst. The last feature, the 
noise level, can be controlled as an absolute 
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Figur~ 4, Flow pulse (top) and fl?w derivative (bottom) modelling using a recursive FM 
algonth'!l. Formulas used: x(n)::=sm(j.n+I.x(n-1)) (top) and y(n)=cos(j.n-I.x(n-1)) (bottom). 
The vanable f controls thl: carner frequency. The modulation index 1 controls the feedback. 
1=1.~ (left) a.n:J 1=1.3 (nght) . .The strong irregularities at the beginnings are due to the 
startmg condmons of the recurSlve algorithm. 

parameter or can be coupled to one of the 
(transient) flow pulse parameters. No extra 
precautions are made to smooth the envelope of 
this noise burst. 

Hardware 
In our setup, synthesis and analysis always run at 
the same time using a sampling rate of 50 kHz. 
The DSP, a Motorola 960002, is situated on a 
Loughborough DSP plug-in board for an IBM 
PC compatible. This PC, actually a 486 DX2 
notebook, acts as the host computer that drives 
the synthesis process. The communication 
between the two computers is realized via a block 
of shared memory. The parameters of the analysis 
and the parameters of the synthesis are located in 
this memory block. This allows a direct, 
transparent use of the parameter settings by both 
processors. 

DSP Benchmarks 
The overall source signal generator, including the 
noise burst synthesis, is done in less then 4 micro 
seconds per sample. The cascade of 8 formant 
filters takes an extra of about 2 micro seconds 
per sample. With a sampling rate of 50 kHz (20 
micro seconds per sample) the complete synthesis 
chain brings in a constant load of around 12 % of 
the processing time. This figure exaggerates the 
actual compactness of the code. It only represents 
the fixed loading. At least the same amount of 
time is needed for preprocessing, translation and 
smoothing of the global control parameters. Due 
to the pitch-synchronous data handling, the draft 
of processing time by this last process will 
increase with FO. At an FO of around 2500 Hz 
the synthesizer loads the processor to ca. 50%. 
As the analyzer shows a comparable pitch
dependent loading, the coupling of analyzer and 
synthesizer results in an overload of processor 
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capacity around a PO of 2 kHz. 
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New control strategies for the Singer Articulatory 
Voice Synthesis system (Soprano II) 
P R Cook 

Abstract 
New means for generating Singer control files, 
and for interpolating articulatory parameters 
have been created. Singer is a software singing 
voice synthesis system based on an articulatory 
model of the human vocal tract and has 
traditionally taken as input a text file specifying 
articulatory targets, noise and glottal amplitudes, 
glottal frequency (either in Hz. or as a musical 
note name), vibrato amount, and a transition 
time. Such specifications are in the form of ANSI 
C function calls, and as such can be imbedded in, 
or include any other ANSI C constructs. The 
need for explicit transition time specifications has 
been eliminated by modifying the synthesis model 
so that each articulator includes inertial 
simulation. Each articulator proceeds to its target 
according to a trajectory determined by a target 
position specification and a time constant. Time 

constants can be changed at any time, but quite 
natural transitions are achieved using physically 
meaningful constant values. The control stream is 
easily reduced by a factor of 3 without 
degradation in synthesis quality. Language 
systems for generating Singer files include 
Ecclesiastical Latin and Greek, with provisions 
for note and duration control directly in the text 
stream. Arbitrary tuning system support is 
provided. A detailed description of the system 
can be found in Cook (1993) 
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The Iowa singing synthesis (Tenor) 
I Titze & B Story 

Abstract 
1be synthesis technique is based on acoustic, 
kinematic and biomechanic vocal fold modeling 
(Titze, 1984) combined with articulatory 
modeling of the vocal tract (Liljencrants, 1985). 
Fourtyfour sections of cylindrical tubes are 
used to model the pharynx-mouth combination 
Nasal and subglottal tracts are also included. 
The synthesizer, often embodied as Pavarobotti, 
has given a number of performances around 
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the world smgmg Nessun Dorma from 
Turandot by Puccini, with its inventor. 
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Observations on the transient components 
of the piano tone 
A Askenfelt 

Abstract 
The onset of the piano tone shows interesting characteristics due to several effects. At the very beginning of a 
note, a variety of transients are mixed, some of which are propagated via the strings, and others via the structure 
of the instrument. The details of the structure-born transients in a grand piano were studied by removing the 
strings for a note in the mid range and letting the hammer strike a dummy mass. It was found that structure
born transients occur at the bridge both before and after that the first transversal wave on the string has arrived 
("precursors" and "postcursors," respectively). The precursors are affected by the way the key is depressed, and 
may thus be connected with the pianist's "touch." Both pre- and postcursors include strong components 
originating from resonances in the key and keybed. 

Introduction 
As well known, the piano tone contains a 
characteristic attack component, which is mixed 
with the sound of the string vibrations. When 
separating the two by using a detector for the 
string motion, and a microphone for the total 
radiated sound, respectively, the "attack-thump" 
can be clearly heard (SOUND EXAMPLE 1). This 
acoustic signature of the piano has caused 
problems when synthesizing piano tones by 
physical modeling (Chaigne & Askenfelt, 1992), 
which motivated a closer look at the origin of 
these attack components. After doing so, we may 
understand clearer than before why the 
commercial synthesiser manufacturers still rely 
on the sampling technique for producing 
realistic piano sounds. 

The attack-components are due to the 
percussive-like excitation mechanism, which 
excite resonances in different parts of the piano, 
the most prominent being the sound board, 
keybed, and rim. The excitation force can be 
transmitted via two major paths. 
(1) S1RING. The blow of the hammer on the 
string is transmitted almost instantly to the 
bridge and soundboard by longitudinal string 
propagation. (We can notice that the thump, 
which is missing in the string signal, is clearly 
present in the bridge vibrations, as illustrated in 
SOUND EXAMPLE 2). 
(2) STRUCfURE. The accelerating force on the 
key, and later, the reaction force on the 
hammer at the blow, followed by the retardation 
force when the hammer is checked, are all 
transmitted down into the keybed and further to 
the rim and other parts of the structure. 

""MY T (j) ~ 'OU""OA," ~J . .... 0 . ~ 
~ . ~. ) 

KEYBED ~ VIBRATION 
EXCHANGE 

Figure 1: Transmission paths for the attack 
components; (1) via the string, and (2) via 
the structure of the instrument. The radiation 
from the soundboard and other radiating 
surfaces, here represented by the keybed, are 
also indicated. 
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Naturally, the vibrations in the soundboard, 
originally excited via the strings will soon spread 
to the rim and keybed and vice versa, and an 
exchange occur. 

In order to study the relation between the 
two transmission paths, an experiment was 
conducted on a grand piano (Steinway C, 7~-ft.), 
in which the hammer first struck the strings in 
normal fashion, and then a dummy mass (4 kg), 
which replaced the strings. The facing of the 
dummy was covered with a thin layer of rubber in 
order to give approximately the same contact time 
as with the strings. 
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Figure 2: Acceleration at the bridge for a 
normal case with strings, showing a 
longitudinally transmitted string precursor 
(staccato, C4). The duration of the hammer
string contact and key bottom contact are 
includedfor reference. 

String precursor - touch precursor 
With the strings in place, the bridge was set in 
motion almost immediately after string 
contact (see Fig. 2). A typical delay in the mid 
range was 0.2 ms. 

This string precursor, which precedes the first 
transversal wave with several milliseconds, is 
caused by longitudinal string motion, reflecting 
back and forth between the bridge and the 
hammer. The propagation velocity of the 
longitudinal motion is at least an order of 
magnitude higher than that of the transversal 
waves. The phenomenon was foreseen by 
Yanagisawa et al (1977), and observed by 
Podlesak and Lee (1988). The amplitude of the 
string precursor when observing the bridge 
acceleration was typically between 1/3 - 1/5 of 
the transversal wave (-9 to -14 dB). This 
precursor, which lasts for only 1 - 2 ms (mid 
range), is not affected by touch. 

After replacing the string triplet with the 
dummy mass, and increasing the sensitivity by 
a factor 20, an interesting picture emerges (see 
Fig. 3). The bridge is seen to move before, as well 
as after, the blow by the hammer on the dummy. 
The existence of an initial sound before string (or 
dummy) contact has been known since long 
among piano people (see e.g. Rimsky-Korsakov 
1952), often referred to as "touch noise," in the 
following touch precursor. More recently, it was 
observed by Boutillon (1988). The touch 
precursor is naturally much weaker than the 
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Figure 3: Acceleration at the bridge after 
that the strings have been replaced by a 
dummy mass (4 kg), illustrating the presence 
of a "touch precursor" (staccato, C4). The 
duration of the hammer-dummy contact and 
key bottom contact are included for 
reference. 

string precursor, typically 2S dB below, but more 
interestingly, it is dependent on touch. 
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For a "staccato"-type of touch as in Fig. 3, in 
which the key is struck by a relaxed finger from 
some distance above, the touch precursor lasts 
for about 20 - 30 ms. During this part, the bridge 
motion is dominated by resonances at about 290 
and 440 Hz. Surprisingly enough, these 
components were traced to resonances in the key. 
For a "strained" touch, in which the key is 
forced down with a stiff finger in an unpianistic 
way, the touch precursor is very much reduced. In 
a "legato-touch," where the key is pressed down 
smoothly with the finger initially resting on the 
key, no touch precursor is observed at all. 

The history of the bridge motion after the 
hammer has struck the strings is normally 
dominated by the string vibrations, which mask 
the structure-borne vibrations entirely. With the 
dummy, however, an episode of relatively strong 
and rapid oscillations at about 900 Hz can be 
observed immediately after dummy contact, 
followed by a mixture of 100 and 250 Hz. These 
three components are due to resonances in the 
key, soundboard and keybed, as will be discussed 
below. A little surprisingly, also this part of the 
touch process is somewhat dependent on the type 
of touch, with the staccato giving most low
frequency ringing from soundboard and keybed 

Both pre- and postcursors are weak. The 
vibration level at the bridge for a mezzo forte 
blow on the dummy is compatible with 
pianissimo level in normal playing. Whether or 
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Figure 4: Spectra of the bridge vibrations for three cases; with strings (broad line), with 
strings but transversal string motion damped (thin line), and with dummy (shaded), staccato, 
C4. 

not listeners can discriminate between different 
types of touch by the nature of the precursor 
remains to be studied in carefully designed 
listening test. Perceptual studies of onset 
asynchrony, in particular cases in which a weak 
sound precedes a much stronger sound, suggest 
that at least the prominent touch precursor in a 
staccato-touch (approximately 30 - 40 dB 
below the transversal wave) would be 
detectable (Rasch 1978). 

Transmission strings - structure 
Returning to the transmission of the attack 
components along different paths we can 
compare the spectra of the bridge vibrations 
for three cases; (1) with dummy, (2) with 
damped strings, and (3) the normal case with 
undamped strings (see fig. 4). 

The dummy-spectrum, which extends up to 
only 2 kHz, shows a level about 40 dB below 
the string partials. These are the vibration 
components transmitted via the structure of the 
piano. In comparison, consider the second case, in 
which the strings are installed, but where the 
transversal string vibrations have been damped 
(while letting the longitudinal components pass 
on to the bridge). This damped-string case, 
which contains the relatively strong string 
precursor mentioned earlier, shows a spectral 
level which generally is about 25 dB higher than 
for the dummy case, and it also extends 
considerably higher in frequency, in fact up to 
about 5 kHz. 

The transmission via the longitudinal string 
precursor is thus the major path for the attack 
sounds, at least above 1 kHz, while the 
transmission via the structure of the piano seems 

to contribute only at lower frequencies. Very 
simplified, we could say that the string 
transmission gives the 'bite" in the attack of the 
piano tone, while the structure adds low 
frequency "thump." Together they define a "noise 
floor" in the bridge spectra. 

Looking at the radiated sound, essentially the 
same relations are seen as in the bridge 
vibrations, however, with the string partials a 
little less dominating. This indicates that other 
surfaces than the bridge, e.g. the rim and keybed, 
also radiates the background level. We could 
thus expect more low-frequency "thump" in the 
radiated sound than in the bridge vibrations. In 
particular, this was found to be the case for the 
touch precursor in the staccato-touch (see Fig. 5). 

This figure compares the vibrations in the 
bridge and keybed with the radiated sound. The 
amplitude scales have been normalized by setting 
the "steady state" part of the bridge 
acceleration and radiated sound, respectively, to 
the same amplitude before magnifying the 
waveforms. It is seen that the precursory 
component is much stronger in the keybed than 
in the bridge vibrations, and that the radiated 
sound is strongly influenced by the low
frequency keybed components. This observation 
tallies with the common knowledge among piano 
technicians, that the stiffness of the felt washers 
under the keys (at the playing end) can influence 
the attack sound noticeably. 
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PTominentresonances 
Some of the prominent resonances observed in 
the bridge vibrations were studied separately. In 
the staccato-touch, two components at 290 and 
440 Hz dominated the bridge motion during the 
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Figure 5: Comparison of the vibrations at 
the bridge (top) and keybed (middle) in 
relation to the radiated sound (bottom) 
during the touch precursor in a staccato
touch. The bridge acceleration and radiated 
sound have been normalised by setting the 
"steady-state" portions (the "over-loaded" 
parts to the right) to equal amplitude before 
magnifying the signals (staccato, C4). 

acceleration of the key (see Fig. 3). These 
resonances were traced to the key, both modes 
resembling the first mode of a free-free bar 
with a node approximately at the position of 
the capstan screw and a large motion at the 
pivoting point on the balance rail (see. Fig. 6). 
The mode shapes suggest that the force against 
the supporting balance rail is temporarily 
relieved as soon as the sudden impact has been 
delivered in a staccato-touch. The existence of 
two modes with seemingly similar modal shapes, 
occurring at different frequencies, is of course 
intriguing, but the higher mode may well be a 
combination of bending and torsional motion. 

After the impact, a "wave package" was seen 
in the bridge vibrations at about 900 Hz, 
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Figure 6: Principal shapes of the normal 
modes of a key of a grand piano (jreely 
supported) at 290 and 445 Hz (top), and 
914 Hz (bottom). The excitation force during 
touch acceleration is indicated by an arrow. 

superimposed on the lower resonances (see 
Fig. 3). This later component was caused by a 
higher key resonance (second mode for a free-free 
bar), with a node at the midpoint corresponding 
to the pivoting point. This mode seems to be 
excited by the sudden retardation of the key at 
bottom contact at the end of the touch. The 
oscillation is terminated as the rebounding 
hammer is captured by the back check (at the 
inner end of the key). This occurs approximately 
10 - 20 ms after dummy contact. Interestingly, 
the rebounding hammer itself vibrates vividly at 
a frequency of about 900 Hz when being checked 
(Askenfelt & Jansson, 1991). 

Other strong resonances in the instrument can 
also be observed in the bridge vibration spectra, 
for example the soundboard (100 Hz), keybed (95 
and 330 Hz), and rim (250 Hz). Also the bars in 
the metal plate, all of different length and cross 
section, show distinctive resonances at a number 
of frequencies. When listening to the signals 
picked up at different measuring positions in the 
instrument, the vibrations are coloured by these 
prominent local resonances (SOUND EXAMPLE 3). 

A low resonance at 38 Hz, present in the 
vibrations at all measuring positions, was 
interpreted as a fundamental resonance in the 
structure, formed by the heavy metal plate resting 



on the open bars of the wooden fundament. 
It was noticed that many of the modes in the 

instrument fall very close in frequency. Whether 
or not this is the result of a careful design, or if 
just happened to turn out this way, is an 
interesting question. In any case, the 
manufacturers are well aware of the importance 
of the structure-borne attack components. For 
example, the recognized piano makers select the 
wood for the keybed with great care, as they do 
with the wood for the soundboard. 

Conclusions 
The experiments have shown that the dominating 
part of the attack sound is transmitted 
longitudinally via the strings by the string 
precursor. This component is short, about 1 - 2 
ms, but only 10 dB weaker than the first 
transversal wave. The string precursor is 
independent of touch. 

Structure-borne pre- and postcursors add 
low-frequency in the radiated sound. These 
components, which are touch-dependent, are 
about 25 dB weaker than the string precursor. On 
the other hand, they operate on a much longer 
time scale, starting 20 - 30 ms before string 
contact for an impulse-like type of touch 
(staccato). A little surprisingly, prominent 
resonances in the key dominate the pre-contact 
history of the bridge motion when applying a 
staccato-type of touch. After contact, a second 
key resonance at 900 Hz add, followed by 
contributions from the keybed and soundboard at 
100 and 250 Hz, respectively. These post-contact 
components are less dependent of touch. The 
perceptual implications of the pre- an~ post 
cursors, and their possible connections WIth the 
touch of professional pianists, remain to be 
studied. 
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Measuring inharmonicity through pitch extraction 
A Galembo & A Askenfelt 

Abstract 
Some experiments are described which illustrate new applications of pitch extraction processing. It is shown that 
cepstrum and harmonic product spectrum contain distinctive infonnation about the inhannonicity of musical 
sounds - in this case piano tones - and that they can be successfully used for illustration of the phenomenon. A 
way is proposed how to improve the methods. enabling a direct quantitative measurement of inharmonicity in 
tones from musical instruments. 

Introduction 
Due to the stiffness of real piano soings, the 
partial frequencies are raised a little compared to 
the harmonic multiples of the fundamental 
frequency of the ideal soing. The deviation is well 
described by the classical expression (Fletcher, 
1964): 

(1) 

where fn is the frequency of the n-th partial, fa the 
fundamental frequency of the ideal soing, and B 
the inharmonicity coefficient For typical piano 
soings, B ranges between 0.00005 and 0.0007 
approximately. in the lower half of the 
instrument's compass. 

This "well-behaved" inharmonicity is a hidden 
parameter in the tone, which is not possible to 
observe directly in wavefonns or spectra. In fact. 
up to now, inharmonicity has not had any 
graphical illustration by direct measurement The 
nonnal procedure of measuring inharmonicity 
includes spectral analysis, (manual) identification 
of the partials. measurement of the partial 
frequencies. and calculation of the inharmonicity 
coefficient B from Eq. (1), preferably by 
comparison of several pairs of partial 
frequencies and averaging. 

Some of the pitch extraction procedures 
developed in the early days of digital speech 
processing seem to offer a way to overcome these 
difficulties. In particular cepstrum and harmonic 
product spectrum show interesting features. 
which enable a direct estimation of the 
inharmonicity coefficient The idea of analysing 
inharmonicity by using pitch extraction 
algorithms was tried for the first time rather long 
ago by the first author in the acoustical 
laboratory of the piano factory "Red October" in 
Leningrad (Galembo, 1979; 1986), but could not 
be carried further at that time. 

Perceptually, inhannonicity is related to how 
clearly the pitch will be perceived A harmonic 
spectrum will evoke a more pronounced sensation 
of pitch than a strongly inharmonic spectrum. 
Tenns like "pitch strength" or "pitchiness" have 
been used to characterise this quality (Rakowski, 
1977; Fastl & Stoll, 1979). 

Cepstrum and harmonic product spectrum 
CEPSTRUM, which today is a standard processing 
in many speech applications, describes the 
periodicity of the spectrum (see e.g. Noll, 1967). 
The standard definition is given as "the power 
spectrum of the logarithm of the power 
spectrum:" 
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C('t)= I Y (log IF (m) 12) 12 (2) 

where F (0» is the spectrum of the measured 
signal. 

The result of a cepstral analysis of a strictly 
periodic (harmonic) sound is in principle a 0-
function, located on the quefrency (time) scale at 
the value of thefundamental period of the signal 
(see Fig. 1). Inharmonic sound spectra, as those 
described by Eq. 1 with a gradual increase of the 
distance between adjacent partials, will broaden 
the cepstrum peak, or even give a region of peaks. 
If n partials with raised frequencies according to 
Eq. 1 are included in the analysis, it can be 
shown that the cepstrum peak will occupy a 
region of width 

= 

wCEPS 
(3) --= 

n(1+n2B)0.5 - (n-1) [1+(n-1)2B]o.5 - (l+B)O.5 

(1 +B)O.5 {n(l +n2B)o.5 - (n-1)[1+(n-1)2B]o.5) 
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Figure 1: Cepstrwn analysis of synthesized 
inharmonic tones including 30 partials of 
equal amplitude (Ao = 27.16 Hz) with 
inharmonicity coefficient B = 0, 0.00020, 
0.00030, 0.00050, and 0.00058. The dashed 
vertical lines define the predicted pitch peak 
region according to Eq. 3. 
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nOlmalised by the fundamental period of the ideal 
string 'to = 1110 , The width increases smoothly 
with increasing B. 

This region, the width of which depends only 
on n and B, defines the pitch character of the 
inharmonic sound. For this reason it was coined 
as the pitch peak region. In principle, B can be 
determined directly from a measurement of the 
peak width, but unfortunately the exact number 
of partials included in the cepstral analysis is 
seldom known in practice. Even an elimination of 
the partials above a certain frequency in F( OJ) will 
still leave an uncertainty, as the actual n covered 
by a given frequency range is dependent on the 
(unknown) value of B. In practise, however, the 
uncertainty is usually not more than ±1 partial for 
typical piano tones. 

The hannonic product spectrum, which is a 
less well known procedure, is based on the fact 
that the partial peaks in the spectrum of a periodic 
signal are located at hannonic multiplies of the 
fundamental frequency (Noll, 1969). If a set of 
new spectra is generated by compressing the 
original logarithmic spectrum along the frequency 
axis by successively dividing by integers 1, 2, 3, 
4, ... m, and then adding the compressed versions 
(in logarithmic amplitude scale), the result is an 
enhanced peak at the frequency of the 
fundamental, which coincides for all compressed 
versions (see Fig. 2): 

m m 

log 1t(OJ) = L10g I F(kro) \2 = log n \ F(kro) \2 (4) 
k=l k=l 

which after antilogarithming gives the hannonic 
product spectrum (lIPS): 

m 

7tm>s(ro) = n \ F(kro) \2 (5) 

k=l 
where m is referred to as the order of the 
hannonic product spectrum, indicating the 
number of compressed spectra (and highest 
divisor) included. 

As for the cepstrum, a slightly inharmonic 
input spectrum F( OJ) will introduce a broadening 
of the peaks in the hannonic product spectrum, 
including the dominating peak at the fundamental 
frequency, also in this case referred to as pitch 
peak. The relative width of the pitch peak region 
(nonnalized by 10 ) will depend on B and m as 

WHPS 
- = (1+m2 B)O.5 - (1+B)0.5 (6) 

fo 



Table 1: Inharmonicity coefficient B of piano five notes from five pianos with different 
amount ofinharmonicity (concert grand - small upright). 

SteinwayD Steinway C Nordiska 1 Nordiska 2 Straud 

model concert grand salon grand 
size 274cm 227 em 

An 0.000160 0.000190 
EI 0.000067 0.000095 
Al 0.000059 0.000093 
E,_ 0.000070 0.000110 
A, 0.000095 0.000130 

00, 00 

log 13'(200) 12 

W{ 
"" 

il 
00 

log 13'(300) 12 

£, log 13(koo) 12 
k=1 

Figure 2: Explanation of the principle of 
harmonic product spectrum (Adapted from 
Noll,1969). 

Measurements and results 
The cepstrum and hannonic product spectrum 
methods were tested using tones from five pianos 
with different amount of inhannonicity. The 
inhannonicity coefficients of the recorded notes 
were first measured in the nonnal manner by 
spectral analysis and measurement of each partial 
frequency, followed by a matching of fo and B 
(Eq. 1) to the partial series (see Table 1). 

upright upright upright 
114 em 114 em 139 em 

0.000340 0.000350 0.000580 
0.000200 0.000200 0.000260 
0.000145 0.000150 0.000220 
0.000140 0.000140 0.000220 
0.000160 0.000150 0.000220 

In addition, a series of synthetic notes with 30 
spectral components of equal amplitudes and 
inhannonicity coefficients between 0 and 0.0005 
was used to evaluate the methods. The reason was 
that spectra of real piano tones contain 
components which not at all are related to the 
fundamental. In particular the longitudinal modes 
can be rather prominent Such interleaved spectral 
components confuses the picture before sufficient 
experience of the analysis methods has been 
gained. Further, the spectral envelope, which was 
found to have a rather significant influence on the 
result of the cepstrum analysis, could be 
controlled in these examples. 

Cepstrum 
A cepstrum analysis of five synthetic 30-
component inhannonic tones (At> = 27 Hz) with B 
ranging from 0 to 0.00058 is shown in Fig. I, 
clearly illustrating the broadening of the pitch 
peak region with increasing inhannonicity. Also 
the fundamental peak is seen to raise in frequency 
(shifting to the left on the quefrency scale), with 
increasing inhannonicity. The results agree well 
with predictions in the sense that the peak region 
is well defined by the limits calculated according 
toEq.3. 

The corresponding cepstral analysis of the 
lowest note (At>::::: 27 Hz) for the five pianos with 
different amount of inhannonicity are shown in 
Fig. 3. Again, the pitch peak region is seen to be 
well described by the calculated limits. It is 
obvious from Figs. 1 and 3, that the cepstral 
analysis gives a good illustration of the degree of 
inhannonicity, in satisfactory agreement with the 
theoretical predictions. 

An interesting perceptual comparison is 
included in the upper part of the cepstrums in 
Fig. 3, showing the upper and lower (quefrency) 
limits for the fundamental of a hannonic spectrum 
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Figure 3: Cepstrum analysis of real piano 
tones from five different pianos (Ao"'" 27 Hz) 
with inharmonicity coefficient B = 0.00016, 
0.00019, 0.00034, 0.00035, and 0.00058. 
The dashed vertical lines define the predicted 
pitch peak region according to Eq. 3. The 
filled bar at the top of each plot indicate the 
perceived pitch in a matching experiment 
with harmonic spectra (see text). 
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(from a generator), matched to the pitch of the 
real piano tone by two experienced piano Ulners. 
As seen, the tuners consistently perceived a pitch 
in the lower (rigpt) end of the pitch peak region. 
The subjects considered the task as difficult, and 
the width of the matched interval was also 
relatively large, approximately 50 ¢ for this low 
note. A little unexpected, a clear influence of the 
inharmonicity on the width of the matched interval 
was not observed, in spite of the fact that B 
differed roughly a factor four between the 
extremes. 

Harmonic Product Spectrum 
A hannonic product spectrum analysis of five 
synthesized tones (~= 110 Hz) with B ranging 
from 0 to 0.00020 is shown in Fig 4. The pitch 
peak is seen to rise prominently over the 
background level for low inharmonicity, and 
decrease and broaden with increasing B. The 
corresponding analysis for the same note (A2) 

from two different pianos is shown in Fig. 5. Both 
figures show the expected dependence between 
inhannonicity coefficient B and width of the pitch 
peak. As can be seen in Fig. 5, the pitch peak 
region is reasonably well defined by the predicted 
limits according to Eq. 6. It could also be 
observed that the pitch peak is not so distinct for 
high B values, rising less prominently above the 
background level. This behaviour is to be 
expected 

As mentioned, the hannonic product spectrum 
of a strictly hannonic sound is characterised by an 
exact coincidence of the frequencies of all the 
compressed partials of I,/k-type, and the result is 
high peak at 1

0
, If the sound is slightly 

inharmonic, these frequencies are not exactly 
matching, though still close. This means that the 
pitch peak broadens with increasing B, which is 
the feature the method is based on. 

However, the closest adjoining components in 
the compressed spectra, . ifk+ik) and (Aik), 
move successively closer to 1,/ k as k is increased, 
and depending on the analysis bandwidth they 
may very well merge with the pitch peak, when 
adding up the hannonic product spectrum. For 
high values of B and high-order hannonic product 
spectra, some of the compressed spectra for low k 
will inevitabely merge with the those for higher k. 
This gives an undesirable "distortion" of the pitch 
peak, in the sense that the width can not be 
determined in a reliable way. 

The situation is illustrated in Fig. 6, which 
shows the calculated frequencies of the 
compressed partials for three cases with 
increasing degree of inhannonicity. As seen in the 
figure, a separation of the pitch peak is always 
possible for a hannonic spectrum for any realistic 
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Figure 4: Harmonic product spectrum of 
SJnthe~ized inhar:nonic tones (A2 ::; 11 0 Hz) 
mcludmg 30 partwls of equal amplitude with 
B = 0, 0.00005, 0.00010, 0.00015, and 
0.00020. The number of compressed spectra 
included in the harmonic product spectrum is 
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Figure 5: Harmonic product spectrum 
(m = 18) of real piano tones (A2 ::; 110 Hz) 
fro"!,, two instruments; concen grand, 
Stemway D, B = 0.00010 (broad line), and a 
small upright, Straud, B = 0.00016 (thin 
line). The horizontal bars at the top indicate 
the predicted width of the pitch peak regions 
according to Eq. 6. 

m, while an inhannonic input spectrum requires a 
limitation of m in order to give a meaningful 
result. A closer inspection suggests that for low 
inhannonicity a reasonable value of m would be 
between 15 and 20. For high B's, however, the 
compressed peaks overlap even for low m, which 
makes a separation of the pitch peak from the 
other peaks hazardous. 

Discussion 
The examples presented in Figs. 3 and 5 show 
that either cepstrum analysis or harmonic product 
spectrum can be conveniently used for illustrating 
inhannonicity in musical sounds by a direct 
measurement. The analysis of the synthesized 
tones with known inhannonicity shows also that 
the measured width of the pitch peaks are in 
satisfactory agreement with predictions (Eqs. 3 
and 6), which leads to a primitive way of 
determining B. As mentioned, however, several 
factors in the processing will decrease the 
exactness in the determination of B by this 
method. 

An appealing alternative would be to include 
an optimizing method for the inhannonicity 
determination. The essence of this strategy is to 
find the maximum amplitude of the pitch peak by 
variation in a parameter (inspired by the 
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Figure 6: Illustration of the limitations in 
separating the pitch peak in a harmonic 
product spectrum. The figures show 
calculated center frequencies of the partials 
in compressed spectra (normalized to fo) for 
different values of the divisor k. For a 
harmonic product spectrum of order m all 
partial frequencies below the horizontal line 
m = k will be added (making the number of 
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partials summarized in the pitch peak equal 
tom). 
(a) Harmonic input spectrum (B = 0), 
(b) slightly inharmonic spectrum 
(B = 0.00010), 
(c) strongly inharmonic spectrum 
(B = 0.00060), 
The curves show: fJkfo (full line), fk_1lkfo and 
fk+likfo (dashed). A separation of the pitch 
peak region (shaded area) from adjacent 
compressed partials is easy for harmonic 
sounds but hazardeous for high values of B 
andm. 

maximum likelihood estimation procedure for 
pitch extraction, Noll, 1969). This is done by 
introducing an inhannonicity scaling factor b in 
the calculation of the compressed spectra which 
form the hannonic product spectrum (which now 
would be more appropriate to rename as 
"inhannonic product spectrum"). The partial 
frequencies are then compressed slightly more 
than the nominal ratios 1, 2, 3, . .. Following 
Eqs. (1) and (5), the inhannonic product spectrum 
is given by 

m 

1trnPs(ro) = II 1 F[k(1+k2b)0.5ro] 12 (7) 

k=l 

By variation of b in the expected region for the 
inhannonicity coefficient B, a maximal amplitude 
of the pitch peak will be reached when b equals B 
of the measured sound (in the lower half of the 
piano compass 0 < b < 0.0007 would be 
reasonable) The frequency coordinate of the pitch 
peak for this value of b is equal to the actual 
fundamental frequency. This method offers the 
advantage of an automatic measurement of the 
inhannonicity coefficient, in principle even in real 
time. 

Conclusions 
The experiments have shown that cepstrum and 
hannonic product spectrum processings give an 
informative graphical representation of the 
inhannonicity of musical sounds, which in turn 
enables a calculation of the inharmonicity 
coefficient As such, they may be used as new, 
effective methods for illustration, comparison, and 
evaluation of inhannonicity. The harmonic 
product spectrum could be improved by 
implementing an algorithm which uses a 
parameter scaling algorithm, allowing for an 
automatic calculation of the inharmonicity 
coefficient of sounds from musical instruments. 
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String excitation: 
piano, harpsichord and clavichord 
DE Hall 
Abstract 
The processes by which we initiate string vibrations present interesting problems for physical modeling. The 
string itself is a simple linear system, well modeled as a simple delay line in the case of perfect flexibility , or as a 
set of normal modes when stiffness is present. But for the piano, nonlinear compliance of the hammer felt is 
crucial to the sound produced. Force histories and spectra for the striking process can be obtained by numerical 
integration. Small personal computers with VGA graphics can complete these calculations quickly enough to 
present a movie version of the excitation process. This is very helpful in gaining intuitive understanding of the 
vibration spectra, and was demonstrated during the talk. Comparisons are also made with new versions of the 
computer programs that treat plucking. It is found that additional laboratory information about the static and 
dynamic properties of the plectra would be helpful. The paper concludes with a brief discussion of difficulties in 
trying to apply similar modeling to the very different striking process used on the clavichord. 

1. Modeling the piano stringihammer 
interaction 
The delivery of energy from moving piano 
hammer to string seems at first glance as if it 
would be a simple process, quite amenable to 
calculating the resulting string motion. But upon 
closer inspectic)ll we fmd subtle points that make 
this a challenging problem that requires 
considerable care. In earlier papers I have pointed 
out why the problem is nontrivial even for small 
hammer mass, surveyed older literature on the 
problem, and presented a computer-aided general 
solution to the linear version of the problem for 
both hard and soft hammers striking a perfectly 
flexible string (Hall, 1986, 1987a, 1987b). That 
solution was obtained as a sum of traveling 
waves, each of which generates new waves 
whenever it passes the hammer. 

But when I worked with Askenfelt to measure 
string vibration spectra and compare them with 
predictions, we found that lack of good agreement 
forced us to focus attention upon the nonlinear 
properties of the hammer felt in normal pianos 
(Hall and Askenfelt, 1988). Measurements of the 
relation between force F applied and reSUlting 
amount of felt compression x were well 
represented by F = KxP. Hooke's Law would 
correspond to p= 1, but for typical piano hammers 
this exponent is between 2 and 4. Thus, even 
though the string itself is accurately represented 
as a linear system, the hammer is highly nonlinear 
and the previous completely linear theories could 
not hope to fully match experimental data. The 
importance of the nonlinearity has also been 
emphasized in work done by Yanagisawa and 

Nakamura (1984), by Boutillon (1988), and by 
Suzuki (1987). 

Proper nonlinear modeling requires partially 
giving up the powerful analytic methods employed 
before. The hammer's motion and compression at 
its point of interaction with the string must be 
handled with numerical integration. The string 
itself, however, behaves linearly to good 
approximation. If it is perfectly flexible and thus 
nondispersive, it can be viewed as a pair of simple 
delay lines. If it has some stiffness (as real piano 
strings do) the simple delay line picture fails, but 
can be replaced by a set of normal modes whose 
frequencies are sharp to the harmonic series. I 
have written programs in BASIC language 
representing both of those approaches, and shown 
that they give much more 'satisfactory agreement 
with measurement than did the earlier completely 
linear models (Hall, 1992). Instead of the normal
mode approach, the stiff string may also be 
treated by numerically integrating a discrete 
representation of its partial differential equation 
(Chaigne, 1992). That approach gives results 
nicely comparable to mme (Chaigne and 
Askenfelt, 1994). 
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I will not repeat here the mathematical details 
of my models (Hall, 1992), but go on instead to 
improvements in ease of controlling the 
calculations and presenting the results for intuitive 
understanding. My computer programs first ran 
on a 1980-vintage personal computer driving a 
pen plotter. Many of the graphs comparing string 
motion spectra were generated by leaving that 
computer running overnight. Today I am running 
the programs on a 80486 PC, so that the time 



scale for simulating a single strike is only a few 
seconds (for the flexible string) or a minute (for 
the stiff string) instead of an hour or more. (The 
stiff string requires more time for the normal
mode summations.) 

This gives opportunity to present the output in 
different and more useful ways. One option is 
much like the previous program: it creates a set of 
data files which can then be used to create 3-D 
graphs showing how spectra vary with some 
parameter. This is most appropriate for 
producing final results when it has been decided 
what cases are of interest, as with the figures 
shown below. The second option made available 
by additions to the program is a VGA screen 
display, animated to show the progress of the 
calculation while it occurs. The time scale 
occupied by the calculations happens to be quite 
convenient for this movie version to contribute to 
our intuitive feeling of how the hammer is 
interacting with the string. 

The movie screen display is divided into three 
sections. The upper part uses the full screen 
width to show the changing shape of the string. 
The hammer contact point is plotted as a small 
rectangle, as if no compression had taken place; 
thus the amount by which the hammer appears to 
have gone above the string actually tells how 
much it is compressed. The lower left screen is 
used to plot a graph of contact force vs. time. 
The lower right screen is a bar graph showing the 
frequency spectrum of the string vibration energy; 
during the course of the calculation the bars move 
as energy is exchanged between hammer and 
string, but once the hammer loses contact with the 
string the bar graph freezes to show the final 
result. 

It is helpful to see the three sections together, 
as several features previously described are very 
clearly seen. Individual partial waves can be seen 
traveling along the string, as well as new partial 
waves generated when they pass the hammer. In 
the case of a sufficiently stiff string, the precursor 
created by the dispersion can be seen traveling 
down the string. The arrival of reflected waves at 
the hammer is seen to coincide with sharp rises in 
the force graph and with rapid changes in the 
spectrum. The tendency of the spectrum to have a 
well-defmed envelope with slope (dB/octave) 
closely related to the hammer stiffness exponent p 
can be seen. In the case of rather soft hammers, it 
is seen that the gentle way in which F approaches 
zero at the end of contact is equally important 
with the initial rise in determining the steep slope 
of the final spectrum. 

To study how the sound produced depends on 
the design parameters of the piano or on the way 
it is played, we show families of spectra in which 
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one parameter varies while all others are held 
constant. For the flexible string and the power
law model of the hammer, there are five 
dimensionless parameters to be studied (though 
only four are strictly independent): (1) the hammer 
mass, relative to the string mass, MH/mL, (2) the 
hammer strength, relative to the string tension, 
characterized by KIY/T, (3) the hammer 
nonlinearity as embodied in the stiffness exponent 
p, (4 ) the striking point ratio XfI/L, and (5) the 
incoming hammer speed relative to the wave speed 
vole. For the stiff string all five are independent, 
and we must add to those (6) the stiffness, 
expressed in terms of string diameter d and 
Young's modulus Y as e = pd4Y/64L2T. One 
respect in which this work remains deficient is 
that it makes no allowance for irreversibility in the 
felt compression process, as expressed by some 
effective mechanical resistance term in the 
equations. Boutillon (1988) has argued for the 
importance of that effect, and it too should be 
included before we are completely satisfied with 
these models. 

Some samples of these comparison spectra are 
shown in Figures 1-4. Here the presented ranges 
of the parameters are chosen rather larger than 
would be found in any real pianos, in order to 
emphasize their effect. Fig. 1 varies the mass 
ratio, emphasizing that the prolonged contact time 
of a heavier hammer tends to suppress the higher 
frequencies and steepen the spectrum. The effect 
of the exponent p is very marked in Fig. 2, 
emphasizing that close control over the brightness 
of the sound requires good ability to fix the value 
of this parameter. This nonlinearity is what 
makes possible the considerable change in 
brightness of the sound with dynamic level, shown 
in Fig. 3 for hammer velocities varying by a factor 
of 15. Fig. 4 indicates that the effect of string 
stiffness is minimal for the low harmonics, but 
tends to make the high-frequency end of the 
spectrum more complex and somewhat steeper. 
There is clearly a very rich parameter space, and 
it is a challenging task to apply the theory to the 
design variations in real pianos. 

II. Modeling the Harpsichord Pluck 
I return now to a simpler problem, one usually 
regarded as long solved and not very interesting. 
This is the case of a string pulled aside and 
suddenly released, as it would be by a harpsichord 
plectrum. The guitar presents much the same 
case, though with the possibility of both 
horizontal and vertical components to the plucking 
displacement. For simplicity, I refer here only to 
the harpsichord. 

The usual picture (Model 0) is that at t=0 the 
string has a triangular shape made of two 
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Figure 1: Predicted piano string motion 
spectra for fixed striking point ratio 0.18 
(somewhat larger that in most pianos) and 
nonlinearity exponent 2.0 (on the low side for 
most piano hammers, as the hammer/string 
mass ratio varies from 0.2 to 2.0. 
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Figure 3: Predicted spectra for fixed 
striking point ratio 0.18, mass ratio 1.0, and 
exponent 1.6, as normalized hammer velocity 
is variedfrom 0.1 to 1.5. 
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Figure 2: Predicted spectra for fixed 
striking point ratio 0.153, mass ratio 1.0, 
compliance and speed, as the nonlinearity 
exponent is varied from 1.0 to 4.0. 
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HarmonIc Number 

Figure4. Predicted spectra for stiff strings, 
struck by a hammer with mass ratio 1.5 and 
exponent 1.2 at striking point ratio 0.185. 
The varying string stiffness is represented as 
an inharmonicity, in cents of mistuning of the 
second mode from the octave of the first. 
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Figure 5: Dependence of interaction force F 
between plectrum and string upon plectrum 
body displacement z. (a) Usual idealization, 
(b) admission that plectrum weakens just 
before release, (c) admission that once the 
release process begins there is a short 
interval of unstable motion before the force 
reaches zero. 

stationary straight segments that meet at the 
plectrum position xp' After "sudden" removal of 
the plectrum the string moves freely with no 
external forces. With simple initial shape and 
zero initial velocity, it is easily calculated (Hall, 
1987c~ that the energy in mode n is proportional 
to lin ; that is, the spectrum envelope falls at 6 
dB/octave. The effect of the plucking point is 
present in a factor sin2(npx~/L), which produces 
the familiar "missing-mode phenomenon when 
the plucking point is at simple fractions of the 
string length. There is no apparent dependence on 
other parameters, and seemingly no complication 
from continued contact during a finite time as 
with the piano. 

But is that really true? It does not allow for 
any dependence of harpsichord sound upon the 
way the key is struck, seemingly in agreement 
with such sources as John Backus ("the player has 
no control over the loudness of the tone"), and 
Francois Couperin ("one cannot increase or 
diminish its sounds"). Yet Arthur Benade said 
"the tone color and (to a slight extent) the 
loudness are both altered when a key is struck 
more or less hard," (Benade, 1976) and most of us 
have learned to pay close attention to what Art 
said. In a brief informal test with a FFT spectrum 
analyzer, I found that different key velocities can 
not only change the overall spectrum level by 
several dB, but can also change the relative levels 
of different harmonics by several dB as well. So 
Benade is right; harder impacts can not only make 
the sound a little louder, but perceptibly brighter 
as well. 

Clearly there are two different ways in which 
the simple theory needs to be improved in order to 
account for this effect. First, unless the key has 
been pressed very slowly the string will have some 
small finite velocity at the moment of plectrum 
release, and cannot be assumed to have 

maintained the perfect triangular shape either. 
Second, the way the plectrum finally yields 
probably reduces its force continuously to zero 
over some small but finite time interval (Fig. 5). 
It would be interesting to ask whether we know 
enough about those processes to construct a more 
accurate mathematical model. 

Model I, the Adiabatic Model, is an attempt to 
retain a fully analytic solution. It supposes that 
the plucking motion occurs slowly enough that a 
triangular shape is maintained even as the triangle 
grows thicker, until there is a sudden release. The 
initial shape of the free motion is then triangular 
as before, but now accompanied by a triangular 
initial velocity function as well. It is a 
straightforward exercise to compute the mode 
amplitudes. The result is well expressed in terms 
of the time T p for the plucking motion as 
compared to the period T 1 of the fundamental 
string mode. The energy of the nth mode differs 
from that in Model 0 by a simple correction factor 
1+(TI12pnTp)2, i.e. by the addition of a term 
whose envelope drops at 12 dB/oct. But the 
motion cannot really be adiabatic unless Tp»Tl' 
so the correction is already very small lor the 
fundamental mode and smaller still for all others. 
Thus Model I makes no significant progress 
toward realism. 

Model II is a kinematic model which still 
focuses entirely on the string motion before the 
release process begins. It supposes that the 
plucking point is constrained to move with a 
prescribed velocity and that the force applied is a 
byproduct of that. But now the velocity can be 
fast, because the delay-line representation of the 
string is used to keep track of the string motion. 
That motion consists of a series of traveling 
waves resulting from the initial plectrum contact 
and from interaction of each reflected wave with 
the plectrum as it passes. This model still 
terminates the contact with an instantaneous 
release. This release could be at a specified 
displacement, but a likely improvement is to let it 
occur when the force reaches a prescribed value 
instead. That makes it more likely that the release 
occurs when one of the reflected-wave arrivals 
causes a rapid increase in the interaction force . 
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Model III is a semi-dynamic model, the first to 
attempt some account of the properties and 
motion of the plectrum as well as of the string. 
Here the jack body moves with prescribed speed, 
but the plectrum bends and its action is described 
by some functional relation between the force F 
and the amount of bending. Again the release 
process is triggered when the force reaches some 
prescribed maximum. I have used a linear 
(Hooke's Law) representation for the plectrum 
stiffness (at least for small displacements); this is 
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Figure 6: Harpsichord spectra predicted by 
the semi-dynamic model for a particular 
plectrum, when the jack moves past the string 
at various constant speeds. The plucking 
point is at one-tenth the length of the string, 
and the normalized speed is varied from 0.1 
to 1.0, with the slowest speed infront. 

likely to be reasonable for a plastic or quill 
plectrum, but may be dubious for leather. This 
model gives opportunity to include a gradual 
release, as in Fig. 7(c). For lack of any real data 
on the shape of that curve, I have used the ad hoc 
approximation F(z) = KzP(l-zJw), which reaches 
a maximum value at z=pw/(P+1) and returns to 
zero at z=w. 

Model IV, a fully dynamic model, would have 
the plectrum transmit its force through the jack to 
a key, which has inertia, and thence to a finger. 
The finger could move with prescribed speed, 
though this gives nothing new except insofar as 
the finger compliance and resistance are modeled. 
Or the finger could exert a prescribed force, which 
must be shared between the key and jack inertia 
and the plectrum. I have not felt that I knew 
enough about this problem to attempt Model IV, 
so what I have done is entirely with Models II and 
III. Each was implemented on the computer by 
modifying appropriate parts of the piano model to 
replace the hammer with the idealized plectrum. 

In the movie presentation, it is easy to see 
anticipated features such as a stepwise rather than 
linear rise in force applied to the string during the 
plucking process. Parts of the string far from the 
pluck lag behind the triangular shape, because 
there is a time lag in their receiving news about 
the pluck. The main parameter is the plucking 
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Figure 7: Predicted harpsichord spectral 
dependence upon the letoff force, i.e. the 
maximum in the curve of Fig. 7(c) at which 
release begins. The normalized maximum 
force varies from 0.1 to 1.0, with the weakest 
plectrum in front. 

speed, and Fig. 6 gives an example of its effect on 
spectra. The higher speeds do produce a brighter 
spectrum, which departs more from the traditional 
analytic approximation. Fig. 7 shows significant 
changes according to the critical force at which 
the plectrum gives way. The way all these cases 
could have the same compliance is by using short, 
thin plectra (smaliletoff force, in the front part of 
the graph) or long, thick ones (large letoff force, 
in the rear). 

III. Attempts at a Clavichord Model 
The clavichord strikes its strings with the ends of 
strips of stiff metal imbedded in the backs of the 
keys. Since this hard material does not have the 
complicated nonlinear compliance of felt, it might 
at first seem that this would be an easier case than 
the piano. An idealized model was analyzed by 
Thwaites and Fletcher (1981), and suggested a 
spectrum falling asymptotically at 6 dB/oct. That 
model supposed that the tangent velocity 
decreases as a simple negative exponential, so that 
the spectrum can be calculated analytically. This 
prediction was not directly tested, as their 
measurements were only of sound radiation and 
not of the string motion itself. 

I have made several attempts (both analytic 
and numerical) to construct a better model, but 
have not yet been satisfied with any of them. I 



have tried both treating only the "active length" of 
the string as a string with one nonstationary end, 
and finding first the motion of the entire string and 
then splitting off information about the musically 
important end. Direct conversion of the piano
hammer program foundered in the first attempts 
because it was not robust in the infinite-hardness 
limit against the effect of inadequate 
approximations to the requirement that tangent tip 
move precisely with the contact point on the 
string. At present, I have a clavichord program, 
and it runs, but I do not trust the results yet. 

The best I can say of the efforts so far is that 
there are persistent hints of a spectrum slope 
something like 6 dB/oct. That may not be too 
surprising in view of how the initial sharp contact 
may dominate the spectrum and make it difficult 
to see subtle effects of the particular way the 
tangent is brought to rest. An ultimate 
satisfactory model will, even more than 
harpsichord Model N, have to include 
information about how the player's finger interacts 
through key and tangent with the string, because 
the string never becomes free in this case. Crude 
laboratory tests show a spectrum quite flat (i.e. 
bright) compared to that of a piano, as expected. 
It also shows somewhat greater brightness for 
higher dynamic level, like most musical 
instruments, but it remains for the future to give 
more than just a qualitative explanation for that 
detail. 

Readers who would like to have a copy of the 
computer programs described here, suitable for a 
80486 with VGA graphics, may send a blank 
2HD soft disk to the author. 
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Vibrational mode splitting 
in almond-shaped cylinders 
U J Hansen & T D Rossing 

Abstract 
Earlier studies compared the modal frequencies of circular and noncircular cylinders with open ends and with an 
end cap.1-2 Oval and almond-shaped cylinders were found to have mode doublets whose frequency splitting 
depends upon mode number and eccentricity. We have now studied the modes of vibration of a set of almond
shaped cylinders of the same height with varying ratios of length to width. Doublet frequency ratios are found to 
increase systematically with the length-to-width ratio, and are found to be greater for the (2,0) modes than for the 
(3,0) modes. Mode shapes are determined by holographic interferometry and by scanning the cylinders with a 
microphone and one or more accelerometers. These studies help us to understand the acoustical behavior of 
ancient Chinese two-tone bells. 

In order to better understand the vibrational mode 
splitting in ancient Chinese bells, we have studied 
the vibrational modes in noncircular cylinders, 
both with open ends and with end caps.1,2 Oval 
and almond-shaped cylinders were found to have 
mode doublets whose frequency splitting depends 
upon mode number and eccennicity. In the present 
study, we report on the modes of 5 almond-shaped 
cylinders of the same height with varying ratios of 
width to depth. 

Vibrational modes of cylinders 
The vibrational modes of a circular cylinder can 
be described by specifying the numbers of nodal 
meridians m and nodal circles n. If the cylinder 
has open ends, the (m,O) family has 2m nodal 
lines parallel to the axis of the cylinder, and each 
mode can be viewed as resulting from the 
propagation of bending waves of an appropriate 
wavelength in opposite directions around the 
cylinder. To a first approximation, the speed of 
the bending waves is proportional to the square 
root of the frequency (as in a flat plate), and so 
the modal frequencies are proportional to m2

• In 
practice, the modal frequencies increase a little 
faster than m2 due to curvature. Attaching an end 
cap to a circular shell has only a small effect on 
the frequencies of the (m,O) modes, but it 
dramatically raises the frequencies of the (m,l) 
modes, especially for small m. The frequencies of 
the (m,2) and higher modes are also raised but not 
nearly so much as the (m,l) modes.2 

In an oval cylinder, each mode of the circular 
cylinder is split into a doublet, one new mode 
having a node in the region of greatest curvature 
and the other having an antinode there. Since 
increasing the curvature increases the effective 

stiffness and thus raises the speed of bending 
waves, the bending wavelengths will be longer 
(and the nodes further apart) in the region of 
greater curvature. Modes having a node in this 
region have higher frequencies than modes with an 
antinode there, and the frequency splitting 
increases with increasing eccennicity. Frequency 
splittings of about 2% were observed in a cylinder 
having a 1.2 ratio of major to minor axis length, 
for example.2 In general, both modes have greater 
frequencies than the corresponding mode of a 
circular cylinder having the same circumference. 

In an almond-shaped cylinder, there is not 
only a varying curvature, but there is a sharp 
corner to be considered. One effect of the comer is 
to couple transverse and longitudinal motion 
within a ring-shaped section as the waves 
propagate around the cylinder. In the mode having 
an antinode near the comer, an abrupt shift in 
phase occurs at the comer. 

Holographic studies of almond-shaped 
cylinders 
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We made up 5 almond-shaped cylinders, 270 rom 
long and approximately 200 mm wide, having 
width-to-depth ratios of 1.21 to 1.84. The sides, 
which were approximately sections of a circular 
cylinder, were welded at the ends, and a flat 
almond-shaped steel top was welded to the sides. 
The steet sides and top were 3.2 mm (1/8 in) 
thick. 

Figure 1 shows holographic interferograms of 
the most eccennic cylinder (w/d= 1.84), and Fig. 
2 shows the least eccennic cylinder (w/d= 1.21). 
In each case, a sinusoidal driving force was 
applied to the cylinder wall near the mouth. . By 



Figure 1: Holographic interferograms of modes of vibration in an almond-shaped steel 
cylinder 270 mm long having a width-to-depth ratio of 1.84. 

Figure 2: Holographic interferograms of modes of vibration in an almond-shaped steel 
cylinder 270 mm long having a width-to-depth ratio of 1.21. 

means of two mirrors, the sides, top, and ends of 
each cylinder could be viewed simultaneously. 
Corresponding modes in the two cylinders are 
quite similar in shape; the main difference is in the 
frequency ratio of each mode pair. In most cases, 
the discontinuities in the a-modes at the spine or 
comer (where these modes have antinodes) are 
apparent in the interferograms. 

Note that the vibrational patterns in the top 
mayor may not be correlated with those of the 
sides. In a few cases (e.g., the (2,1) mode pair in 
the cylinder of Fig. 2), the driving frequency 
appears to be near a resonance of the top. In a 
previous study2, we showed interferograms at 
resonance frequencies of the top as well as the 
sides. 
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Mode splittings in the (2,0) and (3,0) mode 
pairs are shown in Fig. 3. Note that the splitting is 
greater in the (2,0) mode than in the (3,0) mode, 
and that the splitting increases with the 
width-to-depth ratio wId. 

Sound spectra of the cylinders 
The cylinders were struck near the mouth with a 
handbell mallet (hard plastic head), both at the 
center (half-way between the two spines) and 
about one-fourth of the width away from one 
spine. Sound spectra were recorded for both strike 
points with a fast Fourier transform (FFf) 
analyzer. 
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Figure 3: Frequency ratios of mode pairs in 
almond-shaped cylinders with different 
width-todepth (diameter) ratios. Solid curve 
is for the (2,0) modes, dashed curve for the 
(3,0) modes. 

Sound spectra for 2 cylinders are shown in 
Fig. 4. Note that the lowest mode [the (2,O)a 
mode] often occurs as a doublet. This is due to 
Coupling to the closed-pipe air resonance of the 
shell. Inserting a small amount of 
sound-absorbing material into the cylinder 
damped this air resonance and changed the 
doublet to a single resonance. 

Conclusions 
Mode splitting in almond-shaped cylinders was 
found to depend on the width-to-depth ratio of the 
shell, as expected Comparison with previous 
studies2 (which used a shell with a length of 10 
em) shows that the splitting depends upon the 
height of the cylinder as well. In the future, we 
hope to compare these data to theoretical mode 
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Figure 4: Sound spectra of two 
almond-shaped cylinders having 
width-to-depth ratios of 1.84 and 1.21. In the 
upper spectrum of each pair, the cylinder is 
struck half-way between the two spines; in 
the lower spectrum of each pair, it is struck 
one-fourth the length away from the spine. 

studies by finite element methods aimed at 
detennining the change in mode frequencies due to 
variations in wall thickness. We wish to thank 
Deepak Gangadharan who assisted in the 
holographic studies. 
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The influence of touch on piano sound 
GW Koornhof & A J van der Walt 

Abstract 
Physicists, until recently, had had quite a simplistic view of the piano action and touch. Claiming that, as the 
mechanical contact between the key and the hammer is broken before the hammer strikes the string, the pianist 
can only influence the final hammer velocity and thereby the loudness (and nothing more). Pianists, on the other 
hand, pay great attention to the way the key is depressed and sincerely believe that "touch" is responsible for the 
colour in piano playing. In our experiments, the sound produced by a concert grand piano was digitized and 
analysed. It was found that, when using a staccato-touch, relatively high noise was present before the onset of the 
real piano sound. Using legato-touch, this "early noise" was absent. The key and hammer acceleration profIles 
gave definite clues about the origin of the early noise. The vibration induced in the balance rail (supporting the 
key) was measured, and sonograms of the microphone and accelerometer signals compared. It was concluded that 
the early noise is most probably caused by the high acceleration of the key and hammer. Listening tests 
confirmed that the presence of acceleration noise in staccato touch makes a difference to the perceived sound 
quality. The results of the experiment show that acceleration noise is under control of the pianist and can change 
the measured and perceived quality of piano sounds having the same sound pressure level. 

One of the most controversial topics of research in 
musical acoustics has been the question whether a 
pianist can influence his tone quality by the way 
in which he strikes the keys. 

Physicists, until fairly recently, had quite a 
simplistic view of the piano action and touch, 
claiming that, as the mechanical contact between 
key and hammer is broken before the hammer 
strikes the string, the pianist can only influence 
the final hammer velocity and thereby the 
loudness (and nothing more). Pianists pay great 
attention to the way the key is depressed and 
sincerely believe that "touch" does contribute to 
colour in piano playing. 

These two opposing views have been 
concurrently expressed in piano pedagogic 
literature and have lead to a confused state that 
has been prevalent in piano pedagogics ever since 
the research done by Hart, Fuller and Lusby 
(1934), who made careful recordings of the sound 
waves produced by various pianists and also by a 
mechanically-operated striker. They showed that 
tones produced at precisely the same intensity 
level on the same piano, gave indistinguishable 
wave traces, whether produced mechanically or by 
a pianist. 

The advancement of digital signal processing 
techniques has made it easier to assess transient 
phenomena, and several important experimental 
studies on the dynamic behaviour of the piano 
action have been reported lately. Consequently it 
was felt appropriate to try once more to solve the 
problem of piano pedagogy by experiment The 
assumption was that the very complex piano 
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mechanism with its 7000 seperate parts, plays 
some role in the formation of the tone. In piano 
technique, as is the case with all other musical 
instruments, control of noise components, or 
different articulations, is most important 

Experiments were conducted in order to 
detennine whether a detectable difference in noise 
exists when a piano tone is produced by using two 
most distinguishable touches. For the purpose of 
this study, and following earlier examples, they 
are conveniently called "staccato" (finger striking 
from some distance above the key) and "legato" 
(finger initially resting on the key, i.e. thrust). 

The sound produced by a Steinway Model B 
concert grand piano was digitised and analysed 
Professional pianists were used to produce legato 
and staccato tones. From the analysed results it 
was clear that, in the case of staccato tones, an 
increase in noise was visible in the waveform from 
the onset of key movement until the real piano 
sound begins after hammer impact. Since this 
noise starts as soon as the acceleration of the key 
begins, it should be distinguished from the 
"thump" when the key hits the stop rail on the key 
frame and which was identified by Askenfelt and 
Jansson (1988) as playing a role in the character 
of the piano tone. 

In Figure 1 we have a typical graph showing 
the difference between legato and staccato 
produced tones with regard to the noise prior to 
the actual piano tone. (For reasons of clarity the 
real piano tone waveforms are not shown). The 
thin line represents hammer and the heavy line key 
displacement Observe the differences in the 



slopes of the displacements for legato and staccato 
tones, as well as the early noise wave form. 

" After extensive experimentation it was found 
impractical to design an electro-mechanical 
actuator because of the low level of the early 
noise, and of the force of almost 20 Newton with 
the concomitant extremely high acceleration of a 
key during staccato touch. Consequently, 
professional pianists were used for the tests. A 
series of experiments was then conducted in a 
small concert hall with a seating capacity of 300 
and a mean reverberation time of approximately 
1,3 seconds. The piano was placed in the centre 
of the stage, which has a wooden floor. Optical 
sensors were used to measure key and hammer 
displacements. Due to mechanical restraints, the 
hammer displacement of only the G key below 
middle C (196 Hz) could be measured and only 
the results of tests done on this key were used The 
outputs of the key and hammer sensors and of the 
sound level meter were digitised at 9615 Hz per 
channel by means of a AID convertor board in a 
personal computor. Anti-aliasing low pass 
filtering of the sound level meter signal at 4 KHz 
was applied. Results were saved on disc. 

Four pianists were requested to produce the 
tone G, using either legato or staccato touch. The 
key had to be sustained for approximately two 
seconds. By trial and error only peak dBA 
readings within 0,5 dB of 86 dB (i.e. 
corresponding to forte in music) were registered 

From the results of these experiments it was 
clear that early noise in staccato tones could be 
detected and measured, as is shown in figures 2 
and 3. 

Figure 2 shows three legato (thin lines) and 
three staccato (heavy lines) tones. There is an 
increase of 20-25 dB in sound pressure from the 
moment hammer acceleration starts. 

In Figure 3 the vertical scale is 200 Hz per 
section (not shown in the figure). Observe the 
concentration of energy in the region of 200Hz. 

The possibility that the noise caused by the 
lifting of the damper from the string could 
influence the level of early noise was investigated 
If this should be the case, depression of the pedal 
before the depression of the key will decrease the 
level of early noise. The correspondence of the 
graphs in figure 4 shows that the depression of the 
pedal had no definite effect on the level of early 
noise. The heavy lines show staccato touch 
without depression of the pedal and the thin lines 
halfway and full depression of the pedal before the 
tone was produced. It is consequently evident that 
the lifting of the damper only has a minimal and 
comparatively negligable effect on early noise. 

Three dimensional spectrograms of legato and 
staccato tones are depicted in figure 5. The clean 

beginning of the legato tone is obvious. The 
presence of early noise before hammer impact in 
the staccato tone (bottom figure) is apparent from 
the big lump before the actual tone starts. The 
beginning of early noise coincides with that of the 
key displacement. 

Typical profiles of the key movement in the 
case of legato and staccato tones are shown in 
figure 6. (Thin line = legato; heavy line = 
staccato). The displacement, velocity and 
acceleration patterns of legato and staccato tones 
are shown. Especially, observe the vast 
differences in key speed and acceleration between 
the two touch modes. Typical hammer movement 
patterns are depicted in figure 7. The sudden 
acceleration with staccato touch is evident. 

The patterns shown gave definite clues about 
the origin of early noise resulting from staccato 
touch. It is obvious that at the start of the key 
movement both key and hammer are subjected to 
extremely high acceleration which requires a 
substantial force with a very fast rise time. It 
therefore was inferred that this force is 
transmitted to the key pivot on the pin bar which 
in turn is bound to cause a vibration in the pin bar 
itself, from where it is conducted to the body and 
soundboard of the piano, causing the observed 
noise. 

At this stage we realised that the origin of 
early noise should be studied more closely. 
Consequently the vibration induced in the pin bar 
was measured. An accelerometer was attached to 
the left hand side of the pin bar close to the point 
where it is joined to the frame of the piano, and its 
output was digitised 

A CSL digital processing system was also 
added to the equipment. Two crossed 
microphones were placed on the righthand side of 
the piano. Their outputs were fed via 
preamplifiers to the CSL inputs. The sampling 
rate was 40 KHz, resulting in a bandwidth of DC 
to 16 KHz. The results were digitally recorded on 
disk, and could be edited digitally. These readings 
were also used in the listening tests. 

The results revealed a definite relationship 
between key and hammer acceleration and the 
vibration of the pin bar as is illustrated in figure 
8. (Thin line = vibration, heavy line = hammer 
acceleration.) The correspondence between high 
hammer acceleration and higher amplitude of the 
vibration signal is obvious. It is thus concluded 
that the early noise is caused by the high 
acceleration of the key and hammer and 
consequently it should be referred to as 
"acceleration noise". 

And, just to strongly confirm, on this graph 
(figure 9) the signal of the accelerometer is 
superimposed on the microphone signal. It can be 
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seen that the onset times of the vibration and early 
noise signals coincide, and that the general 
character of the two signals is alike. 

Most convincingly, a comparison between the 
sound pressure level of a staccato produced tone 
and that of the vibration level of the pin bar when 
staccato is produced, confirms the close 
correlation between vibration and early noise 
(Figure 10). The question remained, however, 
whether the presence of early noise makes a 
difference to the perceived sound quality of the 
tone. 

listening tests were conducted using musically 
educated listeners. The first test consisted of eight 
different combinations of three complete tones 
including early noise, two of which were of the 
same touch. 

Three different recordings of legato and 
staccato tones were used in random order. The 
listener had to indicate on a preprinted form 
whether each of the three tones of a combination 
was legato or staccato (Figure 11). In this case 
the results show that the subjects could easily 
recognise the difference between legato and 
staccato touch. As can be seen on the figure the 
recognition was virtually faultless. 

In the second test the first ISO milli-seconds of 
the piano sounds used in the first tests were 
removed, i.e. only the real tones, without any 
early noise, were used. The hypothesis was that 
if there is an audible difference between legato 
and staccato tones due to early noise, there should 
be no audible difference between legato and 
staccato tones when the preceding early noise is 
removed. The same combinations of white noise 
and piano signals as in the first listening test were 
used. Because of the difficulty of telling the 
difference between staccato and legato tones with 
early noise removed, the listeners only had to 
indicate which two of the three tones in a 
sequence sounded similar (or indicate that they 
could not hear any difference). 

Here, in ten of the 32 combinations they 
indicated that they could hear no difference at all 
and only six were correctly identified. 
Consequently it can be concluded, as is shown on 
the graph, that because it was very difficult for 
the subjects to hear any difference between legato 
and staccato touch when the AN was removed, 
they mostly guessed which tones were similar 
(Figure 11). 

To conclude, the results of this study show that 
acceleration noise is under control of the pianist 
and changes the measured and perceived quality 
of piano sound. The extent to which it plays a 
role in actual piano playing will require broader 
experimentation. 
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Figure 1: The microphone signals for leagto (left) and staccato touch (right) in conjunction 
with key and hammer movements. 
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Figure 2: Relative sound pressure levels for three staccato (heavy lines) and legato (thin 
lines) piano notes, played by the same pianist. 

Figure 3: Waveforms and sonograms of legato (lefthand side) and staccato (righthand side) 
piano sound. 
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touch without depression of the pedal and the thin lines with halfway and full depression of 
the pedal before the note is played, and pedal depression simultaneously with key activation. 

Figure 5: Three dimensional spectrograms of legato (left) and staccato (right) notes. The key 
movement is displayed on the far side of the figure. 
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Characteristics of piano sound spectra 
I Nakamura & D Naganuma 

Abstract 
It is shown by detailed analyses that piano sound spectra consist of three series of partials. The flISt series 
contains partials of high amplitude level and strong inhannonicity, while the second series is characterized 
by a low amplitude level as well as a weak inhannonicity. Both the first and second series represent the 
transverse wave propagation on the dispersive piano string. The third series, which is caused by 
longitudinal wave motion, is independent of the two other series. Its fundamental frequency is near the 
10th odd partial of the ftrst series. Long-time spectra of a large number of tones from grand and upright 
pianos are compared each other. 

1. Introduction 
There have been many studies on the 
inharmonicity of partials of piano sound such as a 
work by H. fletcher et al (1962). Bachmann et al 
(1989) have published a study on the split of a 
piano sound spectrum by using the AR analysis, 
but without details of its characteristics, and 
commented that the cause was not known. This 
paper describes three kinds of spectra of piano 
sound obtained by high resolution analyses using 
a long-time FFf. 

2. Inharmonicity of piano sound 
Piano sound has unique characteristics which are 
not observed in other musical instruments, the 
inharmonicity being one of them. This is a 
characteristic of the frequency of harmonics being 
higher than multiples of its fundamental 
frequency, and this trend increases with the order 
of the harmonics. Therefore, the harmonics of 
piano sound is called 'partials'. 
fletcher has proposed that an approximation of 
the frequency of each partial is 

(1) 

where in is the frequency of the n-th partial, fa is 
the fundamental frequency for an ideal string with 
no elasticity, and B is a constant for each string. 

3. Analyses of piano sound 
The sounds of DI, AI, D2, A2, D3 and A3 of a 
grand piano (Yamaha CF-III) and GI, G2, G3 
and G4 of a upright piano (Yamaha VI-H) were 
analyzed by the FFf. For the grand piano, sound 
spectra were obtained by sampling each sound 
from a digital tape record with 48 kHz sampling 
rate, and by applying the Blackman-Harris 
window to 65536 sampling points (about 1.37 
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Figure 1,' Spectrwn of A3 sound. 

sec). Two levels of loudness, ff and mf, of the 
sound were produced by using a key-striking 
apparatus. The same procedures were applied to 
the upright piano, except for an analogue tape 
record in an anechoic room. 

4. Separation of spectrum series 
Figure 1 shows the mean frequency spectrum of 
sound of note A3 (the 37th key, three plain 
strings, 220 Hz) over 1.37 sec approximately 
from its rise time. This shows that frequency 
components (not noises) having relatively large 
amplitudes are between the partials (shown by 
dotted lines). These are the components 
recognized as 'spectrum split' by Bachmann et al. 
A split component appears at a lower frequency 
than its original partial. The frequency difference 
between an original partial and its split component 
increases with the frequency of the partial (i.e. a 
wider different at a higher partial). When a series 
of split components is separated from the series of 
original partials, it has been found that the fonner 
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is a different series of partials. Therefore, let us 
call the series of original partials 'upper series', 
and the series of the split partials 10wer series'. 

fa and B in Eq. (1) were obtained by 
extracting the frequencies of each of the upper and 
lower series, and by applying Eq. (1) and the least 
square approximation. The deviation of the 
frequency of the n-th partial from the multiples of 
fa. in unit of 'cent', is given by 

6. ~ 120010g,[ ~J (2) 

Fig. 2(a) shows measured values (0 ,*) of On 
and calculated values (solid lines) of On (by using 
the least square approximation) for note A3. Some 
partials are not successfully extracted, because 
their amplitudes are in a noise level, or their 
spectra overlap those of partial. Fig. 2(b) shows 
the levels of spectra of the upper and lower series. 
The two series are almost proportional, except for 
minor differences which seem to be caused by 
different driving-point characteristics of the 
soundboard. A conspicuous peak at the 28th 
partial in the lower series is considered to be 
particular vibration (e.g. the longitudinal wave). 
Fig. 3(a) shows the inhannonicity of A2 (25th 
key, three plain strings, 110 Hz) of the grand 
piano; Fig. 3(b) shows that of Al (13th key, two 
single wire-wound strings, 55 Hz). Fig. 3(c) 
shows that of G2 (23rd key, two single wire
wound strings, 98 Hz) of the upright piano. All 
graphs in Figs. 2 and 3 show a common trend in 
their characteristics. Fig. 4(a) shows the value of 
B for each of keys 01, AI, 02, A2, 03 and A3 of 
the grand piano. Fig. 4(b) shows that for each of 
the keys G 1 through G4 of the upright piano. 
These show that both types of piano have two 

series of the those value of B , the values in the 
lower series being about 1/4 in the upper series. 

The time variation of B was measured. Fig. 5 
shows the sound waveform at note A2 of the 
grand piano, together with 4 analysis sections 
each of which has a period of 1.37 sec with an 
overlap of 0.37 sec (i.e. one second late). Table 1 
shows the results of the analyses of fa and B for 
each section. Both the factors are constant and 
independent of the amplitude-decaying 
characteristic. 

Let us examine the difference of spectra due to 
the intensity of the sound. Fig. 6(a) shows the 
frequency spectrum of amplitude level at A2 
stroke for a loudness ff. (Note, all the data 
previously discussed are for fl.) Fig. 6(b) shows 
that for mf. The amplitude of each partial is 
shown in these spectra taking the maximum 
amplitude in a spectrum as 0 dB. Although it is 
obvious that a stronger striking of a key produces 
higher partials in the upper series, these are even 
more clearly seen in the lower series. Fig. 7 
shows the inhannonicity for If (~) and mf (.). 
Each inhannonicity is independent of the striking 
condition. 
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5.Short-time spectrum 
and the longitudinal wave 
To investigate the variation of a spectrum with 
time, a waveform of sound of G2 analyzed by a 
FFT with the Blackman-Harris window having a 
window length equivalent to 16 wave cycles. Fig. 
8(a) shows a spectrogram obtained by shifting the 
window every 10 ms; and Fig. 8(b) shows a 
spectrum obtained with a window of 1.3 sec 
(about 130 wave cycles), Fig. 8(c) being the 
waveform used for the analyses. These show the 
variation of each spectrum with time, and the 
separation of the spectra. Fig. 9(a) through Fig. 



9(d) show examples of the time vananon of 
partials. These suggest that the separated spectra 
vary totally independently. The 35th partial in the 
lower series has a significantly larger amplitude 
compared with its neighbours, suggesting that this 
belongs to a different series; such as longitudinal 
waves. Assuming that this is the 3rd hannonic of 
the longitudinal wave, the 24th partial in the lower 
series must be the 2nd hannonic of the 
longitudinal wave. Assuming that the 12th partial 
overlaps the fundamental of the longitudinal wave, 
the series of the longitudinal wave can be seen 
clearly. 

Figure 10 shows the frequency spectrum of Al 
sound which indicate typical partials of the 
longitudinal wave. The fundamental through 4th 
partials are shown by arrows in the figure. 

6. Conclusion 
The spectra of piano sound have been separated 
into three series by detailed analyses. The 
characteristics of each series of the spectra are as 
follows: 
1) Series fonned by the transversal wave with 
strong inhannonicity and high amplitude level 

This spectrum series is well known. The 
inhannonicity of this series is due to the elasticity 
of strings. This inhannonicity agrees with that 
calculated assuming that the transversal wave 
propagates at the phase velocity. Piano sound in 
this series produces a warm torn quality. The 
stronger the key-striking force, the larger the 
amplitude of higher-order partials, due to the non
linearity of the hammer system. 
2) Series fonned by the transversal wave with 
weak inharmonicity and low amplitude level 

This spectrum series is separated from series 
1) at higher-order partials. This has clearly a 
weak inharmonicity. Higher-order partials in this 
series have relatively larger amplitudes when the 
string is struck strongly. This is considered to be 
the reason that the timbre of pianos varies 
according to the types of piano when their keys 
are pressed strongly. This is not only due to its 
non-linearity, since the frequencies of partials are 
independent of the string-striking force. This 
seems to be some cause related to the string; 
possibly its parallel vibration to the soundboard. 
This appears in both the grand and upright pianos, 
but with fewer missing parts of the mode in the 
grand piano sound. 
3) Series due to the longitudinal wave 

The cause of an irregularity in the 
inharmonicity of partials is considered to be the 
longitudinal wave which has been pointed out by 
Conklin (1990). Although he has pointed out the 
fundamental of the longitudinal wave, the author's 
analyses show that this wave has a structure of a 
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partial series. 
The fundamental of the longitudinal wave 

appears near the 10th odd partial of the 
transversal waves, since the velocity of the 
longitudinal wave is 10 odd times as large as that 
of the transversal waves on the piano string. 
Some higher partials of the longitudinal wave are 
influenced by the dispersivity. 

Piano sound synthesized from series 1) gives a 
simpler impression than sound produced by a real 
piano. This sound quality can be improved by 
adding series 2). The desirable relationship 
between series 3) and transversal wave-modes has 
been little known. 

All these mechanisms should be investigated in 
the future. 
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Section Time Upper series Lower series 

No. (sec) fa (Hz) B. fa (Hz) BI 

1 0.00-1.37 110.576 0.000077 110.579 0.000020 

2 1.00-2.37 110.563 0.000077 110.557 0.000020 

3 2.00-3.37 110.561 0.000077 110.528 0.000020 

4 3.00-4.37 110.570 0.000077 110.594 0.000019 

Table 1: The values of fo and B for 4 
analysis sections. 
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The effect of geometry on the tone separation 
in Chinese two-tone bells 
T D Rossing & L von F alkenhausen 

Abstract 
Ancient Chinese bells with an almond-shaped cross section produce two different notes when struck at two places 
on the bell. The perceived pitch interval between these two notes is most often around a minor third or a major 
third. The bell founders would have had four ways to control the interval between the two tones: 1. By suitable 
choice of the length-to-width ratio or eccentricity; 2. By changing the yu or mouth cutup; 3. By varying the 
thickness of the bell; 4. By fine-tuning after casting by cutting grooves in the bell. We have made a study of a 
large number of ancient Chinese bells for which geometric dimensions as well as tone frequencies are available. 
In some bells, there is a reasonably good correlation between eccentricity and the frequency ratio of the two 
tones; in other bells, none is apparent. We discuss the likelihood that the ancient bell designers used each of the 
four techniques described above to control the interval between the two notes. 

Anciem Chinese bells with almond-shape cross 
sections have attracted the attemion of 
acousticiansl

-
5 as well as musicologists and 

archaeologists6-8. Due to their non-circular cross 
sections, the nOImal modes of vibration of a 
circular bell are split into doublets, with each 
member of the pair having a slightly different 
frequency9. This results in the bells having two 
distinct tones, which we refer to as the A- and 
B-tones. 

The pitches of the two tones appear to be 
determined largely (but perhaps not entirely) by 
the frequencies of the lowest doublet mode pair. 
While the musical interval between the two tones 
varies rather widely in anciem Chinese bells, it is 
frequently about a minor third on the Western 
musical scale. An important question, to 
acousticians as well as archaeologists and music 
historians, is how the ancient Chinese bell casters 
controlled the interval between the A- and 
B-tones. 

The bell founders would have had four ways 
to control this interval: 
1. By suitable choice of the width-to-depth ratio; 
2. By the height of the yu or mouth cutup; 
3. By the thickness contour; 
4. By fine-tuning after casting by cutting grooves 

in the bell. 
A priori, one might expect the first method to be 

the most convenient one to use. Experiments with 
noncircular cylinders have shown that the 
frequency ratio fBlfA varies in a consistent way 
with the width-to-depth ratio wId 10,11 However, 
we observe a surprising lack of correlation 
between the tone interval and wId in ancient 
Chinese bells. Figure 1 shows fAltB for the 45 

yongzhong and 19 niuzhong in the renowned 
Zeng Hou Yi assemblage, We have used different 
symbols for the bells in the upper. middle. bottom 
rows. and for those bells whose inscriptions 
indicate they were intended to be major-third or 
minor-third. There appears to be surprisingly little 
correlation between the ratios fBlfA and wId in the 
Zengbells. 

We have had the opportunity to study over 20 
bells in the Arthur M. Saclder collection, most of 
them at the Smithsonian Institution in 
Washington. Figure 2 shows the frequency ratio 
fBlfA vs the width-to-depth ratio wId for 19 of the 
Saclder bells. Again. we see only a small 
correlation between the frequency and the 
width-to-depth ratios. Figure 3 shows the same 
correlation for 205 ancient Chinese bells, 
including the Zeng Hou Yi and the Saclder sets. 
as well as all known sets whose frequencies and 
dimensions have been published, mostly in 
Chinese sources. The lack of correlation between 
frequency and width-to-depth ratios might lead 
one to believe that this was not a parameter used 
to control the musical interval in ancient bells. 

There are relatively few data from which one 
may assess the dependence of the A-tone/B-tone 
interval on the height of the yu or the arch in the 
mouth. Lehr12 found only a small such dependence 
in a replica bell, and Bresnahan. et al.13 found a 
similarly small dependence in a noncircular 
cylinder. Furthermore. there appears to be 
relatively little variation in yu height in various 
yongzhong. Apparently this method was not used 
either. 

331 

What about the wall thickness? Figure 4 
illustrates how the A-tone/B-tone interval can be 



uo ~----,-----r----r---:-M;;'ID~D~L-;:;-E ~RO~W;;-] Figure 1: Interval between A- and B-tones as 
a function of the width-to-depth ratio in the 
Zeng Hou Yi bells. (a) Bells in the middle 
row; (b) Bells in the upper row and bottom 
row. m3 denotes bells whose inscriptions 
suggest that their intervals were intended to 
be a minor third, whereas M3 indicates their 
intervals were intended to be a major third. 
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Unfortunately, detailed measurements of 
thickness are not available in most bells. Figure 7 
shows the frequency ratio fBifA vs the ratio of 
thickness for the lower and middle tiers of bells in 
the Zeng Hou Yi, measured at the mouth near the 
locations of the arrows in Fig. 4. If wall thickness 
were used to determine the interval between the 
two tones, one would expect this correlation to be 
high. It isn't. In the smaller bells in the upper tier, 
in fact, the correlation is slightly negative. The 
same comparison in a set of six bells in the 
Sackler collection, shown in Fig. 8, shows a 
positive correlation but with considerable scatter, 
as do the Piao-Shi Bian Zhong (whose contours 
appear in Fig. 6) in Fig. 9. Other sets of bells 

FREQUENC'i RATIO us WIDTH/DEPTH RATIO: SACKLER BELLS ___ ---, 

1.3Bc- 1'1= 0.199 B= 0 .920 R= 0.424 
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o 

Figure 2: Interval between A - and B -tones as a function of the width-to-depth ratio for 19 bells 
in the Sackler collection. 
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DC 
(a) (b) 

Figure 4: Cross section of a two-tone bell, 
showing the locations where the bell walls 
should be thinned in order to decrease (a) or 
increase (b) the interval between the A -tone 
and the B-tone. 

show negative correlations, as shown in Fig. 10. 
Thus, one can argue that the ancient bell casters 
did not control the intelVal by carefully carving 
the molds so that some portions of the bell would 
be thicker than others. 

The extent to which the bell casters were able 
to pre-detemrlne the intelVal between the two 
tones remains somewhat of a mystery. Figure 1 
indicates that the actual intelValS in the Zeng bells 
sometimes do not match the intelValS suggested by 
their inscriptions (some "minor-third" bells have 
intelValS considerably greater than a major third, 
while one "major third" bell has an intelValless 
than a minor third. Figure 11 shows the 
distribution of A-tone/B-tone intelValS (in cents) 
in both the Zeng Hou Yi and Wangsun Gao bell 
sets. (Major-third and minor-third intelValS, on the 

(a) (b) (0) 

Figure 5: Thickness profiles that produce 
different A-toneIB-tone intervals. Profile (a) 
results in the largest interval, profile (c) the 
smallest. 
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scale of equal temperament, are 400 cents and 
300 cents, respectively). 

If pre-detemrlning the tone intelValS was 
difficult, did they rely on fine-tuning after casting, 
perhaps by selective thinning or by cutting 
grooves in the bell? This subject has been the 
subject of considerable discussion amongst 
Chinese scholars and archaeologists, and there is 
wide disagreement. It is difficult to detennine, 
after all these years, whether the bells were 
thinned by carving the molds or by thinning the 
bells after casting. Relatively few bells have been 
carefully examined on the inside, and corrosion 
over the years has obscured surface details. 
Modem versions of the ancient bells often have 
grooves that detemrlne their intelVal tuning with a 
greater degree of exactness than the original bells 



o lOan 
~--' I 

Figure 6: Cross sections of 12 bells in the 
Piao-shi bian zhong, showing complex 
variations in the wall thickness 15 

after which they are patterned 14 

Having no electronic instruments or reliable 
tuning standards, the ancient bell founders could 
tune only by ear. It is not at all unlikely that they 
cast many bells, selected the ones whose sounds 
they liked and melted down the others to be 
re-cast. Tuning of the A-tone may have been a 
more important selection criterion than the 
A-tone/B-tone interval. In the case of bells which 
were inscribed with a note name at the time of 
casting, the match to this designated note name 
would become an important criterion for 
acceptance, although the match in many bells was 
far from perfect, as we have noted already. 

However well the ancient Chinese bell 
founders were able to predict or control the tone 

separation in the two-tone bells they cast, their 
skill was remarkable. Many of the bells still 
remain, after these thousands of years, musical 
instruments of high quality, and a number of 
concerts have been played on these ancients bells. 
Studying their acoustical and musical properties 
has bee~ a fascinating challenge for many 
scholars, mcluding the authors! 
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A look at violin bows 
A Askenfelt 

Abstract 
It is well-known that the particular choice of bow influences the tonal quality of a violin. This effect has been 
attributed to either a modulation of the "bow pressure," or the bow velocity at the contact point with the string, or 
a combination. In both cases, resonances in the bow stick, coupled to the longitudinal motion of the bow hair, can 
be assumed to playa central role. 
Some of the dynamical properties of violin bows have been studied. From a set of bows ranging from poor to 
excellent, basic properties as mode frequencies and damping ratios have been collected, and an attempt to 
connect the data with tonal quality, as judged by professional players, has been made. Attempts of tracing the 
perceived tonal differences down to characteristic differences in the string motion have been made by the use of a 
PC-controlled bowing machine. 

Introduction 
Musicians seem to rate the quality of a bow in 
two respects, dealing with; (1) the way the bow 
can be controlled in playing ("playing 
properties"), and (2) the influence of the bow on 
the tone quality ("tonal qualities"). It seems 
reasonable to assume that both these quality 
aspects basically are defined by the distributions 
of mass and stiffness along the bow stick. 
However, rather than aiming at such a 
description on a detailed level, it would be 
tempting to describe the playing and tonal 
qualities separately by a few global measures. 
For example, the playing properties could 
possibly be summarised in a set of parameters 
like the position of centre of gravity, the centre of 
percussion (with respect to an axis through the 
frog), and resistance to bending for a well 
defined load. 

The tonal properties, which is a more 
surprising effect, have been assumed to have a 
connection with the normal modes of the bow. 
These include transverse vibrations of the bow 
stick (bending modes), and longitudinal 
resonances in the bow hair (Cremer, 1981; 
Schumacher, 1975). A model of the mechanism 
which accounts for the influence on the string 
vibrations has not been presented as yet, but a 
modulation of the normal bow force ("bow 
pressure"), as well as a variation in bow velocity 
during sticking, have been proposed as 
plausible explanations. This study focus on the 
normal modes of violin bows, and their possible 
influence on the string vibrations. 
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Normal modes of the bow 
The freely suspended bow stick, without frog and 
bow hair, typically shows about a dozen 
pronounced modes up to 4 kHz. The stiek 
vibrates basically as a free - free bar. The mode 
frequencies form a series starting with the typical 
values 60, 160, 300, 500, 750, 1000, 1300, and 
1700 Hz, approximately. 

The damping ratio for the modes of the free 
bow stick is typically in the range 0.2 - 0.6 % 
(percent of critical damping), slightly increasing 
with mode frequency. When the bow stick is held 
in a light finger grip as for playing (baroque 
style), the damping increases drastically (an 
observation with well-known parallels in the 
studies of the violin). The damping ratio for the 
lowest bow modes increased by about a factor 20 
to approximately 6 %. 

A comparison of a set of bows ranging from 
"very poor" to "excellent" with respect to tonal 
quality as rated by two professional players, 
showed no clear differences in the mode 
frequencies between bows of good and poor 
quality, respectively (see Fig. 1). The damping 
ratios, on the other hand, suggest that good bows 
have lower damping below 1000 Hz. However, as 
evident from Fig. 1, the picture is far from clear
cut. 

No dramatic changes occurred when the frog 
and bow hair were mounted to the bow stick. The 
mode frequencies were lowered by 1 - 7 %, while 
the damping ratios doubled. An additional mode 
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Figure 1,' Comparison of mode frequencies and damping ratios (percent of critical damping) 
of seven bow sticks from a set of bows rated on a scale 0 - 10 ("very poor" - "excellent") in 
tonal quality. 

was found in the assembled bow, identified as the 
lowest transversal mode of the bow hair 
(resembling the fundamental resonance of the 
string). The frequency of this mode falls between 
60 - 75Hz for a normal tensioning of the bow 
hair, and consequently it couples to the lowest 
mode of the bow stick at about 60 Hz. 

Bow in action 
The best way of characterizing a bow, in 
particular for the purpose of physical modeling, is 
probably by the impedance of the bow as seen by 
the string (in both the transversal and longitudinal 
direction). Such measurements were initiated 
several years ago (Schumacher, 1975). However, 
before undertaking such measurements again, it 
seemed worthwhile to try a straight-forward 
approach to verify that an individual influence of 
the bow on the string vibrations could be 
observed. For this purpose a PC-controlled 
bowing machine was utilized, by which any 
reasonable bowing pattern can be reproduced 
(Cronhjort, 1992). The use of the machine ensured 
that the bowing parameters (bow velocity, bow 
pressure, and bow-bridge distance) were the same 
for all bows tested. 

Anticipating the results of such measurements, 
the conclusion is that a lot goes on in the bow 
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itself - differently for different bows - but the 
influence on the string vibrations is small. The 
examples that follow will illustrate this 
characteristic behavior. 

"Steady state" 
As a start, a "steady state" condition was studied, 
obtained from a detache stroke by the machine. 
The observed portion was captured as a short part 
of the bow hair (4 mm) at the middle of the bow 
passed the string (see Fig. 2). Looking at the 
string displacement close to the bridge and the 
acceleration at the bow tip, the string is seen to 
follow the expected Helmholtz motion, while the 
bow stick rings with a strong component at about 
2000 Hz, trigged at each slip-phase. For certain 
bows this ringing can be quite strong, but it is not 
reflected in the string motion (cf. bow Band K). 

The bow stick has resonances in the 2-kHz 
region as mentioned, but the vibrations in this 
frequency range may also be boosted by 
longitudinal resonances in the bow hair in the 
region 1500 - 3000 Hz. The pronounced ringing 
gives a "formant" character to the spectrum of the 
bow vibrations, but an influence on the string 
spectra from these strong bow components was, 
however, not possible to verify, in line with the 
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Figure 2: String displacement and bow tip 
acceleration at the middle of a detache 
stroke for two bows (B and K) played by a 
bowing machine (bow velocity 200 mm/s, 
bow force 800 mN). The excerpt shown in the 
figure corresponds to 4 mm of bow motion. 
Note the ringing in the bow stick triggered at 
each slip phase. The string displacement was 
measured optically about 2 mm from the 
bridge. 

observations on the waveform. 
A comparison of the string velocity signals 

recorded with four bows from the set of bows in 
Fig. 1, showed remarkably similar waveforms, 
despite that the bows were of very different 
quality, ranging from "good" (G) to "very poor" 
(B) (see Fig. 3). The ripple with increasing 
amplitude during sticking, the so-called 
"Schelleng's ripples," is not a effect mainly of the 
bow resonances, but caused by reflected 
secondary waves in combination with the torsional 
motion of the string. However, the bow 
admittance is completely additive to the torsional 
effects, so this is exactly the place where we could 
expect to see an influence of individual bows. A 
rough estimate shows that the effect of the finite 
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Figure 3: Comparison of string velocity 
waveforms for four bows played by a bowing 
'!"lachine (de tache stroke, bow velocity 200 
mmis, bow force 800 mN). The string velocity 
was measured electrodynamically at about 
35 mm from the bridge. 

bow admittance can allow for a difference of the 
order of 10 % between the nominal bow speed 
and the instantaneous velocity of the bow hair (at 
the contact point with the string) during sticking 
(Schumacher, 1975, 1979). 

For the four bows in Fig. 3, the observed 
differences during the stick-phase are small, 
possibly with a little more pronounced ripples for 
the bow of more respectable quality (bow G). A 
larger difference can, however, be observed in the 
slip velocity which reaches a slightly higher peak 
value for bow G, which in tum gives a somewhat 
steeper slope of the slip pulse. It should be 
mentioned that all bows in the test collection had 
been rehaired before the experiments, using hair 
from the same horse (tail) . 

Not surprisingly, the corresponding string 
velocity spectra for the four bows were also very 
similar, however, with some enhancement in the 
range 2 - 3 kHz for bow G. The same trend was 
observed also when measuring the motion of the 
bridge instead of the string velocity. It must be 
emphasized that these results still are tentative, 
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Figure 4: Martellato note played by the 
bowing machine. Note the prompt start of the 
periodic string vibrations. 

but nonetheless interesting, as they refer to a 
frequency range which is ~own ~o b~ . of 
importance for the sound of hlgh-quahty vlolms 
(Jansson, 1992; Diinnwald, 1990). 

The reader can judge the timbre produced by 
two bows rated as "very good" and "disaster," 
respectively, when played by a ~rofessional 
violinist (SOUND EXAMPLE 1). AdmIttedly, the 
difference is small, even live, but we can be sure 
of that the player has a more profound opinion 
about which bow is to be preferred. 

The vibrations in the bow are also interesting 
to hear (SOUND EXAMPLE 2). The accompanying 
glissando comes from a noise component, starting 
below 100 Hz and ending at about 1200 Hz. 
Probably, it is due to the transversal vibrations of 
the continuously shortened and lengthened 
"speaking length" of the bow hair as the bow 
moves. 

Accented bow strokes 
Two versions of "sudden" bow strokes were tried 
with the bowing machine, one milder, defmed as 
"accented up-bow," the second being a powe~Il 
martellato in a down-bow. As expected, the stnng 
amplitude grew much faster and to a higher 
amplitude in the martellato. 

The accented up-bow was characterized by 
two episodes of ringing, the first at about 1700 Hz 
(probably the longitudinal bow hair resonances) 
followed by a ringing of a stick mode at about 
800 Hz. Both were superimposed on a slow 
oscillation at about 40 - 50 Hz, which is the 
"trembling" of the bow after the sudden attack. 
The build-up of the periodic string vibrations was 
uncertain, and the transient state lasted for more 
than 100 ms. 

In the bow vibration spectra, these ringings are 
actually seen as resonances between the peaks 

corresponding to the string partials. This gives a 
spectral signature of the bow, as they occur at 
frequencies Which differ from one bow to the 
other. However, the presence of these resonances 
in the string spectra is obscure. 

The martellato start was usually prompt anc 
surprisingly clean with properly spaced pulse~ 
from the very first period (see Fig. 4). In between, 
the bow stick is seen to ring at about 2000 Hz, as 
observed for the detache stroke. Bows with a 
pronounced ringing (cf. Fig. 2, bow B), can give 
problems in the start, with spurious small slip 
events in between the regular slip-phases. 

Conclusions 
A set of violin bows of varying quality has been 
examined with respect to modal frequencies and 
damping. For the free bow stick, the damping is 
generally low and a trend between rated ~uality 
and mode damping could be observed, whIle no 
such dependence could be seen for the mode 
frequencies. With the bow assembled, the 
damping increased by a factor two due to the bow 
hair, and by an additional factor 10 due to the 
player' s holding 
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In playing (by a bowing machine), differences 
in the action of different bows under identical 
bowing conditions could be observed, in particular 
for sudden bowing patterns, However, the 
influence from the bow on the string vibrations 
was small, and much harder to document. 

Small as it might seem, the influence of the 
bow on tonal quality is nevertheless an important 
element in professional violin playing. This does 
not necessarily mean that the layman will judge 
the effect as overwhelming. The sound produced 
by 8 different bows in the hand of a professional 
violinist can be compared in SOUND EXAMPLE 3. 
Among the bows are a bow of high quality (about 
20 000 SEK), a fiber-glass bow (300 SEK), and a 
bow of birch (0 SEK), the others ranging in 
between these extremes. Again, it is safe to 
assume that the player has a much clearer opinion 
of the quality of the bows than we do as listeners. 
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Microstructures and properties of bent spruce 
C Y Barlow & J Woodhouse 

Abstract 
It has been suggested recently that some old Italian violin makers may have formed arched plates by bending 
rather than by carving from the solid, as is now usual. It is thus of interest to know whether such permanent 
deformation changes the material properties: for example the effective Young's moduli, the density or the fracture 
toughness. Any variation in these quantities will depend on the mechanism(s) of permanent deformation at the 
cellular level. Possible mechanisms are identified for softwood (which has simpler cell structure than hardwood), 
and the behaviour to be expected from them is investigated using the theory of honeycomb structures. These are 
then compared with results from small beam specimens of Norway spruce (Picea abies) which were bent under 
constant load around a cylindrical rod, using either ammonia or steam to encourage plastic deformation. Changes 
in effective Young's modulus were monitored by vibration tests, and microstructural deformation was examined 
by scanning electron microscopy. Microstructures in these bent beam specimens were also compared with those 
in a.violin front (of Sitka spruce) which had been bent by a method involving both ammonia and hot water. 

Introduction 
There has recently been a debate in the 
violin-making world about whether the back and 
front plates of some old violins might have been 
made using bending, rather than the 
now-traditional route of carving (Lolov 1984; 
Owen 1990; Fulton 1992). The rationale behind 
this suggestion is three-fold First, the grain 
pattern on some fronts suggests that the wood was 
initially flat; ' second, scorch marks have been 
found on some instruments; and third, with the 
traditional method of carving it is not possible for 
the long arch to be cut following the grain 
everywhere, so it would seem logical that a 
stronger instrument might be made by bending 
instead. We carried out the present investigation 
to see what would be the effect of bending on the 
wood microstructure and its mechanical 
properties. 

A basic method for bending the plates for 
violin fronts is described by Lolov as follows. A 
bookmatched pair of thinned (8 mm) spruce slabs 
is cramped together along three sides, and wedges 
driven in between the plates in the places 
corresponding to the upper and lower bouts to 
create the arching. A variant of the method 
involves the use of an external mould as well. In 
order to defonn without splitting, the wood has to 
be very pliable. Wet, unseasoned, wood has been 
used satisfactorily without further treatment, but 
wood which has been seasoned needs to be 
softened, or "plasticised". The molecules of 
certain substances can enter the lignin which is a 
constituent of wood, and soften it, so that the 
wood may be bent. Two commonly used 
plasticising agents are steam (or hot water), and 
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ammonia. In the present study we report 
investigations of the effects of both substances. 

Softwoods in general have a rather simple 
cellular structure (Dinwoodie, 1989). The vast 
majority of the cells are tracheids, which run 
axially in the tree. The cells are hollow, and are 
needle-shaped. with length-to-diameter ratios of 
the order of 15. They fit together to fonn an 
irregular honeycomb in the "end-grain" view of 
wood. The tracheids are "glued together" by a 
layer of amorphous material, mainly lignin, called 
the middle lamella. Spring growth produces 
large-diameter tracheids with thin walls, but as the 
growing season comes towards its close the cells 
become progressively smaller in radial extent and 
thicker-walled, until growth stops. 

Experimental 
Three sets of small beam specimens of air-dried 
Norway spruce were prepared for bending in the 
laboratory: nearly quarter-cut cross-grain samples 
(tenned "square" cross-grain, from the orientation 
of the cells), cross-grain samples with the annual 
rings at 20° to the vertical (tenned "diamond" 
cross-grain), and long-grain samples. The samples 
were bent by pulling them around a cylinder of 
diameter 25 mm, using a flexible strap with a 2kg 
weight hung from it. By this method, we were able 
to bend the cross-grain samples readily, but the 
long-grain samples invariably failed by localised 
buckling. The two sets of cross-grain samples had 
dimensions approximately 30 x 6.5 x 5.5 mm (the 
last being the through-thickness dimension for 
bending). Under ambient conditions, this loading 
produced negligible penn anent bending. Two 



environments were used to encourage 
defonnation: ammonia gas at ambient 
temperature, and 100% humidity at a temperature 
of 80°C. Both Rroduced significant bending 
(through about 301) in the cross-grain samples 
within 12 hours. The observations of specimens 
bent in the laboratory under these somewhat 
artificial conditions were supplemented by 
observations on samples taken from a bent violin 
front (made from Sitka spruce) kindly supplied by 
Dr Peter Love. The plates had been bent by first 
being left for a week in an atmosphere of 
ammonia, then being clamped in a mould 
immersed in boiling water, and finally having 
wedges driven in over a period of about five 
minutes. By taking samples from near the centre 
line, on the most curved portions of the long arch, 
these plates provided specimens of spruce bent in 
the long-grain direction, which we had not been 
able to do using the small specimens in our 
laboratory apparatus. To monitor changes in 
effective Young's modulus, measurements were 
made of the fundamental frequency of free-free 
bending vibration. As a direct measure of Young's 
modulus this would not be expected to be very 
accurate for samples of such high thickness-to
length ratio with unknown through-thickness shear 
behaviour. However, changes in frequency before 
and after plastic bending give a direct indication 
of changes in modulus (after allowance for any 
weight change), the control samples revealing 
whether such changes are due in part to the effect 
of the environment alone. (Curvature itself also 
influences frequencies, but with such modest 
curvature the effect is small.) The frequencies in 
question lay in the range 4-11 kHz, and required 
some care to measure reliably with such small 
samples. Following impulsive excitation, the 
radiated sound was registered by non-contacting 
microphone while a sample was in free fall. The 
signal was recorded by digital data-logger and 

Table 1 

Young's Modulus GPa "Square" cross-cut 

Before bending: 0.50 

Afterbenrung: 
Ammonia 0.32 

Heat/humidity 0.37 

subjected to nonnal FFT analysis to identify the 
required mode frequency in each case. We were 
not able to make sensible measurements of 
Young's moduli for the samples taken from the 
violin front, as we did not have a set of specimens 
in the unbent state for comparison. 

After the vibration measurements had been 
taken, each specimen was prepared for 
examination in the Scanning Electron Microscope 
(SEM) by cutting a clean surface using a fresh 
razor blade. Electrical charging in the microscope 
was prevented by sputter -coating the specimens 
with a thin layer of gold. 

Mechanical properties 
The measured properties of the specimens were as 
in table 1. 
The difference in Young's moduli between the 
undefonned "square" and "diamond" cross-cut 
samples is broadly in keeping with their different 
angles of cut, according to oithotropic elasticity 
theory (McIntyre and Woodhouse, 1988, fig. 1). 
The measurements on the bent samples were made 
after the wood had been left for several days, to 
return to equilibrium humidity with the laboratory 
environment. Values were calculated making 
allowance for the fact that in some cases the 
specimen thickness was reduced during bending, 
mainly due to a gross shearing motion. This 
occurred to a marked extent in all specimens 
plasticised by heat/humidity, but very much less 
so with ammonia as the plasticising agent. The 
moduli of the samples were significantly reduced 
by bending. In the "square" sample, ammonia had 
a more drastic effect than steam. The "diamond" 
samples were equally affected by the two 
plasticising treatments. 

"Diamond" cross-cut Long-grain 

0.30 13 

0.25 

0.25 
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Defonnation mechanisms and structures 
The sketches in Figure l(a-c) show some ways in 
which the cellular structure of the wood might be 
expected to defonn under the bending load. The 
quarter-cut "square" cross-grain specimens seem 
most likely to defonn by buckling of the cell walls 
(so that the cells fOIm little concertinas). The 
"diamond" cross-grain specimens can defonn by a 
rather different mechanism, involving ooly 
shearing of the cells. The long-grain specimens 
may again deform by buckling into concertinas (in 
a different orientation), and adjacent tracheids can 
also pull apan at their overlapping ends. 

We found evidence of all of these mechanisms 
in our specimens, when they were examined in the 
SEM. In the bending of the "square" quarter-cut 
wood, most of the damage was concentrated on 
the compression sides of the samples, while the 
wood cells on the tension side were largely 
undamaged, but the defonnation was by no means 
uniform. In most cases the defonnation was 
greatest in the spring-growth wood close to the 
annual rings. This is not unexpected: the cell walls 
in these regions are thin, and have less mechanical 
strength than those in the summer-growth wood. 
In the wood plasticised by ammonia, the 
deformation was often in very localised bands in 
the spring or early-summer growth wood, as can 
be seen in Figure 2. These bands resulted from a 
knock -on effect: once one cell buckled, it put extra 
pressure on those around it to encourage them to 
buckle in tum. These very narrow localised bands 
were most likely to fonn when the defonnation 
mechanism of the wood involved catastrophic 
collapse of the cells. Where the cells crumpled in 
a more controlled manner, the bands of damaged 
material were much broader. This was seen in the 
heat/humidity plasticised samples, where large 
areas of the spring-growth wood collapsed. 

Figure 1: (a) Idealised deformation 
mechanisms for bent spruce, cross-grain 
"square" quarter-cut specimen. The top 
diagram is a sketch of the undeformed 
specimen: first the "true" cell structures, 
showing the variation in cell morphology 
across annual rings, then the idealised cell 
geometry. Beneath it is a sketch of significant 
features of the deformation mechanism. 1 (b) 
As Fig. 1 (a), but for a "diamond" 
orientation cross-grain specimen. 1 (c) As 
Fig. 1 (a), butfor a long-grain specimen. 



Figure 2: Scanning electron micrograph of a 
"square" quarter-cut specimen, compression 
side, plasticised with ammonia. Bands of 
cells which have collapsed by buckling are 
visible. The diameter of a typical cell in the 
early spring growth is about 0.04 mm. 

The specimens with cells in the "diamond" 
orientation deformed mainly · by shearing of the 
cells on both the compression and tension sides, as 
anticipated This deformation mechanism had only 
a small effect on the Young's modulus of the 
material, and would not be expected to cause 
much loss of strength. The deformation was 
usually spread over large areas of the wood, 
rather than being concentrated in bands. But the 
thin-walled cells of the early spring growth 
deformed much more readily than the rather dense 
material of the annual ring, so there was an 
obvious change in the pattern of shearing across 
an annual ring boundary. 

An observation which has a strong bearing m 
the mechanical property measurements, and is 
likely to be of importance to instrument makers, is 
that failure of the middle lamella occurred in all 
samples plasticised with ammonia, but only very 
rarely when steam was used. The tendency of cells 
to "pop apart" along the middle lamellae after 
treatment with ammonia is obvious in Figure 3, 
whereas no such damage was seen in the 
specimens deformed in steam. Damage of this 
kind would be undesirable in a structural member 
of any kind, and certainly in a violin plate. Not 
only was the Young's modulus reduced 
significantly, but with age and cycling of 
environment and stress, one might expect the 
inter-cell cracks to grow until the wood literally 
falls apart. Such behaviour is indeed encountered 
in old wood: restorers are only too familiar with 
old spruce which has degraded to such an extent 
that it feels almost like chalk. It is certainly 
possible that those instruments had been treated 
by their makers with an aggressive chemical (of 

Figure 3: Micrograph of a cross-grain 
specimen plasticised with ammonia. The 
middle lamellae have failed and the cells are 
separating. 

which ammonia is not the only possibility) in 
order to achieve bending, colouration or 
hardening. Such treatments should be used with 
extreme caution, if an instrument is expected to 
have a long lifetime. 

The bending of long-grain samples from the 
violin front (plasticised by ammonia and boiling 
water) resulted in damage both on the tension side 
and the compression side, of the types shown in 
the schematic diagram in Figure 1 (c). On the 
compression side the cell walls showed the 
formation of micro-buckles; on the tension side 
some evidence was seen that the cell walls have 
started to separate along the middle lamella, 
giving small splits at the ends of the cells. 

Conclusions 
These observations have several possible 
implications for violin makers. It is clear that 
most of the damage to cells is on the compression 
side of the bent plates. Microbuckles in cell walls 
(crossgrain or longitudinal) will result in some 
loss in strength; the more severe buckles seen in 
the cell walls in Figure 2 are likely to cause 
significant weakening of the material (e.g. 
Dinwoodie 1989, chapter 7). Buckling will 
influence the stiffness of the wood (Gibson and 
Ashby 1988), which in tum influences the 
vibrational properties. It may also influence the 
long-term stability and integrity of the wood and 
the imposed arching shape. Heavily buckled cell 
walls may in time split, and thus further degrade 
the wood structure. On the tension side the 
deformation is much less. This indicates that if 
any material is to be removed from the plates after 
bending, it should be taken from the inside of the 
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plates. 
The use of ammonia would seem from the 

evidence of the microstructures of defOIIDed cells 
to be of dubious virtue. It seems to be associated 
with splitting of the middle lamella, so that the 
cells separate from each other. Such cracks are 
likely to grow as the wood ages, and as it is 
subjected to cyclic stress and changes in humidity. 
A further point is that ammonia, unlike steam, 
peIIDanently alters the chemical nature of the 
wood, leaving it harder but much more brittle 
once it has dried out. This effect may be mitigated 
by soaking the wood in water before allowing it to 
dry out after bending, so that some of the 
ammonia is removed. The presence of other 
chemicals (such as those found in urine, a 
traditional wood treatment substance which 
contains ammonia) may also counteract the 
dangerous aspects of the ammonia 

Finally, we should mention bending in 
hardwoods (such as the long-grain maple used in 
violin ribs, which are made by bending using 
heat). Hardwoods have a much more complex and 
irregular cellular structure, and we surmise that 
the reason long-grain maple can be bent more 
readily than long-grain spruce lies in this 
irregularity. The "figure" in maple arises from a 
wavy pattern of the cell alignment, so that one is 
not bending every cell in its axial direction. This 
will allow macroscopic bending to occur by local 
bending and shearing of individual cell walls, not 
by the (more drastic) mechanism of cell-wall 
buckling. 
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Predicting sound quality of violin 
from its frequency response 

v 

P Bazant, J Stepanek & A Melka 

Abstract 
Two procedures for predicting the overall sound quality of a violin on a one-dimensional scale from its frequency 
response were developed. The frequency responses of 43 violins with highly different sound qualities (from 
Strads to factory-made violins) were measured. The used computer-aided measurement method was developed in 
VUZORT in 1987 and is based on the ideas described by Dtinnwald in 1984. The same instruments were 
subjectively evaluated by competent experts and classified into 5 classes of sound quality. Analysis of the 
frequency responses made with respect to the results of subjective classification revealed, that the 1100 measured 
values of the frequency responses could be reduced to only 18 band-level values without substantial loss of 
information on the sound quality. The positions and widths of the found frequency bands are very similar to the 
distribution of critical bands. The first prediction procedure was based upon Factor Analysis , and the second one 
upon Stepwise Multiple Regression. While both procedures give slightly different results, they have satisfactory 
predictive power for the estimation of overall violin sound quality on a one-dimensional scale. 

LEARNING 

EXTRACTION or ~TRIX IAI 
I Yl. .. NI - IAI*lx 1. •. NI+IEI 

APPLICATION 

PREDICTION OF SUBJ. 
RATING OF INSTR. N+l 

yk+l -IAI*lxN+11 

Figure 1: The predicting violin sound quality involves three phases: 

VERIFICATION 

1 

PREDICTION ERROR 

a) In the learning phase the data from acoustic measurement and subjective ratings of sound 
quality are employed for construction of a sound quality predictor. 
b) In the application phase data from acoustic measurement of an unknown instrument are 
used for predicting its sound quality. 
c) In the verification phase subjective rating of a new instrument is compared with its 
predicted sound quality. 
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Predicting sound quality of a musical instrument 
from its objective measured acoustic data is one 
of the most general problems of music acoustics . 

Having sufficient number of relevant objective 
descriptions of the violin sound and corresponding 
subjective judgements, we may simulate the 
process of subjective evaluation of sound quality. 
That is what we call phase of learning. Provided 
we have a knowledge of the relevant acoustical 
parameters of an unknown instrument we are able 
to predict the judgement of an average listener as 
well as the judgement of a specific group of 
listeners or of one listener with individual 
perception model of instrument sound quality. 

The method was applied on a set of 43 violins, 
containing instruments from Strad to factory made 
ones. 

Table I: 

The instIlllnents were subjectively rated into 5 
classes, from excellent (class 1) to very bad (class 
5) by competent violin makers and players . 
Numbers of instruments in class 1 to 5 were 8 
13, 8, 8, 6, (Table I). ' 

Sound of artificially driven violins was picked 
up in a way similar to method proposed by H. 
Diinnwald 1984, by one microphone in anechoic 
room in distance 2.8 meters. Recently we use very 
efficient electrodynamic driver developed in 
Institute flir Wiener Klangstil in Wienna. About 
1000 frequency response levels measured by a 
computer controlled system in the range 180 Hz to 
8000 Hz were transformed into 1112 octave 
bands. The necessity of narrow band analysis 
demonstrate Fig. 2 (frequency response of a violin 
in octave, Bark, 113, 1112 octave bands and in full 

List of 43 violins in experiment set, subjective classification, results of SMR, FA and 
combined SMR+FA prediction of sound quality of unknown violin and errors of predicted 
classification 

violin class SMR FA SMR+FA e(SMR) e(FA) e(SMR+FA) 
F090.Strad I .9 1.4 1 0 0 0 
F091.Ruggier I 1.3 I.I 1 0 0 0 
F095.Schonbac 4 3.7 4.0 4 0 0 0 
F096.Prokop 4 4.0 2.9 4 0 I 0 
F097.Eberle 2 1.6 1.7 2 0 0 0 
F098.Steiner 2 2.0 2.1 2 0 0 0 
F099.Kuncer 3 1.9 2.3 2 I I 1 
FIOO.l:cil.l 3 2.5 2.6 3 0 0 0 
FIOl.bile.28 5 5.2 5.2 5 0 0 0 
F102.bile.24 5 5.2 5.0 5 0 0 0 
F103.Gala.47 4 3.1 3.8 4 I 0 0 
F105.x09 4 4.0 4.3 4 0 0 0 
Fll3.Klotz 2 1.9 1.7 2 0 0 0 
F1l4.SaIteri 2 1.8 2.6 2 0 I 0 
Fll5.Muschl 3 3.4 2.9 3 0 0 0 
Fl17.Dvor.st. 4 3.9 3.6 4 0 0 0 
FI19.Guar.Sn 2 2.9 3.0 3 I I 1 
FI20.xlO.405 I .9 1.5 I 0 I 0 
F121.x10.404 2 2.7 2.9 3 I I 1 
F122.xI0.398 2 3.5 2.4 3 2 0 1 
F123.xlO.399 2 2.0 2.1 2 0 0 0 
Fl25.Guannes 2 2.2 2.4 3 0 0 I 
FI26.bile.25 5 4.4 4.7 5 I 0 0 
FI27.bile.05 5 4.4 4.8 5 I 0 0 
FI28.bile.23 5 4.5 5.2 5 0 0 0 
Fl29.Placht 3 3.4 2.9 3 0 0 0 
F130.Cermak 3 2.5 2.2 3 0 I 0 
F13I .Heinicke 3 2.9 2.7 3 0 0 0 
F132.Metelka 3 3.6 2.9 4 1 0 1 
F133.J.Gagli 1 1.6 .7 I 1 0 0 
F136.GuarPet I 1.9 2.2 2 I I I 
F137.F.Rugg I 1.3 1.9 2 0 I I 
F138.Ciochi 3 2.1 2.2 2 I I I 
F139.J.Guam I 1.4 1.6 2 0 I I 
FI40.Bemad. 2 1.5 1.7 2 0 0 0 
F141.bile.29 5 4.9 4.8 5 0 0 0 
Fl42.chemie2 4 4.2 4.8 5 0 I I 
Fl43.chemie3 4 3.4 3.8 4 1 0 0 
Fl44.chemiel 4 2.5 2.4 3 1 2 I 
F146.Amadeus 2 2.4 3.0 3 0 I I 
F150.Iva .. 2 2.2 1.9 2 0 0 0 
F152.Irena 2 2.0 1.6 2 0 0 0 
F154.Clara I .6 .7 I 0 0 0 
Total number of errors 14 15 13 
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Figure 3: Correlation between levels in 1112 
octave bands and subjective sound quality 
follows well the excursions of mean 
frequency response of 43 measured violins. 

resolution) and Fig. 3 (correlation of levels of 
average violin response with subjective sound 
quality in the same frequency bands as in Fig. 2). 

To solve the equation X* A=Y describing the 
relationship between acoustic data and subjective 
judgements we used firstly the Stepwise Multiple 
Regression method. E .g., solution using only five 
representative bands give rather high coefficient 
of multiple correlation r=0.852. The predicted 
values of subjective ratings are shown in Table I, 
column SMR. 

Similar results gave application of Factor 
Analyses (FA method of Principal Components 
and Varimax rotation) on the same data. 

In FA model is large number of variables 
described by small number of factors . Each factor 
represents group of highly correlating variables 
(1112 octave bands). Predicting function was then 
defined as a sum of object coordinates in factor 
space weighted by correlation of factors with 
quality. 

FA computes all intercorrelations between 
band levels, creates the factor space and estimates 
the factor scores. The instruments represent cases. 
The factor scores were computed as sum of factor 
loadings weighted with levels in frequency bands 
of individual violin. The predicting function was 
then constructed as a sum of factor scores 
weighted with corresponding correlation with 
subjective quality ratings. E.g., solution for 5 
factors gave correlation of predicted values with 
subjective judgements r=0. 827. 

To verify reliability and precision of predicted 
values, we repeated the learning phase 43 times, 
each time excluding one subjective rating of 
instrument, which had to be predicted. Subjective 
rating value was then compared with the predicted 
value. The results are in Table I, columns SMR 
and FA. The mean of both values gives a bit less 
errors. It is worth to say that difference between 
subjective rating and predicted value may be due 
to erroneous value of median used to sum 
subjective ju~gements. 
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Conclusions 
1) Frequency response of a violin measured in the 
described way contents crucial part of sound 
quality information, which being extracted 
predicts the perceived sound quality more reliable 
than subjective judgements. 
2) Radiated sound levels of a good instrument in 8 
fixed frequency bands (Table II) should respect 
following rules: 
- first cavity resonance should be lower than 280 
Hz, 
- the valley above 300 Hz shouldn't be very deep, 
- otherwise should be levels in bands HEI quite 



Table II: 
Frequency bands where levels correlate positively with sound quality (inside these bands 
should be high level without large peaks and gaps), frequency bands where levels correlate 
negatively with sound quality (inside should be levels as small as possible without large 
peaks) and corresponding frequency bands of voice formants. 

Band Fixed frequency bands 
No. + . 
\. 190· 600 
2. 600· 700 
3. 700·1200 
4. 1200·1800 
5. 1800·3000 
6. 3000 - 3300 
7. 3300 - 4000 
8. 4000 -

stable as well as the levels in bands A, E2 and 12, 
-levels in gaps GI, G2 and G3 should be as small 
as possible; 
3) Established fixed frequency bands IlEI to G3 

apparently conform to speech formant regions. 
4) We believe the proposed method is ready to be 
used in studies of any other musical instrument, 
even for prediction of overall quality, including 
aesthetic and mechanic criteria. 
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Impulse measurements on violins 
I Bork 

Abstract 
A method for fast measurements on violins is presented using the advantages of the FFI' analysis. The violin is 
excited at the bridge by a hammer with the force F while the response is measured by an accelerometer on the top 
plate. The transfer function aif)/Fif) is calculated and displayed by a two-channel FFI' analyzer. The resonances 
are the maxima of this accelerance curve. They show not only the main lxxly resonances of the violin but also the 
resonances of other parts like fmger board or tail-piece etc. 

Introduction 
To determine the acoustical quality of violins, 
various measurement procedures have been 
developed in recent decades [1-3]. In all cases the 
instruments are excited sinusoidally by an 
electromagnetic system while the instrument is 
held by special stands or by rubber bands. While 
in [1] and [2] the radiated sound is recorded in an 
anechoic chamber, the vibrations of the violin 
body are picked up by an accelerometer on the 
bridge in [3]. For the violin-maker, a low-cost 
instrumentation for a quick and easy 
determination of the vibrational behaviour of the 
instruments is more desirable. For this reason a 
measurement system has been developed which 
measures the frequency response of the body 
vibrations to an impact excitation simulating the 
conditions of normal playing. 

Vibrations of a violin 
In the frequency range up to 1 kHz the vibrations 
of the violin body can be measured and displayed 
by means of modal analysis [4]. In fig.l the 
results are plotted as two extreme states of 
vibration for each mode with exaggerated 
amplitudes. As modal analysis on different violins 
has shown, the principal shapes of deformation 
are nearly the same for all instruments, only the 
resonance frequencies, damping and amplitudes of 
vibration are different A classification of 
prominent body modes as proposed by Alonso 
Moral and Jansson [3] is therefore possible. 

The results shown were obtained from 
measurements on a violin hanging on rubber 
bands while only the strings were damped The 
lowest mode in the frequency range of notes 
played is the air cavity mode AO, which represents 
a coupled vibration of the Helmholtz resonance of 
the air in the f-holes and the body. This coupling 
shifts the real Helmholtz resonance, which is 
defined at infinite rigid walls of the cavity, to a 
slightly lower frequency. The air cavity mode AD 
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determines the sound radiation in the lowest tone 
region up to 350 Hz. Mode C2 is a torsional mode 
of the complete body where top and back plates 
move in phase with antinodes at the C bouts and 
in the four corners. Since this mode has one 
vertical and two horizontal nodal lines, its sound 
radiation is weak. More important is the 
resonance Tl of the top plate, at which the bass 
bar moves in opposite phase to the ribs. This 
mode is radiated primarily from the top plate and 
the f-holes. Modes C3 and C4 are coupled 
resonances of the top and back plates where C4 
shows properties of a dipole with both plates 
moving in phase. While C3 shows radiation 
chiefly from the back plate, C4 radiates like a 
dipole with opposite phases from the top and back 
plates. Resonances of other parts of the violin like 
the tail-piece, chin rest (mode 11) and fingerboard 
(modes 8 and 10) appear in the modal analysis. 

Since the sound radiation in the measured 
frequency range is determined by the vibrations of 
the plates and the air in the f-holes, it appears to 
be possible to describe the acoustical properties of 
a violin in terms of its modes. 

Measurement of violin vibrations 
The procedure described in the following is used 
to obtain the relevant modal quantities of violins 
i.e. resonance frequencies and vibration levels of 
the modes AD, C2, Tl and C3 by a two-channel 
measurement of the impulsive excitation force and 
the resulting acceleration on the top plate. 

M esurement conditions 
For the measurement, the violin is held in a way 
that simulates normal playing conditions: As 
shown in fig. 2 the instrument is held by a 
shoulder support which rests on a piece of wood 
shaped like a shoulder. The neck lies on two of the 
four pegs in a v-shaped stand, suppressing a 
torsional mode of the neck by a soft damping 
surface. Under playing conditions these torsional 
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vibrations are damped by the player's left hand. 
The chin is simulated by a chin-shaped block of 
wood with a felt surface. Its pressure on the chin 
rest is adjusted by an additional load, so that the 
force on the neck support is almost neutralized. 
The vibrations of the strings are suppressed by a 
damper consisting of several layers of rubber 
sheets. Its optimal position is at the end of the 
fingerboard and it simulates the damping action of 
the bow. 

These conditions were found by carrying out 
experimental measurements on a violin held by a 
player and comparing the results with those found 
under the conditions described. The main 
advantage of applying these conditions is that ooly 
those modes are measured which are not damped 
under playing conditions. 

Excitation 
The instrument is excited by a pendulum which 
hits the top of the bridge sideways, simulating the 
excitation by the strings in this direction (see 
fig.3). The free end of this pendulum contains a 
force transducer which measures the applied force 
F(t) when it touches the bridge. The force 
sensitive area of the transducer is extended by an 
aluminum cylinder. For measurements in the 10w 
frequency range up to 1 kHz its surface is covered 
with adhesive tape in order to prolong the contact 
time. The spectrum of the force signal is therefore 
nearly constantin this range. 

Frequency response 
The vibrations of the violin a( t) are measured by 
an accelerometer which is fixed on the top plate 
next to the foot of the bridge above the bass bar. 
It has been found that in this position its mass of 
1 g does not influence the resonances of the bridge 
and the body. The output signals from the 
transducers are fed into the inputs of a two
channel FFf analyzer which calculates not only 
the corresponding Fourier spectra E(f) and gfj) 
but also the complex transfer function 11(j)/E(f). 
This quotient is called accelerance and is 
measured in the unit g-l. The logarithmic 
magnitude of this quantity is displayed 
immediately after the first blow on the bridge. 
Though the amplitude of the accelerance is 
independent of the strength of the blow, the falling 
height of the pendulum must be adjusted carefully 
to give a proper single impulse without 
overloading the amplifiers. As a check, the 
average of 4 measurements is calculated and the 
corresponding coherence is tested to ascertain that 
it is between values 0.99 and 1.0 in the frequency 
range of interest (200 .. 700 Hz). 
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Results 
A typical result is shown in fig.4: here the 
resonances appear as peaks in the accelerance 
CUIVe and are labelled according to the above 
description. The two prominent peaks are the top 
plate resonance Tl and the body resonance C3. 
They determine the acoustic behaviour in the 
frequency range from 350 Hz to 600 Hz. The 
peak levels and the resonance frequencies vary 
considerably from instrument to instrument and 
may therefore be regarded as a characteristic 
quantity of the individual instrument. The air 
cavity resonance AO shows a relatively low level 
but it should be borne in mind that this level 
describes only the body vibrations, and the sound 
at this resonance is radiated through the f-holes 
rather than by the plates. The resonance C2 is 
represented by a weak peak at 340 Hz, and it was 
found that it is strongly damped by the mounting 
of the shoulder support. In some violins this 
resonance is suppressed completely. 

The identification of modes in the accelerance 
CUIVes is often disturbed by resonances of other 
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Figure 5: Accelerance of a violin with a tail
piece resonance near AD a) without damping, 
b) measured with damped tail-piece 

parts of the violin as shown in the modal analysis 
of the free-hanging violin (fig. 1). Though some 
parts like the chin rest, pegs and neck have been 
damped by the measurement equipment, some 
resonances remain in the accelerance curve and it 
is sometimes difficult to decide which peak is a 
body resonance and which is a parasitic vibration, 
since coupled resonances are often generated In 
many cases this may be clearified by simply 
damping a suspicious part by hand during a 
measurement One example is shown in fig. 5: 
Here the air cavity resonance AO at 280 Hz is 
coupled with a resonance of the tail-piece (a). Fig 
5 b shows the measured accelerance while 
damping the tail-piece by hand. It is clearly to be 
seen that the double peak changes to a single peak 
at a frequency between the two peaks of fig.5 a. 

It should be oome in mind that such parasitic 
vibrations influence the vibrations under playing 
condition too and it is even possible that it may 
improve the sound of an instrument For example 
in the case of a so-called wolf tone [5], meaning a 
very strong resonance C3 near 500 Hz at which 
the speech of the corresponding tone is very poor, 
a tail-piece resonance may help to reduce this 
influence by a strong coupling. This is why a 
simple mass fixed on the string between bridge 
and tail-piece is sometimes able to suppress the 
wolf tone considerably. 

Vibration and radiation 
In order to estimate the sound radiation from the 
accelerance CUrves, a chromatic scale was played 
on some of the violins tested and the sound at a 
0.5 m distance from the top plate was recorded 
and spectrally analysed. The sound levels of the 
two lower partials in the lowest octave were 
compared with the level of accelerance at the 
corresponding frequencies. These values are 
plotted for two instruments in fig.6. The levels of 
sound were shifted to fit the same diagram, but 
the difference in level between first and second 
partial is kept constant. Good agreement between 
sound and accelerance level is seen in the first 
example (a) for the second partial. The 
comparison with the accelerance curves of the 
same instruments in fig. 7 shows that only the 
resonance C3 dominates the frequency range of 
the second partial (392 .. 740 Hz) since T1 is quite 
weak. For the second instrument T1 and C3 are of 
the same size (fig.7b) but the shape of the 
accelerance curve is not completely reproduced in 
the sound level curve. 

This is explained by the curves of the first 
partial. The frequencies of the chromatic scale 
(196 . .367 Hz) include the region of the air cavity 
resonance AO and they are radiated via the f-holes 
rather than by the OOdy vibrations which were 
measured in the accelerance measurement So it is 
possible that the sound level exceeds the level of 
accelerance by more than 15 dB. Furthermore, it 
can be seen that the frequency of maximum sound 
radiation is slightliy higher than the frequency of 
maximum accelerance. This is because the 
radiation is governed by the real Helmholtz 
resonance of the OOdy, meaning the acoustic 
resonance of the air included in the violin body 
which moves in and out the f-holes without 
moving the plates. This Helmholtz resonance 
frequency coincides with the minimum of the 
accelerance curve next to the AO peak, since here 
the vibrations of the OOdy are minimized. The 
same effect was found earlier on an acoustic 
guitar [6]. The radiation out of the f-holes appears 
to play an important role in the frequency range of 
T1 and C3. 'This was found by investigating the 
sound field of a sinusoidally driven violin with a 
microphone probe. The level increased 
significantly in front of the f-holes. It may be 
concluded that the vibrations of the body are not 
only radiated directly from the outer surface but 
also via the air cavity and the f-holes. 

The difference between the two sound level 
curves of the second partial is evidently due to the 
different levels of T1 of ooth instruments. In 
playing tests, musicians ascribed a better balance 
to instrument b in this frequency range while 
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instrument a sounded unbalanced, in particular 
the note h'(=B4) was too strong. This coincides 
with the measured sound levels and it is assumed 
that the level of Tl is responsible for the balance 
of notes in this tone range. If the level of C3 
exceeds an upper limit, as was the case with 
another violin, a wolf tone could be produced 

The same comparisons on some other 
instruments have shown that in general, the 
radiated sound level is proportional to the level of 
accelerance, though the curves show some 
qualitative differences in detail. 

Conclusion 
The method presented for measuring the 
vibrational characteristic of violins concentrates 
on the frequency range up to 1 kHz and allows the 
most important resonances to be determined. The 
relation between the values of the modes AD, Tl 
and C3 and the subjective qUality can be found by 
collecting the accelerance CUlVes of a large 
number of violins and relating them to the 
judgement of professional musicians. When some 
experience has been gained in worldng with these 

accelerance CUIVes, it is possible to predict the 
sound characteristic of a violin from this 
measurement_ To keep down the cost of the 
equipment, it is possible to use a personal 
computer with a two-channel signal analysis card 
and software instead of an expensive two-channel 
FFf analyzer. The measurement procedure 
presented here will be a valuable tool for 
estimating the vibrational properties of violins. ill 
the hands of the violin maker, it helps him to test 
and optimize his insuuments, but also in 
commercial dealings it is an instrument to classify 
the sound of violins. 
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Principles in acoustic bridge design 
Ie Bowie 

Abstract 
This paper studies certain changes in the acoustic bridge from the 16th century to the standardised article of 
today. An attempt is made to explain why those modifications crept in. The patterns of Stradivari are of interest 
because they seem to embody from a long series of practical trials. The conventional symmetry of form is suspect, 
having no demonstrable physical basis, and here an asymmetric design from the 17th century has been 
resurrected with encouraging results. The mechanism of transverse tilt is studied with proposals for enhancing 
responsiveness to the bow. By attention to thickness alone it is shown possible to make an effIcient bridge without 
any of the traditional fretworlc and, based on such experimental fmdings, suggestions are made for improved 
fitting of commercial 'blanks'. 

The substance of this paper was given at the 
International Symposium on Musical Acoustics at 
Mittenwaldin 1989. Since then there has been me 
development of consequence, a straight 
application of theory. 

In August 1982 while fitting up a newly 
repaired violin I chanced on a handmade platanus 
bridge of the required dimensions. Results were 
gratifying, but it was not possible to match the 
fullness of tone by using one of the more cleanly 
crafted commercial bridges. Soon afterwards a 
paper by Max Hacklinger 1 (1979) provided an 
explanation. He observed that it was an advantage 
for the left side to be more flexible than the right 
or high frequency side. This was seen to apply to 
the article in question and that set in motion a 
bridge-making exercise based on this particular 
characteristic. After a short run, it seemed the 
search might be a long one so serial numbering 
was started and ended at 627 seven years later. 

Conclusions were that there is no proper place 
in musical acoustics for the symmetrically crafted 
bridge and that for centuries we have in quite 
important ways been shaping our bridges upside 
down 

A bridge must transmit sound energy from the 
strings to the front plate with the greatest possible 
efficiency. Whether this energy should be 
modified in the process is much debated but I am 
fairly certain that given a good start it should 
proceed unchanged. So far as the bridge itself is 
concerned, sound energy is maximal at the point 
of string contact and here there must be sufficient 
bridge substance for full uptake without spillage 
and without generation of noise. 

Since we cannot get round the inverse square 
law, string imparted energy must diminish with 
onward progression. Ideally the mechanical 

impedance to travel should dim.iili.sh in a 
proportionate degree. Towards this ideal it is 
necessary that a wedge section bridge should be 
used, but the wedge must be a base-up prism; in 
other words, it must taper downwards. If the 
stylised fretwork of the standard bridge is studied 
with this in mind it can be seen that by trial and 
error and meticulous tuning, an article has evolved 
which to a remarkable degree compensates for 
basic structural errors inherent in its design, but it 
squanders energy in the process. After a fashion, 
the substance of a conventional bridge diminishes 
as it approaches the front plate from above. A 
serious exception to this progression is that the 
portion above the eyes has a distinct base-down 
fmm: it tapers upwards. The virtual top-to-bottom 
section of a standard bridge has a diamond shape 
but it should be a wedge tapering smoothly from 
string edge to base. 

Sound, as with other fonns of energy in 
motion, takes the path of least resistance so that 
with a G string sounding on a uniformly thin 
string edge, a proportion of the output instead of 
moving to the instrument body will radiate along 
the edge and feed back to the free strings. An 
inhibitive technique used by the old viol makers 
and seen on a modern Hacklinger bridge is to use 
a kind of scallop shape for the edge. Alan Tull 2 

(1982) tried vertical cuts between the strings. See 
Figures I, II and ill in the annex. 

My own solution is to grade thickness so that 
the easier channel is always downward.. That this 
works can be demonstrated using a standard 
bridge by damping the three upper strings. If the 
damper is removed while the open G is in play 
there is a distinct increase in loudness at short 
range. This is a feedback which may appeal to the 
orchestral player since it helps him to hear himself 
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in an ocean of sound, but this output, augmented 
by direct feedback from failure of uptake, is of 
dubious quality: there is a noise component, and it 
is to be remembered that this extra sound has not 
been fully amplified by the body of the 
instrument. It does not get far beyond the ear of 
the player and is worse than useless for filling a 
concert hall. Worse because it reduces energy 
available for amplification by the corpus. The 
downward taper bridge, by contrast, shows little 
of this characteristic. 

The question of transverse tilt is a vexed one. 
At the Mittenwald meeting of '89 Lothar Cremer 
3 remarlced that a bridge translates rather than 
pivots. This is a felicitous way of expressing the 
behaviour of a standard bridge, but an important 
question to ask is: should this be the case? He also 
says that at low frequency a bridge rocks, but at 
high frequency both feet move together. To go 
back to Stradivari; he made stiff cross-braced 
tilting bridges which did not flex in the middle. 
Comments by S.F. Sacconi 4 in his standard work 
on the master luthier are revealing. He says that 
Stradivari always kept the feet of his bridges 
"rather large in height" and that correct rigidity 
gives instant transmission compared with the 
"delay owing to badly placed fretwork" Those 
observations are supported by the present 
experimental trials. 

The mechanism of tilt has been dealt with by 
I.H. Stephens 5 (1978) and by Max Hacklinger 6 

in the same year, but those authors are better 
studied with the Stradivari bridge in mind 

Later experiments in this series suggest that 
the character which started the trial is not 
flexibility per se but the reduced mechanical 
impedance resulting from the use ofless wood An 
early unfretted bridge recently needed only slight 
modification to put it in the top flight, and yet the 
pull of tradition was so strong that into the sixth 
hundred, bridges were still being made with a 
variety of holes, cutouts and curves. However, 
few could be classed as total failures because 
early on, the need for a strong string edge had 
been well established. It seems those earlier 
bridges were too heavy being in the range of 2.5 
to 3.0 g. 

It was as a result of graphs kindly provided by 
Max Hacklinger using his test rig based on a 
gramophone pickup that bridge weights were 
reduced to round 2.0 g. Whatever design is used, 
it seems there is an optimum mass at about this 
level - perhaps 2.2. 

What may be called a "theoretical bridge" can 
be made to the following design with no fretwork 
and a weight of 2.0 g - (See Figure IV). With a 
tilting bridge, which this seems to be, the fulcrum 
location may be important. In the ordinary way 

the downward thrust of the strings resists the 
tilting action. but by shortening the outside of the 
right foot we put the thrust of the most highly 
loaded string outside the fulcrum of tilt so that it 
actually tends to give slight assistance to the 
transverse movement. This enhances the "attack" 
the instant transmission of Sacconi or so it seems. 
This may be fallacy, but I think it possible. 

A number of bridges have been made from 
horizontal grain pine - belly wood. This would be 
a fretworkers nightmare but, without that sanction 
applying, gOOd results may be had and there is the 
advantage that without exceeding say 2.2 g they 
can be thick enough at the base not to impose 
undue stress on the belly contact. The slightly 
softer tone could possibly be an advantage in 
some instruments. With more conventional woods 
the need to have the base rather thin may be 
overcome by cutting flared feet, by fitting a 
transverse right foot made from a dowel with a 
flattened side. or by using a separate supporting 
shoe - as recommended in the Mittenwald paper. 
(See Figure V). Feet are a convenience for fitting, 
but their acoustic place is still uncertain and my 
latest effort has none. 

Symmetry of form is definitely out, Others 
have had more than doubts and have looked for 
support from the past without success but in 
March 1985 the evidence arrived. Strictly 
speaking, Ian Watchorn 7 found it in the 
Nurnberg GNM on a 17th century Flemish 
painting. He included it in a group of six antique 
bridge designs and it is now reproduced courtesy 
of the "Strad". (See Figure VI). 

It is suggested that commercial firms might 
take up the Nurnberg bridge. I have made half-a
dozen with a buildup of the upper section which is 
probably more substantial than the original. but 
that original would have been less stressed. (See 
Figure Vll) The result is good enough to make 
one wonder whether there is something in fretwork 
after all. 

The type I usually fit to other people's violins 
is cut from a commercial blank according to the 
diagram. (See Figure Vill) This seems to fall 
within the range of acceptable oddity and does not 
evoke comment. One did well at Christies! 
Standard bridges can be dealt with in the same 
way, but without a reinforced edge these are 
inferior to the baroque type. (See Figure IX). 

Carleen Hutchins 8 (1984) summarised 
findings on fine tuning of bridges and discussed 
the up and down movement on the spring of the 
b~ as reported in a hologram study by Reinicke. 
This represents an ingenious compensatory 
mechanism to minimise high frequency noise 
which with a better receptor edge need not be 
present in the first place. The implication that 
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there is energy loss in the process is inescapable. 
It is relevant to mention an observation by the 
19th century luthier August Reichers 9 who found 
that a large heart cut in the surface of a bridge 
will make the tone fuller. This has been 
confirmed: thinning at this area encourages 
downward flow of energy without the obstacle of 
a hole. 

Samples have been brought to support some of 
the above claims. One was taken to a conference 
last year where a doubly declared sceptic 
professed absolute astonishment at the 
perfonnance of an unfretted platanus bridge. He 
qualified this by saying it must be a very good 
instrument. It was a reputed 18th century Italian 
so this time I have one oflesser provenance. 
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Some changes of the spectrum caused by 
pitch flattening of the bowed string 

K Guettler 

Abstract 
The phenomenon of pitch flattening of a string bowed with excess bow force ("bow pressure") is well 
documentedl 

2 3 and is related to the hysteresis function of the resin's friction curve. One consequence of such a 
frequency shift is the very noticeable change in the spectral envelope, which cannot alone be traced back to the 
changes in the spectrum of the "input signal", Le.: the velocity of the string at bowing point This paper discusses 
the highly resonant nature of the transfer function between velocities of the bridge and the string at the point of 
excitation, and illustrates the effects through computer simulations. 

Slipping period versus pitch flattening 
Simulations perfonned by the author show that 
during a stroke with increasing bow force, the 
slipping period typically approaches an 
asymptotic minimum value of tSLJP=ToxIL during 
the expiration of the "rounded corner,,4 - and 
holds this value also when pitch flattening 
extends the total period between each slip. (To = 
natural period of the string; x = distance between 
bridge and the point of excitation; L = total string 
length. See fig. 1:) 

SLIPPING PERIOD VERSUS 
PITCH FLATTENING: 

t ao~~~~~~~~~~~~~ 
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L 60 

P 40 

[%] 
20 

t 
F 20 

L 
A 40 

T 
[C] 60 

0 

\ " 

STRING A: LARGE LOSS OF HIGH FREQUENCIES 

STRING B: MODERATE LOSS OF HIGH FREQ. 

\"" -~~'~' :":-":"::''':': ''':''': '':':''':'':''':'':'':'':'':'':'-':''':''':'':'-'':'':''='~'-'-'--''''''' _________ ToxlL 

1 1 14 

FRICTION DELTA ~ 

Figure 1: Upper half - slipping period in 
percentage of the natural oscillating period 
(To) of the system. Lower half - pitch 
flattening in cent. Abscissa indicates a 
relative friction delta: 
M = F(O)-FcYbowL/ x). (All curves are 
smoothed.) 
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This implies that the spectrum envelope of the 
"input signal", v x (velocity of the string at bowing 
point), remains nearly constant as long as the 
slipping period remains constant, while hannonic 
frequencies are being shifted downward inside of 
the same envelope as a result of a (moderately) 
lowered fundamental. 

Provided the rude simplification that Vx 

describes perfect square waves after slipping 
periods of T oxIL are obtained, their spectrum 
envelope takes the function Y = I sin S I IS, where 

Y signifies the nonnalized amplitude, and S = 1t 

/tSLJP' Hence, the frequencies n/tSLJP (n=I,2,3 ... ) 
cannot exist as part of the input signal, 
consequently neither as part of the output signal 
at the bridge. 

However, due to the special characteristics of 
the transfer function between the string at bowing 
point and the bridge, the sinusoidal features of 
such an input spectrum appear not to be very 
recognizable when studying the spectrum of the 
output signal at the bridge (see figures 2 a and b): 

The simulation model used for these figures 
included a bridge with "Cremer reflection"4 
(spring + dashpot, with a high delta function), nut 
reflection involving convolution with a wide 
gaussian function! 5, and string torsion with low
pass reflection functions at both ends. 
Furthennore, the velocity of a non slipping bow 
was programmed to describe perfect square 
waves with positive periods of 2(L-x)/C and 
negative fly back (quasi slipping) periods lasting 
2xJC, where C = transverse wave velocity, and 
x=Ln. 
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Figure 2a. Figure 2b. 

Transfer function string/bridge 
TIle transfer function of an ideal string driving a bridge from a point of excitation located at a distance 
x from the bridge, can be developed in the following way (imagining zero reflection at the nut): 

Z 

ZBR (jw) 

VBR(jW) 

vx(jw) 

x 
F(x,jw) 

c 
TBR(jW) 

RBR(jW) 

vx(jw) 

TBR (j W ) 

VBR (j w) 

VBR (jw) 

vx(jw) 

::;: characteristic wave resistance of the string. 

::;: impedance of the unstrung bridge (w::;:21tf) . 

velocity of bridge. 

transverse velocity of the string at x. 

::;: distance from bridge to point of excitation. 

the exci ting force. 

transverse wave velocity. 

::;: velocity transmission at bridge. 

::;: velocity reflection at bridge. 

F(x,jw) [1+ RBR(jW) e-jw2X/C] 
(1) 

2Z 

2Z ::;: RBR (jw) + 1 (2) 
Z+ZBR (jw) 

F (x, jw) TBR (j w) e -jwx/c 

2Z 

F(x,jw) [RBR (jw) +1] e-jwx/ c 
(3 ) 

2Z 

[RBR(jW) +1] e - jwx/ c 
(4 ) 

l+RBR (jw) e-jw2X/C 
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In polar form: RBR(jW) = (r,<p)i -w2xjc=a. 

Since cos (<p +a) -1 at the (impedance) resonances: 

I 
VBR (jw o) I 
vx(jw o) 

I 
VBR (jw) I 
vx(jw) 

..j(l+r cos<p)2+(r sin<p) 2 

1 - r 

In general: 

(l+r cos q» 2 + (r sinq» 2 
[l+r cos (<p+a)] 2+ [r sin (<p+a)] 2 . 

(5) 

(6 ) 

If cos <p *" -1 at Wo - I 
VBR (~Wo) I ) 
vx(]W o) 

1; and 

if - I 
VBR (jw r ) I ~ 
Vx(jw r ) I 

VBR (jw o) I 
Vx(jw o) 

d VBR(jW) 
Vx(jw) 

at a maximum response frequency (wr""w o) I where -'--""""d=-w-----' == o. 

The most interesting feature of this equation (see eq. 6) is the key role that the phase of the 
reflection at the bridge is playing: very high values of I vBR(jro)lvijro) I can be reached if cos is unequal 
to -1, and/or its derivative with respect to frequency is different from zero. 

It should be noticed that the transfer function above is independent of any reflection from the nut or 
the bow, thus independent of their respective admittances. However, the impedance of the string at 
point x is indeed a function of both bridge and nut reflections: 

Z (x, jw) = 2Z [ 1. + 1 
l+RBR (jw) e-]CiJ2X/ C l+RNUT (jw) e-jCiJ2(L-X)/C 

(7 ) 

where RNUT(jw) veloci ty reflection at the nut. 
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Figure 3: Transfer function with a purely 

resistive bridge. 

i 1 'D~ 
M 
A 9S 

G 
N BS 

I 

T " 
U 
D 
E 6S 

t -IJO 

0 
E '" 
G 
R · 180 

E ·185 

E 
S - 190 

'" 

REFLECTION AT BRIDGE, RBRUm): 

.... ....... _--_ .... .... .... ... -.. ---_ ......... --

,~~~~~~~~~~~~~~ 

0 . , 
f2xJC ~ 

Figure 5: Reflection function of the bridge 
model utilizedfor the simulation offigure 4. 

Figures 3 and 4 show the simulated transfer 
functions of two different bridge models. Figure 3: 
a purely resistive bridge, where the resistance of 
the unstrung bridge is 20 times greater than the 
characteristic wave resistance of the string. Figure 
4: a resonant spring + mass + resistance model, to 
which the belonging reflection function is shown 
in figure 5. 
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Figure 4: Transfer function with a resonant 
bridge. 

These simulations were prepared by 
programming random (quasi white noise) bow 
velocities over 8192 time steps, after which a 
straightforward calculation of the FFf of v 
with Hanning devided by FFr of v x with Hanning 
was performed. 

In the case of a purely resistive bridge, the 
transfer function takes maxima equal to unity and 
minima equal to Z/ZBR: With the resonant bridge 
model of fig. 4 and 5, maxima up to +20 dB are 
noticed. 

Transference with pitch flattening 
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In figures 2 a and b, the "node harmonics" (7., 
14.,21., etc) were missing due to the integer ratio 
(7) between the quasi slipping- and the whole 
period. In figures 6 a and b, the same string model 
is used once more: this time it is bowed with 
constant velocity and a high "bow pressure", 
forcing a 14 cent pitch flattening on to the system. 
Now, the "node harmonics" appear at the output 
with considerable power in spite of the modest 
values these are holding in the input velocity 
spectrum (see figures 6 a and b): 



t 0 

D 
E - IO 

C 
I - 10 

B 
E 30 

L 
- 40 

50 

t 0 

D 
E 10 

C 
I 20 

B 
E 30 
L 

40 

50 

INPUT VELOCITY SPECTRUM: 

10 10 30 40 50 60 

HARMONIC FREQUENCY --+ 

OUTPUT VELOCITY SPECTRUM: 

- 6 0 lillillJ.w.>llllWJlllll~.wtlllII.llLlilllilll!J.1LllJDJ.l1IJLlllll1lIl1llJJU.1JIillljJl1llWlJllilllllIlilllllllilJ] 

o 10 10 30 H 50 60 
-HARMONIC FREQUENCY --+ 

Figure 6: Spectra -at bowing point (a) and 
the bridge (b) when a pitch flattening of 14 
cent is simulated. Bow position is x = L17. 

Sound example 
In order to exemplify the effects described above, 
the simulated velocity of a bridge was recorded 
during a series of five different bowing patterns: 
at all times the velocity of a non slipping bow was 
describing square waves with a "fly-back" period 
equal to Tox/L. Pitch flattening was obtained by 
prolonging the positive (quasi static) period 
successively by T /252, thus flattening the pitch 
about 7 cent each time. 

The initial whole period was To = 2L/C. The 
simulations were perfOlmed with a compliant bow 
and a Cremer model bridge. Upon transference to 
audio, the high frequencies were boosted 
SOInewhat in order to emphasize differences in the 
overtone patterns. The series is played three times. 
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Measurements of nonlinear effects 
in a vibrating wire 
R J Hanson, J MAnderson & H K Macomber 

Abstract 
The motion of a driven vibrating string or wire is very complex because of nonlinear effects even for low 
amplitudes. The complexity, compared to simple linear theory, is due to tensional changes and longitudinal 
motions not taken into account in the simple theory. Some qualitative features of the motion have been presented 
(Hanson and Claassen, ISMA 1989, Mittenwald). Notable effects at frequencies near a natural resonance are the 
generation of motion perpendicular to the plane of the driving force, sudden jumps in amplitude and phase, 
whirling motion, hysteresis, and generation of harmonics of the driving frequency. Precise experimental 
measurements of amplitude and phase as a function of driving frequency will be presented for amplitudes 
ranging from several millimeters to a fraction of a micron for a O.7m magnetically driven red brasss harpsichord 
wire. The motion was sensed with two orthogonal optical detectors, the outputs of which were fed to a dual
channel FFf analyzer. Related effects were observed for a freely vibrating wire. Qualitative aspects will be 
illustrated with videotape. 

Introduction 
The motion of a vibrating string or wire driven in 
a fixed direction is very complex because of 
nonlinear effects even for low amplitudes. Notable 
effects at frequencies near a natural resonance are 
the generation of motion perpendicular to the 
plane of the driving force, sudden jumps in 
amplitude and phase, whirling motion, hysteresis, 
and generation of harmonics of the driving 
frequency. One of these effects, the whirling 
motion rather than the expected planar motion, is 
readily observed in elementary student laboratory 
experiments on standing waves in a driven string 
or wire. In this paper we present results of precise 
experimental measurements of amplitude and 
phase as a function of driving frequency for 
ampltudes ranging from several millimeters to less 
than a tenth of a micron. We make a few 
comparisons with theoretical work but the 
emphasis is on experimental results . A videotape 
of oscilloscope traces of the path of a point on the 
wire illustrates qualitative features. 

Theoretical background 
In the simple linear theory of a vibrating string the 
tension is assumed to be constant over the entire 
string and to not vary as the string vibrates. If 
tensional changes are taken into account the 
resulting equations are nonlinear and exact 
solutions cannot be obtained. If, in addition, the 
longitudinal motion of a segment of the string is 
taken into account further complications are 
introduced. 
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Murthy and Ramakrishna (M&R) (Murthy, 
1965) obtained a pair of coupled nonlinear partial 
differential equations for the two · components of 
transverse motion. Their approximate solution of 
these equations gave descriptions of the resonance 
response of the string, including the whirling 
motion, amplitude jump, and hysteresis 
phenomena, which were in agreement with their 
experimental observations. They predicted a 
critical frequency for onset of motion 
perpendicular to the plane of the driving force. 
That prediction was, however, based on the 
assumptions of a 90° phase difference between the 
transverse motions and a 0° phase difference 
between the driving force and the motion in the 
driving direction. N arasimha (N arasimha, 1968) 
refined these theoretical results by taking into 
account the longitudinal motion of the string. He 
obtained results for the string response which are 
qualitatively in agreement, but quantitatively 
different from those of M&R who had assumed 
the longitudinal motion to be zero. M&R did not 
include damping in their equations but did indicate 
the effect it would have on producing collapse of 
the motion. 

Experimental method 
The experimental arrangement is shown in Fig. 1. 
A 0.49-mm diameter red brass harpsichord wire 
0.711 m long is held at both ends in collets 
clamped in wood blocks bolted to a steel beam 
imbedded in concrete. A horseshoe magnet, placed 
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Figure 1: Experimental apparatus for 
observing and measuring displacements and 
phases of a point on a driven vibrating wire. 
Tension in the wire is established with the 
weight hanging from the pulley after which 
the wire is clamped at both ends. Details of 
the motion detectors are shown in Fig. 2. The 
dual-channel FFT analyzer is a Rockland 
Model 9040 Signal Analysis Work Station. 

at the center of the wire, provides the magnetic 
field which then causes the forced vibration of the 
wire when an alternating current passes through 
it. The motion is sensed with two orthogonal 
optoelectronic detectors . 

Fig. 2 shows positioning of the wire relative to 
the motion detectors and the labelling of 
coordinates. The driving force is in the y direction. 
The wire diameter is large enough compared with 
the diameter of the detector beams and its 
displacement small enough that light is 
transmitted only on the one side of the wire. For 
small displacements of the wire the change in light 
incident on a detector yields a voltage output 
which is linearly related to the displacement. Since 
the linear range is only about 0.2 mm of wire 
displacement, the detectors are placed near the 
clamped end of the wire for moderate to large 
amplitude motion. For very small amplitudes, 
associated with low driving forces, the detectors 
are moved to a region closer to, or at, a 
displacement antinode. The outputs of the two 
detectors are' fed to an X-V oscilloscope (actually 
yielding y vs. z) for visual observation and 
photography, and to a dual-channel FFT analyzer 
for precise amplitude and phase measurements. 
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Wire Cross 
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z 

Figure 2: Optoelectronic motion detection 
system. Each infrared source-detector pair is 
a General Electric Photon Coupled 
Interruptor Module H21Bl cut in two to 
permit appropriate mounting. 

Experimental results 
The frequency response curves of the vibrating 
wire for a large driving force in the y direction are 
shown in Fig 3. Many of the main features are 
predicted by most theoretical analyses. Features 
demonstrated in Fig. 3 which are not predicted or 
described in theoretical analyses include: (1) No 
evidence for a critical frequency of onset of z 
motion; the ,z amplitude becomes observable at 
frequencies far below fa and increases more 
rapidly than the y amplitude until the frequency 
approaches fa where the increase becomes much 
more rapid. (2) The y and z motions are in phase 
as the driving frequency increases to about fo, at 
which point the phase difference suddenly changes 
to 90°. At collapse it changes to about 180°. 
Several theoretical treatments either assume or 
yield a phase difference of 90° when there is z 
motion. Consequently, in those treatments it is 
considered that the existence of z motion implies 
that the motion is nonplanar. (3) The phase of the 
driving force (current) relative to the y motion 
gradually increases with driving frequency from 
0° far below fo to 90° iust before collapse. 

Curves very similar to those in Fig. 3 are 
obtained for driving frequencies in the vicinity of 
3fo. The main features of the y and z motion 
shown in Fig. 3 are also shown qualitatively in the 
videotape of the oscilloscope traces of the path of 
a point on the wire for frequencies near 3 fa . 

The effect of the response curve bending over 
can be interpreted as being due to increased 
tension at higher amplitudes resulting in a higher 
natural vibration frequency. Thus the peak at the 
natural frequency is being pursued, but never 
reached, until collapse occurs. 
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Figure 3: Amplitudes (at the antinode) and phases ofy and z components of wire motion vs. 
driving frequency for a large driving current of O. 05 Arms The value of fo, the free vibration 
fundamental frequency, is about 71 Hz. Arrows differentiate between data obtained with 
increasing frequency and those with decreasing frequency. The z phase is the phase of z 
motion relative to y motion and the driver phase is the phase of the .driving force relative to 
the y displacement. 

It should be noted that for low amplitudes 
(below ~ 70 Hz) the driving force and the wire 
displacement would be expected to be almost in 
phase. For large displacements it is expected that 
the phase difference would be almost 90 degrees 
which would then make the driving force and the 
velocity of the wire in the y direction in phase, 
which would yield the maximum transfer of 
energy to the wire to compensate for the large 
dissipation at large amplitudes. 

Response curves for much smaller amplitudes 
are shown in Fig. 4 in which there are almost 
identical shapes for the two very different 
amplitudes . Since the amplitudes in both cases are 
relatively low, the effects of the response curve 
bending over and the associated hysteresis are not 
evident. Because of the narrowness of the peaks 
precautions had to be taken against temperature 
changes which could alter the natural vibration 
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frequency . With the driving frequency held 
constant, opening a door could, for example, 
cause a drifHhrough the entire peak region of the 
curve. 

In Fig. 5 oscilloscope patterns are displayed 
for amplitudes similar to those of Fig. 4, 
indicating that the phase relations are similar to 
those at large amplitudes shown in Fig.3. The 
generation of vibrations in the z direction by a 
driving force in the y direction applies to an 
extremely large range of driving forces and 
resulting am~litudes. Measurements of amplitudes 
down to 10- mm indicate essentially the same z-y 
maximum amplitude ratio as in Fig. 4 1. These 
results are consistent with theoretical 
considerations which indicate that, unless the 
damping is heavy, the whirling motion does not 
depend upon the driving force and amplitude. 
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Figure 4: Amplitudes of y and z components 
of wire motion vs. driving frequency near 3fo 
for (a) low driving current of 2.0x10-3 Arms 
and (b) very low driving current of 2.0xI0-J 

Arms The free vibration frequency is 
significantly different in the two cases due to 
different tensions in the wire. 

(a) 

(b) 

Figure 5: Oscilloscope patterns oJ motIOn oJ 
a point on the wire in the yz plane showing 
relative amplitude and phase changes as a 
function of. driving frequency near 3fo. The 
frequency Increases from left to right in both 
sequences. The sequence in (a) was obtained 
for decreasing frequency beginning with a 
frequency above collapse and (b) was 
obtained for increasing frequency. The 
maximum amplitude in (a) is about 0.3 mm 
and in (b) is much smaller with a value of 
~bout 0.002 mm. The frequency range for (a) 
IS 199.8 Hz to 200.2 Hz and there is a similar 
range for (b). 

For large amplitude motions near resonance 
very significant higher harmonics of the driving 
frequenc~ are generated. For the videotape 
presentatIOns these were suppressed with a LP 
filter. 

Some similar nonlinear effects occur for a 
plu~ked .fre~ly vibrating string. The very complex 
motion IS Illustrated on the videotape. It is the 
composite of the many natural vibration 
freq~encies of a plucked string, including the 
motIOns generated perpendicular to the plane of 
~e original pluck with a variety of phases for the 
different hannonics. 

Conclusions 
Precise measurements of amplitude and phase 
over a wide range of amplitudes have been made 
for a driven vibrating wire. The results should be 
valuable for investigators doing theoretical 
modelli~g of a vibrating string and obtaining 
approximate solutions of the equations. We expect 
to do further work, making careful measurements 
of the generation of higher harmonics. Further 
studies of plucked strings are also anticipated. 
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Tonal effects of interactions betweeen the two 
lowest cavity modes and three body modes 
of the violin 
eM Hutchins 

Abstract 
Over the last ten years a series of experiments have been devised to study the effects on response and tonal 
qualities of violins based on frequency relationships of cavity and body modes. This work includes the following: 
the so-called "Swiss cheese" violin (Le Gruyere) with 65 holes in its ribs that can be opened or closed with corks 
or foam plugs: also a theoretical study of same which correlates well with the experimental findings. Various gas 
exchange experiments to track the effects of lowering the cavity modes without altering the frequencies of the 
body modes. Studies of the effects of the intentional frequency matching of the BO mode with that of the AO 
(Helmholtz) mode or with the frequency of what we are calling the "Z" tone (Saunders' "wood prime"). A report 
on the frequency relationships in over 50 violins of the playing and overall tonal character based on the frequency 
spacings between the Al cavity mode and the BI body mode, with an interesting psychoacoustic experiment 
under way based on these frequency spacings. These studies will be reviewed briefly and their results discussed in 
the light of implications for violin making and future research in violin acoustics. 

Introduction 
In the violin anyone tone is a unique combination 
of an air subsystem (the cavity modes) and a 
mechanical subsystem (the body modes) with one 
or the other dominating. Each of these subsystems 
has a certain amount of mass and damping. The 
damping of an air system depends on the amount 
of sound energy radiated away from the 
instrument and by energy losses associated with 
flows around corners and sharp edges. The 
damping of a mechanical system depends 
principally on the internal damping of the 
materials involved. As an air and a body mode 
approach each other in frequency, their combined 
mass and damping factors react more closely, 
causing increased damping and increased mass 
loading of the combined system. 

Not only does the spacing of two prominent 
lower frequency modes affect the lower 
frequencies of a vibrating system, but information 
can be predicted about the higher frequency 
modes from the basic physical quantities 
describing the structure and behavior of the lower 
modes, (Skudrzyk 1980). 

The work discussed here represents a series of 
studies of various interactions of these two 
subsystems based on the frequency relationships 
of two cavity modes and three body modes of the 
violin below 1000Hz as related to playing and 
tonal qualities in the finished instrument. 

Test methods 
The primary method is an air-air test made inside 
the cavity of the violin which is hung vertically at 
each corner by a rubber band with another around 
the heel of the scroll. Vibration is from a tiny 
microphone (Knowles C1955) inserted through 
one f-hole and the response to a swept sine wave 
excitation picked up by a tiny loudspeaker, 
(Knowles XL9073) inserted through the other f
hole, with both hanging near the center of the 
lower bout and not touching the wood. A chart 
made by this method shows the air modes inside 
the box as PEAKS and the body modes as 
ABSORPTION DIPS. With this method a close 
check can be made of the frequency spacing 
between a cavity mode and a nearby body mode 
without the frequency distortions caused by 
different relations to nodes and antinodes of a 
body mode when the transducer is placed on the 
violin surface. 
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Benade (1987) developed a theoretical 
analysis using MATH-CAD, which was later 
documented by Rodgers (1989) that verifies the 
validity of this air-air test 

A second method gives input admittance 
using a small coil activated by a swept sine wave 
and placed over, but not touching, a tiny, high 
intensity magnet mounted on an accelerometer 
(0.68gram) which is waxed to the violin top over 
the bassbar and 5mm tailwards of the bridge. This 
test is for various comparisons with the air-air test 
and shows as a dotted line on the charts. 



A third is the so-called "Saunders' Loudness" 
test whereby each note on the instrument is bowed 
as loudly as possible until the slip-stick action of 
the string can no longer be maintained by the bow 
and the tone breaks, and the maximum decibel 
value registered on a sound level meter with the C 
weighting. 

Experiments 
An early demonstration of the effect of moving the 
violin cavity modes away from their normal 
placement relative to body modes was the '1e 
Gruyere" or "Swiss Cheese" violin which has 65 
5mm diameter holes bored in its ribs. When all 
holes were plugged with corks it was a good 
sounding violin, but with even six holes open the 
sound, particularly on the two lower strings, 
deteriorated markedly. With 65 holes open the air 
peaks all moved up scale, the "Helmholtz" mode 
practically disappearing, and the Al air mode at 
488Hz moving up about 50Hz. With all foam, the 
peaks were at about the same frequencies, but 
greatly reduced in amplitude due to the extra 
damping. When all holes were open or all plugged 
with foam the sound of the two lower strings was 
very weak and the upper range harsh and strident 
due to the moved up cavity resonances,(Hutchins 
1990;Shaw (1990). 

A study on the effects of moving cavity 
modes down scale was done by filling the cavity 
of the violin with either carbon dioxide or freon 
22. By tracking the internal gas resonances as 
well as the vibrations of the top of the violin at the 
same time, it was shown that the cavity vibrations 
actually did move the top plate. Thus some of the 
peaks thought to be body vibrations tracked the 
cavity vibrations with the heavier gases, 
(Bissinger and Hutchins 1983,1985). 

The reciprocal radiation method of testing the 
output of a violin (Weinreich 1985) has shown 
that many of the peaks found in the first 1000Hz 
of violin response curves and modal analyses do 
not radiate strongly and that, of the three strongest 
peaks in this range, two of them are closely 
associated with the AO and the A 1 cavity modes. 

Cavity and body modes 
Figure 1 shows the geometry and relative 
positions of three prominent body modes and two 
cavity modes in the playing range of the violin as 
related to the piano keyboard. The "cartoons" of 
the B-minus one (B-1) and the B-zero (BO) body 
modes are from the modal analyses of K. 
Marshall (1985). The finite element 
reconstruction of the B-one (Bl) is from G. Knott 
(1987). In addition the two strongest BOWED 
TONES in this range are indicated. These are 
discussed later. 
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In nonnal violins the "Helmholtz" or AO 
mode is usually found from C4-D4 (260-290Hz) 
and the Al mode from A4-B4 (430-490Hz). The 
frequency of the AO mode is based on the cavity 
volume, flexibility of its walls, f-hole area and f
hole edge thickness. The frequency of the Al 
cavity mode is based on the LENGTH of the body 
cavity and the flexibility of its walls. In a finished 
instrument it difficult, if not impossible without 
seriously alteting the structure, to move the cavity 
modes more than a few Hz. 

The BO body mode usually lies close in 
frequency to the AO mode. BO is a non-radiating 
mode with COnsiderable bending of the neck and 
fingerboard with a rocking motion around the 
node across the middle of the lower bout and some 
slight bending of the corpus. Its frequency can be 
altered by changes in mass, particularly at the end 
of the fingerboard as well as of the peg box, 
scroll, pegs, and chinrest. Changes in the stiffness 
of the neck and fingerboard will also affect its 
frequency. 

The Bl body mode is a strongly radiating 
mode which usually lies a few semitones above 
the frequency of the Al mode. In violins the B 1 
mode is found between B4-D5 (490-590Hz). Its 
frequency is controlled by the stiffness of the top 
and back plates, ribs, liners, soundpost, and 
bassbar. In the construction process of a violin 
the frequency of B 1 can be controlled to an extent 
by the thickness graduation patterns and their 
relative frequencies in the free plates before 
assembly. In the finished violin it has been shown 
that long-time continuous vibration (1500 hours 
of a radio station played through the bridge) will 
reduce the B 1 frequency 25Hz, but that after 
several month's rest the frequency goes back up 
about 15Hz,leaving a net decrease of about 10 
Hz. In the same series of experiments, thinning the 
soundpost through the center (after Condax 1964 
and 1988) gave a reduction of 8Hz to B 1. Also if 
one is willing to take the top off a finished 
instrument, the following frequency changes can 
be achieved: 1. Thinning the liners from 2.Omm to 
l.Omm all around the top and back of both plates
- minus 8-9Hz; 2.Wood removal from top plate 
and bassbar in sensitive areas as indicated by 
finite element analysis -- minus 8Hz; 3.Heavier 
bassbar installed -- plus 10 Hz; 4.Heavier liners -
plus 4Hz,(Hutchins and Rodgers 1992). 

B minus one (B-1) is a non-radiating mode 
which rocks about a central axis across the C 
bouts of the violin, with a node at the nut and a 
flapping of the peg box and scroll. It is well below 
the playing frequency, but in the range of some 
tailpiece frequencies. Its frequency is based on the 
stiffnesses and mass distribution of the whole 
violin 
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Figure 2: An air-air cavity response curve 
showing frequencies of AO and Ai peaks and 
Bi dip as related to the strongest bowed 
tones, WOOD and WOOD PRIME. 

Wood and wood prime tones 
The strongest bowed tone in the AI-Bl range is 
not found at the frequency of either of these 
modes, but somewhere in between, depending on 
the relative frequencies and strengths of these two 
modes. The effect of bowing is to combine these 
two strong resonances into a single strong tone 
which we are calling the MAIN WOOD tone, and 
the strong tone an octave below as the WOOD 
PRIME after the nomenclature used by 
F.A.Saunders (1946). Figure 2 shows a cavity air
air test indicating the frequency and amplitude of 
the strong WOOD and WOOD PRIME bowed 
tones made by the Saunders' Loudness test. 
Blowing across the G-side f-hole of a violin gives 
the pitch of the AO mode. However, HUMMING 
into the f-hole produces a slightly lower pitch 
which has been identified as the octave below the 
MAIN WOOD resonance or WOOD PRIME. 
There is also a vibration at either end of the body 
that can be felt in fingers and thumb around each 
end when the HUM tone is reached Matching the 
BO mode to the frequency of the WOOD PRIME 
tone gives even a better overall result than the AD
BO matching, (Spear 1990). 

375 



Violin 261 

I"' . . _ ... -'-.... _ . .. '----' .. '-'-. ______ ._. __ , __ .. ,47,0. .. _. __ , __ 

A1 

10 , .. 

"' 470 " .. .. ----_ .. -- - -_ .. _- - - -----_._--,,- -
3{) F:--"----''-''--'----=- ---......:.:... - .... ....... . 

'" Jj 
2.0~m '0 

" o 20f-----

- '.:" ::C ... -.. · ..... ::. : .. C::·,.:·.:· .. ·.-: .•. . : •. : .. A 7~ . .-
- -------- - -_._--

" .. -"'-" .... .... . .... . 
.. .. 

4.5~m 30 .- : ~ .. ~ : -. ~~ .: .,. - ..:..,-. .. =:.~ ,-," ,-:-= 'c-:' " .-::c-.. ,' --::-: .. ~--,"' '-"-:-~~~+. .I-.-... -:-.. ~~~-~_~~-.. '- '-" '..,"" 
.... -., ... . ' , " 

Figure 3: Section of an air-air cavity 
response curve showing the effect of adding 
mass on the end of the fingerboard to reduce 
thefrequency of the BO mode. 

Matching AO-BO 
By appropriate adjustments to mass and stiffness, 
the BO mode frequency can usually be moved to 
coincide with that of the AD mode. Figure 3 shows 
sections of three air-air tests as described above. 
In the upper chart the BO frequency dip is above 
that of the AD peak. The middle chart shows the 
two coinciding with 2.0 grams of clay stuck on the 
end of the fingerboard, lowering the frequency due 
to increased mass in motion. In the lower chart 
BO is too low in frequency with 4.5 grams of clay 
on the fingerboard end. If BO is too low its 
frequency can be raised by removing wood from 
under the end or cutting a slice off the end of the 
fingerboard. If BO is too high its frequency can be 
reduced by removing wood from under the 
fingerboard close to where it joins the neck, or by 
thinning the fingerboard and/or the neck where 
they are bending between the upper edge of the 
violin and the nut 

Adjusting the frequency of the BO mode to 
coincide with that of the AO mode has been found 
to add damping to the AO mode, spreading it out 
over a wider tone range and increasing the ease of 
playing. There is also enhancement of the sound 
from the scissor type action between the vigorous 
vibration of the fingerboard and the top of the 
instrument thus increasing the dynamics of the 
whole instrument, particularly in its response for 
the player, (Bissinger and Hutchins 1985; 
Hutchins 1985; Spear 1987). 

Tailpiece matching 
The B-1 mode has been little explored except to 
find that the tone and playing qualities of a violin 
were markedly improved when the tailpiece 
frequency was matched to that of the B-1 mode. 
Considerable improvement was also found when 
the tailpiece was matched to one half the 
frequency of either AO or BO (or the combination 
when they are tuned to the same frequency); or to 
one half the frequency of W', (Hutchins 1993) . 
However when BO is matched to W' it does not 
work too well to have the tailpiece also matched to 
1/2 W'. (Hutchins and VoskuilI993). 

Importance of the frequency spacing 
between Al and Bl 
A study based on the frequency spacing (delta) 
between the Al and B 1 modes in a violin was first 
slanted toward the idea that the best sounding 
instruments might have their air and body modes 
very close together, perhaps even matching. Tests 
on a number of violins brought to Hutchins by 
their player-owners soon showed, however, that 
this was not the case. A good example of this was 
the Guarnerius del Jesu of 1741, owned by 
Rodney Friend, who was then Concertmaster of 
the New York Philharmonic, that had an Al- B 1 
delta of 64Hz. One of Hutchins violins, that 
Friend liked very much and said played nearly like 
his, had a delta of 68Hz. Measurements of the Al 
and Bl modes on nearly 100 violins brought to 
Hutchins over the last 20 years by their owners
players with comments on how they use them, 
whether for solo, concert, orchestra or chamber 
music indicate the following: A delta of 60-80Hz, 
soloists; 4O-60Hz orchestra players; below 40Hz 
chamber music. Figure 4 shows two tests of the 
Sanctus Seraphin of Paul Zukovsky made 13 
years apart on two different facilities , but with the 
same air-air test inside the lower bout. Details of 
named violins with different AI-B 1 deltas can be 
found in Hutchins (1989). 

A psychoacoustics experiment is in progress 
using 15 violins made with intentionally different 
deltas, ranging from 80 to 5Hz. When player
owners bring a violin for a test they are 
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Figure 4: Two tests of a Sanctus Seraphin violin made 13 years apart showing the A1-B1 
delta. 

asked to try the 15 violins and pick the one or two 
they like best to play. Meanwhile theirs is being 
tested In over two years, thus far, each player 
has selected the one or two instruments having its 
AI-Bl delta closest to his or her own. Further 
documentation of this is under way. 

20th century research on the violin 
Practically all of the work done on the violin in 
this century is based on increased understanding 
of its mechanical subsystems. The application of 
electrical circuit theory, developed by lC. 
Schelleng (1962) and continued by others (Cox 
1980), provided an understanding of the 
interactions of the mechanical systems as well as 
the AO cavity mode (Schelleng 1971). Some of 
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the higher cavity modes of the violin were 
measured by E.V.Jansson (1973,1977), and a 
theoretical pilot study done on the coupling 
between the top plate and air volume vibrations 
(Jansson and Sundin 1974), but no attempt has 
been made to study further cavity-body 
interactions until the work reported here. It 
boggles the mind to consider the myriad of cavity 
modes and their interactions with the body modes 
above the frequencies studied thus far. A big 
challenge for future research on the violin is to 
find ways to document and understand more of the 
cavity and body subsystems and their interactions, 
as well as to develop psychoacoustic tests to 
check their effects on violin tone and playing 
qualities. 
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Measured level and phase contours 
of pressure on the surface of vibrating shells 
T Inoue & H Tonegawa 

Abstract 
The modes of vibration of loudspeaker diaphragms were observed as acceleration modes by measuring the 
pressure on the vibrating surfaces. The contours of the level, phase and the second harmonic of acceleration were 
measured and plotted to 12 kHz. The aspect ratios of the diaphragm were 1:1 (circular), 2:1 (oval), and 4:1. 
Some five levels of the diaphragm thickness were used. This paper is stimulated by the 'Video demonstration of 
violin body vibrations' presented before the ISMA '92, Tokyo, 4A-6, by Dr. A. Askenfelt, and papers on 
vibrating-surface musical instruments. 

1. Introduction 
Sound pressure distributed on the surface 
vibrating for radiation into free space is measured. 
Contours of the phase and harmonic, as well as 
level, of the pressure are drawn. They are intended 
to be an approximate substitute for the 
accelleration contours . The present method aims 
at non-contact measurement for non-conductive 
and non-magnetic objects. It does not use the 
second or first order derivative of displacement or 
velocity, to be free from the SIN worse at higher 
frequencies. 
It aims at the classification of the vibration modes 
of loudspeaker diaphragms influenced by the 
thickness. It is introduced before SMAC '93 
because the presentations before ISMA '92 on 
vibrating-surface instruments have encouraged the 
authors' belief that the diaphragm and the musical 
plate are common in the essential aspects (Inoue, 
1992). It is introduced before the researchers of 
violin plates because the authors are encouraged 
by the vivid and beautiful Video Demonstration 
(Saldner & aI., 1992) before ISMA '92. 

2. Method of measurement 

2.1 Principle 
The accelleration is assumed to be approximately 
proportional to the pressure, which is sensed by a 
small microphone put close to the surface without 
contact. The microphone scans the surface. 
Contours of level, phase, and harmonic of the 
pressure are drawn. 

2.2 Theoretical defect 
The pressure is not uniform on the pistonically 
vibrating plates at low frequencies. The 
distribution of pressure will not necessarily be 
equivalent to that of accelleration for long wave 
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Mic. 

Figure 1: Microphone put near to a 
loudspeaker cone. 

lengths. The present method is assumed to be 
applicable as an approximation for short wave 
lengths. 

2.3 Object and microphone 
An 1/8" microphone, B&K 4138, was put (Fig. 1) 
near to round and oval types of loudspeaker paper 
cones. They were equal in geometric mean, 23 .60 
mm, of the longer and shoter axes, in depth, 116.0 
mm, and in inner diameter (voice coil diameter), 
26.35 mm. They differed only in aspect ratio, 1:1, 
1:2, and 1:4. 

2.4 Automatic measurement 

2.4.1 System 
A DANTEK 57HOO traversing system positioned 
and scanned the microphone, whose out put was 
processed by B&K instruments. The whole was 
controlled through GP-IB by a HP-300 (Fig. 2). 



ANECHOIC ROON 

POll er 
Ampl ifer 

Digital 
Function 
Synthes izer 

1/8" Condenser 

GP-IS 

Measur i ng 
Ampl ifer 

1/3 Oct . 

BPF 

Host Computer Plotter 

Figure 2: Measuring system 

2.4.2 Basis of microphone positioning 
The diaphram was excited to a pistonic vibration 
at a frequency a little higher than the loudspeaker 
resonance. The microphone was put forward 
against the diaphragm by a pitch of 1. 0 mm, 
which raised the pressure by about 0.25 dB. A 
sudden rise of about 20 dB was picked-up on 
contact to the diaphragm. The microphone was 
put backward by a pitch of 0.5 mm until the 
contact buzz vanished. The resulting position was 
stored. This procedure was carried out against the 
inner ends (on the circumference of the voice coil) 
and outer ends of the short and long axes. 

2.4.3 Microphone scanning 
The stored eight positions served for the 
interpolation of microphone positions (Fig. 3), 
which were stored. 

1144 on 1:2 co ne 
1152 on 1:1 cone 

C2@Sl'~C~2m0~ 
1078 on 1:4 cone 

Figure 3: Microphone positions 

2.4.4 Quantities extracted 
The level was stored through B&K 5636, the 
phase through B&K 2977, and the second 
harmonic through B&K 2112 with B&K 2636. 

2.4.4 Contour drawing 
The stored data were read out and put ill a 
contour program. 

2.5 Frequencies 

2.5.1 Level and phase measurement 
The above procedure was carried out at the peak 
frequency (arrow to the frequency curve in Fig. 4) 
of the motional impedance of the loudspeaker, or 
that of the driving point admittance of the 
diaphragm. 

2.5.2 Harmonics mesurement 
The procedures was carried out at the frequency 
where the second harmonic was great at the 0 m 
distance on the loudspeaker axis. 

3. Obtained contours 

3.1 Level and phase 
The pressure distribution was less complicated on 
the 1:1 cone than on 1:2 and 1:4 ones. The phase 
contours closed up together, and the level was 
lower, in an annular area than in the others. 
The annulus diameter decreased at higher 
frequencies (Fig. 4a). The four points PI-P4 on a 
1:4 cone (Fig. 4b) suggest nodes. 
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Level at 3dB 
intervals ----="..;-----

Motional impedance curve 

(a) 1:1 cone, 5.497 kHz 

-
'"' 

Level at 3dB 
intervals 

Phase at 30· 
intervals 

3.241 [KHz] 

Motional impedance curve 

(b) 4:1 cone, 3.241 kHz 

Figure 4: Level and phase contours 

3.2 Second hamonic 
Both sets of the second harmonic contours (Fig. 5) 
are roughly similar to level contours. The whole 
diaphragms are suggested to vibrate with a 
uniform distortion factor that results from the 
voice coil distortion. The fact that some harmonic 
contours cross the voice coil circle in the 1:4 
diaphragm is important. 

4. Conclusions 
Contours of level, phase, and second harmonic of 
the pressure on break-up-vibrating, non-magnetic, 
non-conducti.ve shells were obtained. The results 
are distinct and free from noise. Future problems 
are: (1) the measurement of just the accelleration 
contours are desirable; (2) the positioning on the 
violin plate which does not vibrate pistonically 
should be thought out. 
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Timbre and properties of a violin 
E V Jansson, B Niewczyk & L Fryden 

Abstract 
It has been suggested that the timbre of a played instrument may be perceived between the excitation pulses, once 
every period of the played string. By impulse excitation all resonances of a resonator system will be excited. The 
resonance vibrations are damped exponentially between every excitation pulse. Thus the sound in the room will 
consist of damped oscillations of the dominating resonances of the violin body. The excitation pulses may be 
regarded as pickets and the decaying resonance vibrations in between may present the resonant properties of a 
violin similarly to the vision of a landscape through a moving picket fence. Results of obtained wave fonns and 
their relations to the properties of the played violin will be presented. 

Introduction 
In this paper some results will be presented from 
experiments made in 1992 and 1993. First 
laboratory experiments were made on the 
construction of the violin, i.e. with opening of f
holes and thinning of the top and the back plates 
of an experimental violin. Secondly adjustment 
experiments were made by changing sound post 
positions. Thirdly relations between violin 
properties and time history of played tones were 
recorded and will be reported on. The vibration 
properties of the violin were measured in form of 
admittance (impulse excitation at top of bridge 
parallel with the top plate and electromagnetic 
pickup by a 0.025 g magnet via an air gap) and 
the tonal properties were tested by playing. The 
vibration properties were analysed in the 500 Hz 
range and the 1.5-3 kHz range (the "bridge hill" 
range). 

TP 

BP 

Figure 1: Construction of the violin. TP 
marks top plate, F left f-hole, SP soundpost, 
and BP back plate. 

Experiments on construction 
The construction of the violin is sketched in Fig. 
1. The f-holes act as free edges and it was tested 
how this boundary condition influences the 
properties of a violin and its tonal quality. Over 
the left f-hole violin maker's stamps were glued to 
'1ock" the free inner edges to the outer edge. The 
stamps were removed in steps. . The frequency 
responses (admittance at the bridge) with fastened 
edges and free edges show a large change in the 
500 Hz range but a moderate change in the bridge 
hill range, see Fig. 2. In the playing test the 
removal of the stamps resulted in considerable 
improvement, especially with the removal of the 
stamps affecting the longitudinal stiffness (this 
also applies to the frequency responses). The 
result indicates that the crossgrain cutting of the f
holes is the most important 

dB LEFf 

F-HOLE 

LOOCKED 

dB 
BOTH 

F-HOLES 

FREE 

Figure 2: Frequency responses (level) of 
violin with left f-hole edges "locked" with 
stamps andfree, respectively. 
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THICK 

PLATES 

TOP PLATE 

THINNED 

AND 

BACK PLATE 

THINNED 

Figure 3: Frequency responses (level) of 
violin with thick plates, top plate thinned and 
back plate thinned, respectively. 

The thickness of the top and back plates are 
major parameters for the violin maker. An 
experimental violin with thick plates were thinned, 
first the top plate and thereafter the back plate. 
The following changes of the frequency responses 
were noted There was a large change in the 500 
Hz range for the top plate thinning and a moderate 
change in the bridge hill range for the back plate 
thinning, see Fig. 3. The test player found that the 
thinnings improved the tone. The top plate 
thinning gave a strong but "colourless" tone, and 
the back plate thinning resulted in a strong, bright 
tone with edge. The result indicates that the top 
plate mainly influences the tonal strength and a 
subsequent adjustment of the back plate mainly 
influences the tonal brightness. 

Experiments on soundpost adjustments 
Sound post experiments were made with violins 
with prominent bridge hills. First the frequency 
response was measured for a violin with and 
without soundpost. It showed an interesting 
difference in the 500 Hz range - the 450 Hz peak 
vanishes and the 550 Hz peak level increases 
much when the sound post is removed, but the 
bridge hill is little effected, see Fig. 4. The effect 
of the removal reminds of moving the sound post 
towards the centre line (cf. below) and the 
''locking'' of the left f-hole edges, i.e. gives a more 
symmetrical violin. The result indicates that the 
sound post should mainly influence the low 
frequency response. 

WiTH 

SOUNDPOST 

WiTHOUT 

SOUNDPOST 

Figure 4: Frequency responses (level) of 
violin N92 with and without soundpost, 
respectively. 

Secondly the soundpost position was shifted 
towards and away from the bridge (along the 
violin ± a soundpost width). The bridge hill got a 
sharper and higher tip with the sound post moved 
away from the bridge, see Fig. 5. The player's 
judgement was that the violin had a "slow and 
hard" tone with the soundpost close to the bridge, 
and a "non-singing and loose" tone with the sound 
post away from the bridge. 

Thirdly the sound post position was shifted 
towards and away from the center line (across the 
violin ± a soundpost width). The sound post 
position gave a large influence mainly on the 650 
Hz resonance, see Fig. 6. The 650 Hz peak level 
increased with the sound post shifted towards the 
centre line. In large it may be concluded that the 
low-frequency is suppressed by moving the 
soundpost towards the center line. The violin was 
found to get a "looser" tone with the soundpost 
towards the centre, more rumbling and harder tone 
with the soundpost away from the centre line. The 
results of the soundpost shifts indicated that 
sideways shift mainly influences the low 
frequency response and the lengthways 
adjustments the high frequency response. 

Violin 'properties and time history 
of violm tones 
The time history (an oscillogram) of a complete 
violin tone (open G-string played martellato) 
shows only a smoothly changing envelope, a 
portion enlarged 25 times shows a time history 
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SOUNDPOST 

:~~DA::S t 
~ 

SOUNDPOST 

AWAY FROM 

BRIDGE ! 

Figure 5: Frequency responses (level) of 
violin N92 with the sound post shifted towards 
bridge and away from bridge, respecively. 

dB 
SOUNDPOST 

TOWARDS 

CENTER 

+---6 

dB 
SOUNDPOST 

AWAY FROM 

CENTER 

0--.. 

Figure 6: Frequency responses (level) of 
violin N92 with the soundpost shifted 
towards and away from center line, 
respectively. 

reminding of a picket fence and with 150 times 
enlargement it shows time histories of 
reverberation between the excitation pulses, see 
Fig. 7. 

TIme histories of the same tone played on a the 
violin adjusted to a low and to a pronounced 
bridge hill peak show interesting differences, i.e. 
small and large vibrations at the bridge hill 
frequency, respectively, see Fig. 8. 

Discussion and conclusions 
It has been suggested recently that some important 
parameters are more easily revealed by the time 
history of played tones rather than by their 
spectra. As a mean to sort out important 
acoustical parameters of a played tone an 
acoustical analogy to viewing a landscape through 
a moving picket fence has been suggested - i.e. 
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Figure 7: Time history (oscillogram) of a 
violin tone stepwise enlarged: the complete 
violin tone (open G-string played 
marteIIato), portion enlarged 25 times and 
150 times, respectively. 

acoustically something similar to listening to a 
drone interrupted by excitation pulses. 

Long time experience suggests the use of 
"natural synthesis" rather than simplified 
synthesis such as electronical source-filter 
models. Therefore, as a first part investigation of 
violin body properties, this experience has been 
followed up. Frequency responses have been 
measured with our standard methods of perturbed 
violin bodies and player's judgements have been 
noted. The results suggest in large that 
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Figure 8: Frequency responses (magnitude) of a violin with the sound post towards and away 
from the bridge and time histroies of corresponding two violin tones (cf.fig. 5). 

1. the top plate and soundpost adjusted side-ways 
sets the low frequency response and tonal 
strength,. 
2. the back plate and the soundpost adjusted 
lengthways sets the high frequency response and 
tonal brilliance. 
It should be pointed out that the results were 
found by coarse adjusttnents and for a limited 
number of instruments. Still we believe the results 
to valid in general for well made violins. 

Additional experiments showed that 
3. Effects of resonances can be traced as 
reverberating resonance tones between the 
excitation pulses also in the airborne sound. 
In infOImallistening tests with digitally produced 
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impulses exciting digital filters it was found that 
three resonances at 450 Hz, 530 Hz and 690 Hz, 
and a resonance in the bridge hill region could 
clearly be heard, the Q-factor of a resonance gives 
double influence (high initial amplitude and long 
reverberation). A drone timbre is clearly heard for 
a fundamental frequency up to 500 Hz but at 
higher frequencies the impulse so~d will 
do~te, which indicates that the slip-stick 
transItions at the bow-string contact has a 
dominating influence. 
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Bowed string seen in the light of acceleration 
M Kondo & H Kubota 

Abstract 
This paper shows the three examples of how to derive the stationary vibration of a string bowed at particular 
points, thus revealing the construction of Helmholtz Motion. 

Introduction 
Strangely for more than a dozen decades the 
Helmholtzian waves have been treated and 
discussed either by their shapes of the string or by 
their velocity properties of the string. At SMAC 
'83 , just in this same hall, we proposed to use 
"Acceleration" properties of the string, and 
discussed prematurely the formation mechanism 
of the Helmholtzian waves.(Kondo & al.,1983) 
Since then, we have tried to make other more 
convincing . explanations of the formation 
mechanism of Helrnholtzian waves. (Kondo & 
al. ,1990; and 1991 ; and 1992) 

This paper intends to discuss more clearly how 
a lot of tiny Helmholtzian waves, which are the 
direct result of each "stick and slip" event, make 
up the final stationary waves . 

There are, as it were, two rivers to be crossed 
and a tunnel to be gone through. One river is the 
problem how we can know the stationa~ state of 
vibration, because every stroke of bowm~ has an 
unknown building-up stage before the strmg gets 
stationary. The other river is the magnitude 
determination of each component acceleration. 

To cross these two rivers, we have made 
temporary bridges of "Empirical rules" (1) and 
(2). Although these bridges have not yet been 
scientifically built up, they can bear the load for 
the time being. We mean by the tunnel the 
screening of bowing points . Last year we took up 
the case where the bowing point is at 1/3xL from 

an end where L is the string length.(Kondo & 
al.,1992) Here we examine the following three 
cases; B.P .=1/5xL, 2/5xL(A) ,and 2/5xL(B). 

Effects of a pair of "stick and slip" 

(a) Bends or accelerations; twin brothers 
and twin sisters 
Suppose a long stretched string on the X -axis of 
Fig.l, and manually put a pressure on a running 
bow to the string at a point PI. The pulled string 
will sink down (-Y direction) as Fig.l making two 
bends I and J at the both edges of the sinking 
segments of the string, which run apart wider as 
the sinking continues. These twin bends, let us call 
Isaac and John (Fig. I). After a while, when one 
removes the pressure from the string at 1>2, the 
bottom angle of the sinking segments ceases to 
sink and splits into two, M and N. Let us call 
these twin bends Mary and Nancy respectively. 
The twin sisters run apart wider holding the slant 
segments at their ends, just as Isaac and John 
already do at their another ends. Thus, after a pair 
of "put and remove" pressure to the running bow 
the both slant segments, caught by the running 
boys and girls at their ends appear to run apart 
forever, if the string length is infinite. (Really the 
mass elements of the slant segments are moving 
downwards with the bow speed) 

y Bowing 
(Isaac) I (John) 

-----I-I-I-I-.-J~J----J~J .. J---

~~~~ -- ~.--x 
~~~S~d 

-- M. ---M- -N--- .. N_ 

o 

- y 

(Mary) (Nancy) 

Fig.1 A single "stick & slip" makes four bends; twin brothers and twin sisters. 
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X P1 
O~~--------------------------~~~----------------~------------.x 

~ : acc. downward (- y) 

if : acc. upward (y) 

V : Spd. of transv. 
wave 

U : Bowing spd. 

Fig.2 Acceleration routes of four children along the string 

(b) Acceleration routes 
Now let us wear the "glasses of acceleration", 
then we will see only the four routes of the twin 
brothers and the twin sisters, as in the x-t plane of 
Fig.2. As Isaac and John have the downward 
accelerations at the comers of the bends, thick 
arrows are marked on their routes, and likewise 
the upward thick arrows on Mary's route and also 
Nancy's route. 

The four acceleration routes have two 
meanings; they are not only the seeds of 
Helrnholtzian waves, but also they work as 
triggers in the following way. In case of 
instruments, where the children are shut in the 
limited length of the string, they jointly or 
sometimes alone, do their duty to trigger the "slip 
and stick" . * Thus feedback loops will be 
established. 

A "slip and stick" gives births to the four 
particular children, but the grown up 
Helrnholtzian waves are classified into two 
groups, one is the clockwise Helrnholtzian waves, 
and the other is the counter clockwise 
Helrnholtzian waves . 

Procedure of making Hehnholtz Motion 
from "stick and slip" 
Example 1. Bowing at 1/5x L from an end 
STEP 1. (a) Prepare a unit block of LxT (Fig.3-
1), where L is the string length, and T is the 
fundamental period of transversal vibration of the 
string. (b) Mark the stick point with a black 
circle, and the slip point with a white circle. (c) 
Draw the acceleration route of Isaac and John 
with a broken line and a solid line respectively. (d) 
Draw Nancy's route with a broken line, and 
Mary's route with a solid line within the space of 
the slip duration. 
STEP 2. In order to get, from the above chart 
Fig.3-l, the acceleration diagram of the stationary 
state of vibration, we use the empirical rule(l). It 
says; discover and draw all the possible routes of 
acceleration, even if the routes has seemingly 
small possib~lity for its existence. 

According to this rule, we can add to Fig.3-l, 
three straight extension lines at three sticking 
points besides the main reflecting lines. Other 
possible lines can be found when we extend all 

acceleration routes so far known into several 
following unit blocks, and discover all the 
possibilities. When the acceleration routes 
diagram of the next block is the same as the one 
before, the diagram is what we want. 

Fig.3-2 is the chart we want now. Pay 
attention to the regular network of acceleration 
routes, and also to the fact that there are two 
kinds of routes; clockwise and counterclockwise. 
STEP 3. Each route (thread) of the network is, as 
it were, the rail on which a carriage named 
"acceleration" passes. The carriage movement 
corresponds a Helrnholtzian wave. The next thing 
we want to know is the relative magnitudes of 
acceleration of the routes (threads). Our empirical 
rule(2) suggests as follows: 

Count the number of acceleration routes 
separately. The answer for this example is: one 
clockwise route and four counter clockwise 
routes. Then the magnitude ratio is: 

Mgnt.of c. route: mgnt of counter c. route=4: I 
(inversely proportional to their numbers) 
The step 3 is to label each acceleration route with 
its relative magnitude and directional arrow. 
STEP 4. The physical meaning of this label is as 
follows: when the string element dl crosses an 
acceleration route of magnitude M from A side of 
the route to another side B, the vibrational 
velocity of d1 changes a value Mxdt (dt is the 
crossing time), and also when the arrow is 
downward (upward) the velocity of B side is 
smaller (larger) than that of A side. So we can 
determine the velocity of each rhombus mesh , by 
putting the velocity of both ends zero as a 
boundary condition. 

The final result of this time integration is 
Fig.3-4. The rhombus velocity meshwork tells us 
the whole kinematics of a bowed string. The unit 
block is largely divided into three zones: one 
negative zone and two positive zones. To 
understand the figure more clearly , step 5. will be 
helpful. 
STEP 5. With one more integration by t, we get 
the shapes of string and its velocity distribution. 
To avoid ambiguity we need at least two figures 
Fig.3-5a and Fig.3-5b. The string has a bend each 
time it crosses the boundary lines of the 
parallelograms. 
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1/ 5L Bow 
4/ 5L 

John 

~NanCy 

~SliP duration 
........ 

........ 

Fig.3-1 Setting chart 

x=L 

Fig.3-2 Acceleration routes chart for 
the stationary state 

Fig.3-3 Acceleration routes network with 
relative magnitudes 
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Fig.3-4 Rhombus velocity meshwork 

Fig.3-5a Velocity parallelogram structure with 
shapes of the string : Part 1. v S Q 

Fig.3-5b Velocity parallelogram structure with 
shapes of the string : Part 2. v 2: Q 



Fig.4-1 Setting chart for 2/5L (A) 

Fig.4-2 Rhombus velocity meshwork 

Fig.4-3 Velocity parallelogram structure (v:::;;O), 
same as Fig. 3-5a except bowing postition. 

Example 2. Bowing at 2/5xL from an end; 
(A)&(B). 

In studying these cases, we take different 
setting charts Fig.4-1 (A) and Fig.5-1 (B). In (A), 
only John is a slip trigger, while in (B) only Isaac 
is, and the ratio of slip duration to stick duration 
is 2/3 in (A) and 114 in (B). 
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I' 
2/5L t Bow 3/5L 

"I 

Fig.5-1 Setting chart for 2/5L (B) 

l
Ll) 
'.,... 

Fig.5-2 Rhombus velocity meshwork 

Fig.5-3 Velocity parallelogram structure (v~O) 

The first setting charts of both cases (FigA-1 
and Fig.S-1), seem more unlikely to occur than 
that of Fig.3-1. anyhow we take the following 
procedure step by step, and finally get Fig.4-2 
and Fig.S-2, and also Fig.4-3 and Fig.5-3. The 
difference is distinct 

Both cases we can get in experiments. but the 
case (B) seems more easily to appear than the 
case (A). (Kubota. 1987) 

* "Stick" mechanism is understood by considering 
the velocity difference between bow and string. 
Velocity of the string is derived as in Fig.3-4. 
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Measurement and interpretation of acoustic 
violin spectra and their interpretation 
using a 3D representation 
A Langhoff 

Abstract 
The purpose of this work was to fmd a correlation between a violin's acoustic spectrum and its tonal qualities. 
Since the measurement of the acoustic spectrum of a violin is quite critical, a sophisticated measurement set-up 
consisting of a dedicated exciter (first used by Diinnwald) and an array of eight microphones in a semi-anechoic 
chamber was developed. This measurement set-up allows to measure the sound power very precisely and the data 
has been calibrated in absolute units. In a second phase of the project, it was tried to ease the reading and 
interpretation of the violin's acoustic spectrum. A new representation of the spectrum is presented using a 3D 
picture: every fundamental tone of the playing range of the instrument is grouped together with its harmonics 
and thus enables a more direct comparison with the acoustic impression when playing the instrument than the 
conventional sound power spectrum. This 3D representation gives a more global picture of the acoustic qualities 
of an instrument and many discussions with musicians and violin makers proved that clear indications of the 
acoustical qualities of an instrument can be deduced. The above described set-up is installed permanently at the 
Cremona Violin Making School. 

Introduction 
Looking at the process of sound generation while 
playing on a violin it turns out that this process 
involves quite many parameters: The bow, the 
bridge, the room, the strings, the violin body, the 
musician are all contributing to the sound. The 
most important role is obviously covered by the 
musician himself, a fact that in all research of 
musical acoustics must never be overlooked 

In a very simplified form the sound generation 
process can be considered a three stage process 
(see fig. 1). The first component involves the tone 
generation process: The musician is driving the 
strings with a bow, the strings are acting as a 
frequency generator. The next component is the 
violin itself, including body and bridge. The violin 
converts the input force into sound pressure 
output. Finally, the resulting sound output is 
represented by the third block of fig. 1. On the left 
side of fig. 1 an example of the sound generation 
process is given for the note D4 - 293 Hz played 
on a violin. The component musician-bow-strings 
can in physical terms be described by the bowed 
string spectrum, depicted on the upper left side of 
fig. 1. The harmonic structure of the spectrum is 
clearly visible, even the high frequency 
components are little attenuated (the y-scale 
covers 20 dB). This bowed string spectrum was 
measured with a phonograph needle on top of the 
violin bridge. The phonograph needle was 
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+string 

I VIOLIN (bridge + body) 

L 

sound output 

Figure 1: The tone D4 - 293 Hz played on a 
violin. 

attached in such a way that even while playing on 
the violin it would not drop off the bridge. An 
example of the resulting sound output is given in 
fig. I, left side, in the lower part. The violin itself 
can be described by its acoustic spectrum. In fig. 
I, left side, middle part, a radiativity spectrum is 
shown. In this paper the attention will be paid 
exclusively to the violin acoustic spectrum, on 
how to measure it, and how to interpret it, a more 
detailed description of the set -up can be found in 
(Langhoff 1993). This division of the sound 
generation process in the above described three 
steps has another advantage: Fig. 1 represents a 
system that can be considered linear. It is true that 
the interaction bow-string is nonlinear, but this 
subdivision is not executed and this complex is 
together with the musician considered as a whole. 
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Figure 2: The radiativity and the frequency 
response functions (Hl,MAG) for different 
microphone positions. 

It is then possible to calculate the impulse 
response of the violin body from its acoustic 
spectrum and then to convolute the incoming 
signal with it to obtain the output signal. Future 
research will go in this direction as have shown 
the impulse response sound examples presented 
(Weinreich, 1993) on this conference. 
Compulsory for such an approach is however the 
accurate measurement of the violin's acoustic 
spectrum. 

Measurement of the acoustic spectrum, 
the radiativity 
The following set-up is installed permanently at 
the Cremona Violin Making School, Corso 
Garibaldi 178,1-26100 Cremona. The exiter is an 
electromagnetic transducer based on a design first 
used by Diinnwald (DUnnwald, 1984). It consists 
of a small wire that is situated in a magnetic field. 
Therefore any current passing through the wire 
will exert a force that is proportional to it. The 
wire is calibrated and gives a sensibility of 0.002 
N per Ampere. The system is linear wIthin +-1.5 
dB between 100 Hz and 6400 Hz. The most 
important property of it is its low moving mass. 

Measurements (Hacklinger, 1991) have given a 
moving mass of only -30 mg. The wire touches 
the violin bridge. near the e string as if it were a 
fifth string. Its excitation direction is parallel to 
the violin's top plate surface and therefore nearly 
parallel to the d and a string vibration direction. 
The violin is situated in an anechoic chamber with 
dimensions 2' 2 '3 m 3• The so und pressure is then 
measured with a microphone at eight positions 
around the instrument For each microphone 
position the frequency response function (frf) is 
registered with a B&K 2034 2-channel FFT 
analyser. 
Fig. 2 shows the frfs of one violin for the different 
microphone positions. It is surprising that the 
individual differences are that great, there are 
differences of 15 dB for the various directions. 
Clearly visible is also the fact that the back is 
radiating less than the top plate, the three frfs 
taken from the back indicate this by their lower 
overall amplitude. To obtain a spectrum that most 
accurately represents the acoustic qualities of a 
violin it is therefore necessary to consider the 
sound output in all directions. Averaging the 
magnitudes of all frfs results in a final spectrum 
(radiativity) that characterizes much better the 
violin's tonal qualities. In a real playing situation 
the listener will also (by reflection) receive sound 
from many different radiation directions of the 
violin. This is also confirmed by the below 
explained 3D interpretation. If only one particular 
microphone direction was used as a basis for the 
3D interpretation, the interpreted sound quality 
often didn't correspond to the musician's 
impression. The correlation was much better 
between the interpreted sound quality and the 
sound impression by the listener if the averaged 
spectrum was used as a basis for the 
interpretation. The averaged spectrum is called 
radiativity following the notation introduced by 
(Weinreich, 1983). Also very important for the 
measurement of the radiativity is the use of a 
suited exiter. The radiativity is very sensitive to 
the mass load on the bridge, already 0.2 grams 
added on top of the bridge change the radiativity 
significantly at higher frequencies (about -7 dB 
above 1 kHz has been observed). 

Interpretation using a 3D representation 
From the physicists point of view the radiativity 
spectrum does contain all the necessary 
information regarding the tonal properties of an 
instrument Examining many radiativity spectra 
and comparing them to a musician's judgment of 
the instrument it turned out that a correlation is 
often difficult to find. One reason is certainly the 
great number of resonance peaks in the 
radiativity. Another difficulty in the understanding 
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of radiativity spectra must be contributed to the 
fact that there is no ideal radiativity spectrum. 
Different instruments can have completely 
different tonal characteristics, but nevertheless 
they all can be good instruments. A valid 
interpretation of the radiativity must therefore not 
tell the difference between the measured 
instrument's radiativity with respect to an ideal 
instrument. It should however simply try to help 
recreating the instrument's tonal character while 
looking at the radiativity spectrum. At this point it 
is helpful to recall the fact that in a real playing 
situation (e.g. D4 - 293 Hz) the input signal is 
composed of a fundamental frequency with many 
harmonics (see fig. 1). The conventional 2D 
spectrum does in its representation not take 
account of the fact that some frequencies are 
always excited simultaneously. The 2D radiativity 
spectrum just concatenates the amplitude of the 
radiativity for consecutive frequencies. In order to 
correlate better a listener's impression to the 
violin's radiativity spectrum this spectrum should 
consist in a graphical picture that represents a 
violin's tone as played at a time; in fig. 3 such an 
attempt is undertaken. In the background of fig. 3 
you can see a conventional [2D] radiativity 
spectrum. What happens now, if the violinist 
plays a D4 294 Hz? As was previously explained, 
the violin's sound pressure output now contains 
the fundamental frequency D4 - 293 Hz and a 
number of harmonics caused by the typical string 
vibration. The amplitude of these harmonics 
depends on two factors, the amplitude of the 
radiativity spectrum at the corresponding 
frequencies and of the amplitudes of the 
harmonics of the bowed string spectrum (see fig. 
1). In fig. 3a the first eleven harmonics of the tone 
D4 - 293 Hz are represented. The amplitude of the 
single harmonics is just the amplitude of the 
corresponding frequency in the radiativity 
spectrum. One can think of this spectrum in fig. 
3a as being the sound pressure of the note d when 
played on a fictive string with all harmonics in the 
string spectrum having the same amplitude. The 
question arises, why in fig. 3a the spectrum of a 
"fictive" string with all harmonics having the same 
amplitude was chosen. It is obviously very easy to 
take account of the bowed string spectrum; a 
multiplication does the job. But, what bowed 
string spectrum to use? Every musician will 
produce a different bowed string spectrum, 
dependent mostly on the bow's contact point, its 
pressure and its speed. For some contact point 
certain harmonics of the string will be suppressed, 
because the contact point coincides with a nodal 
pomt of that harmonic. Therefore a weighting of 
the radiativity spectrum amplitudes [of the single 
harmonics] with the bowed string spectrum was 
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(1)) 

Figure 3: Grouping together the harmonics 
of every fundamental frequency results in a 
easier reading of the acoustic spectrum of 
the violin. 

~ot applied. The purpose of the 3D representation 
18 only to "represent" the radiativity. A weighting 
of the. harmonic spectrum in fig 3a was avoided 
for this r~aso~ too, as a weighting would already 
be a modification and not only a representation of 
the radiativity. 
The procedure to obtain a 3D representation is 
now straightforward. The harmonic spectrum is 
repeatedly extracted from the radiativity for all 
possible notes of the playing range of the violin. 
Fig. 3b shows the harmonic spectrum for the note 
d#-311H7. This graph is shifted with respect to 
fig. 3a to give a 3D impression . To obtain a 
picture of the whole instrument the procedure of 
fig. 3b is repeated for every note within the 
playing range of the instrument, the final result is 
a 3D landscape that represents the tonal qualities 
of the instrument Fig. 4 shows such a 3D 
landscape for the same instrument as in fig. 3. 
The x-axis represents the frequencies of the 
playable notes of the instrument A piano 
keyboard is drawn to symbolize the playable notes 
on the violin. The y-axis represents the number of 
the harmonics relative to the note on the x-axis. 
The z-axis represents the amplitude. The same 
scale is used as in Fig. 3. The spectrum consists 
of the hannonic ,'slices" for the fundamental 
frequencies 03 -196 Hz up to 06-1568 Hz. By 
choosing a suitable viewpoint most harmonic 
slices remain visible and enable a good readability 
of the 3D spectrum. 
The 3D plot must be read differently than a usual 
~und spectrum: One single resonance shows up 
ill the 3D presentation as a cmved mountain 
ch~. See the resonance in fig. 4 at 2322 Hz. 
This representation demonstrates also that the 
~esonances at higher frequencies are more 
lITlportant for the violin's acoustical behavior than 
the resonances at lower frequencies. The 



1213Hz 2322Hz 

Figure 4: The 3D plot of the radiativiy 
spectrwn of fig. 3. The x-axis represents the 
frequencies of the playable notes of the 
instrument. The y-axis represents the nwnber 
of the harmonics relative to the note on the 
x-axis. The z-axis represents the amplitude. 
The same scale is used as infigure 3. 

resonance at 2322 Hz influences all notes that lie 
below that frequency; even much lower notes like 
the 03 -196 Hz will be influenced: Some higher 
partials of that g-196 Hz will be raised by the 
resonance 2322 Hz. A higher resonance influences 
-by acting on the corresponding partials- all 
fundamental notes that lie below it. Resonances at 
lower frequencies are therefore less important 
because they do influence a smaller number of 
notes. In comparison to the 2D radiativity 
spectrum it is much easier to see what notes are 
influenced by a certain resonance. For example, 
here in this 3D spectrum there is strong resonance 
at about 1200 Hz, clearly visible as a mountain 
chain. This resonance helps to raise the lower 
harmonics of the notes from about 04 392 Hz up 
to D6 - 1200 Hz. It is alsO clearly visible that this 
resonance is responsible for the high amplitudes 
of the higher harmonics of the lower notes on the 
g string, namely 03 -196 Hz up to about C4 -272 
Hz. One expects a harsh timbre on these low notes 
due to the over represented high hannonics, and 
this interpretation was in fact confumed by the 
sound test. During the last three years the spectra 
of about 180 instruments were recorded and their 
3D spectra were compared to the sound 
impression. It turned out that instruments with 
different tonal characters have different 3D 
shapes. 
In fig. 5 four different 3D spectra are shown. The 
instruments were judged good sounding 
instruments apart from the instrument with 
spectrum (c) which belongs has a harsh timbre. 
Spectrum (c) is also the spectrum that is most 
difficult to interpret of the four instruments shown 

DARK. TIMBRE: 
discending slope 

HARSH TIMBRE: 
irregular envelope 

CLEAR TIMBRE: 
maintaining level 

PLEASENT TIMBRE: 
homogeneous envelope 

Figure 5: The 3D spectra of four instruments 
with different tonal characters. 

in the figure: It has many ripples and is fonned 
quite irregularly. Many mediocre sounding 
instruments have an irregular spectrum like this 
The fact that the musician has often difficulties to 
give reasons for his negative impression of such 
an instrument is nicely confinned by the 3D 
spectrum: It's envelope is irregular and a tendency 
is not to obseIVe. Fig. 5a is the 3D spectrum of a 
dark sounding instrument, slightly covered on the 
e string, fig. 5b is a very brilliant and clear 
sounding instrument, and fig. 5d is an instrument 
with a very pleasant timbre, but lacking power on 
the lower strings. These three spectra all have 
different shapes, because each instrument has its 
own tonal character. 
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Conclusion & out view 
The 3D representation provides a good global 
view of an instrument's tonai characteristics. It is 
also possible to explain why an instrument does 
not sound well ( this is caused by the trenches at 
certain frequencies in its 3D spectrum). With this 
knowledge one can then try to modify an 
instrument, for example with the help of modal 
analysis. A further test of the above results is 
underway by recreating the violin sound output 
from its spectrum, convoluting the impulse 
response with a measured input signal. One can 
then modify the spectrum on the PC and then 
'relisten' to the instrument. In this way a tonal 
property is stored as a tonal property and not as a 
picture, the listeners impression can therefore be 
recalled immediately. Imagine that you would like 
to re~all ~our impressio?- of a Rembrandt painting 
by listenmg to a mUSIcal description of it (in 



physics this is the normal way to do it!). Finally, I 
would like to express my gratitude to the principle 
of the Cremona Violin Making School Arch. 
S.Renzi who has placed the Violin Making 
School's physics laboratory to my disposal. 
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Eigenmodes and electronic holography 
on three violins 
N-E Molin, E V Jansson & H 0 Saldner 

Abstract 
The present investigation, using recently assembled advanced electro-optical equipment for vibration analysis, 
was conducted to seek answers to four questions: Are earlier found eigenmodes still representative for our 
reference violin, HS71? Are such eigenmodes also representative for musically superior instruments? Are there 
some special vibration properties that can enhance the "bridge hill"? Which parts are vibrating and which 
vibrations are dominating? The experiments with analysis gave the following answers: The earlier found 
vibrations are representative bom for HS71 and the musically superior instruments. Discrepancies can be seen 
though, both in eigenmode shapes and electroacoustically measured impulse responses. The boundary conditions 
at the plate-ribs joint should be somewhere between clamped and hinged and the experimental results indicates 
that they are closer to hinged. The transversal vibrations are mainly within the plates but at low frequencies the 
vibrations of the edges and the ribs can be large. At high frequencies the vibration amplitudes are small at the 
plate edges and large inside. The top plate tend to have the largest vibrations. In the 2.5 kHz range the violin 
with the most clear "bridge hill" tends to have the largest vibrations. 

1. Introduction 
Many methods have been used for optical 
visualisation of vibration modes in violin plates. 
Early and still today Chladni patterns (1802) are 
being used. After the invention of the laser Real
time, Double-:exposure and Tune-average 
Holographic Interferometry (1965), were used 
(Jansson & al 1970) Later, a speckle pattern 
interferometer for the visual detection of time
averaged vibration modes (1970), were developed. 
Electronic Speckle Pattern Interferometry, ESPI 
was developed somewhat later (1971-1975), and 
was used for violin research (Alonso Moral & 
Jansson 1982). With more powerful computers 
modal analysis methods were developed and used 
for analysing vibration properties of violins 
(Marshall 1985). Lately, Electronic Holography, 
EOH has been developed (1988), the use of which 
will be reported on here (Stetson 1990). 

2. Electronic holography 
The optical measurements were made with an 
electronic holography system from United 
Technologies Research Center (UTRC) in the 
USA (Stetson 1990). The violin was illuminated 
by a 80 mW frequency doubled Nd:YAG-laser at 
532 nm. The image of the violin interfered with a 
smooth reference beam in a CCD-camera. 
Vibration patterns were electronically recorded, 
processed and made visible in quasi real-time at 
30 frames per second. Each fringe on the surface 
of the violin connects points which were vibrating 
with equal amplitude. A sketch of the optical 
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system used is shown in Fig. 1. This system 
differs from earlier ESPI-systems in that the 
interferograms are processed by an in-line 
pipeline-processor in a very different way from 
other systems. It introduces phase steps of 90 
degrees between subsequent images, which are 
treated by the image processor using the 
mathematical relations shown in Fig. 2. This 
results in high quality interferograms with reduced 
speckle noise. The interferograms may be 
recorded on videotape, printed on paper or stored 
in computer memory. The system has bias 
vibration opportunities allowing phase studies of 
the vibration pattern and a numerical 
interpretation of the interferogram. Amplitude and 
phase charts of the vibration pattern are thus 
feasible to obtain. 

2.1. Video tape demonstration of 
electronic holography measurements 
A videotape demonstration of violin HS7l was 
recorded using EOH (Saldner & alI992). A copy 
of the tape can be obtained from the authors for 
the price covering copying costs. The 
demonstration includes frequency sweeps in 
important intervals and shows vibration pattern in 
both the top-, the back-plates and the ribs 
simultaneously. The vibrations are shown as a 
typographical map with lines (fringes) of equal 
vibration amplitude. Large vibrations have many 
lines and small vibrations have few lines, cf. Fig. 
3. Vibration maximum is in the center of the 
innennost ring and the center of the innennost ring 



Out-af-plane 

PZM2 Phase steps 

10% 
I 
I 

Illumination 

PZM1 
bias vib. 

~,~eam splitter 
/~ 90% __ 1 _________________ _ 

I 
I 
I 
I 
I 
I 

c[] --------
" :.' ----- ~ -- ---- .. -------

Nd:YAG 

Laser 
A=532nm 
>80mW 

CCD camera 

------------
-------------
Object b.eam 

Figure 1: Sketch of optical setup usedfor registration of out-oj-plane motion. 

11 = Ir + 10 + 2 Ao Ar cos(<1» M(Q) 
12 = Ir + 10 - 2 Ao Ar sin(<1» M(Q) 
13 = Ir + 10 - 2 Ao Ar cos(<1» M(Q) 
14 = Ir + 10 + 2 Ao Ar sin(<1» M(Q) 

( 11 - 13 )2 + (12 - 14 )2 = 32 Ir 10 M2 (Q) 

Figure 2: By introducing a phase-shift of '/t/2 
between subsequent interjerograms a 
formula is extracted which is used by the 
image processing unit to improve image 
quality by reducing the speckle noise. 
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Figure 3: Electronic holography display of 
large and small vibrations, respectively. 



Figure 4: Examples of modal patterns of 
plate modes. 

marks the position of the vibration maximum. The 
resonant frequency of an eigenmode is where the 
vibration amplitude is maximum. Further the 
antinodes and nodal lines must not shift their 
positions when the frequency is swept past the 
resonant frequency. 

The excitation of the violin vibrations was 
made similarly to the way it is excited by strings 
and bow, i.e. by applying a sinusoidal exciting 
force to the top of the bridge either parallel with 
or perpendicularly to the top plate. The excitation 
at the bridge does as a rule give responses where 
two or more modes of vibration are excited 
together. No attempts were made to separate these 
modes by moving the excitation force to a nodal 
line of a competing mode. 

The early part of a frequency sweep shows the 
air resonance AO (the 'Helmholtz resonance'). 
Thereafter the complex vibrations in the main 
wood-resonance frequency-range are found. Note 
that sometimes there are vibrations at the ribs. 
The vibrations are complex in the main wood
resonance frequency-range, i.e. the vibration 
pattern shows no clear, single eigenmode and 
shifts often. In the next higher frequency range 
there are only small vibrations. Thereafter the 
sketched vibration patterns of Fig. 4 follow. The 
video shows that similar vibration patterns can be 
found in the top and the back plate. Sometimes 
these similar vibration patterns are shown 
simultaneously in the top and the back plate, i.e. 
they are at the same frequency. The similar 
vibration patterns at the same frequency and at 
different frequencies indicate coupling effects. 

2.2. Prints of vibration patterns from the 
violin, HS71 
At AO (at 290 Hz), the main vibrations at the 
bass bar side of the top and back plates are in anti 
phase (i.e. a breathing mode), c.f. Fig 5a. At the 
next resonance (at 415 Hz, Fig 5b) the typical 
vibration distribution is found with large 
vibrations at the C-bouts (the top and the back 
move in phase, i.e. this is not a breathing mode). 
For the following three modes (at 460, 515 and 
570 Hz) the vibrations stay maximum at the bass 
bar side of the top and back plates, see Fig 5c-e. 

In this frequency range the lowest A-string 
resonance at 440 Hz and the first longitudinal air 
volume resonance at 460 Hz are also involved. 
The main motion of the top and the back plates 
are in anti phase, i.e. they are forming breathing 
modes. The vibration modes of the back plate tend 
to have vibration maxima at the C-bouts (the 
vibrations at the C-bouts are in phase) and at the 
center line close to the upper and lower edges. At 
some resonances there are clear vibrations in the 
ribs. At 415 Hz, Fig 5b there are vibrations of the 
ribs at the C-bouts both in the plane of the ribs 
and perpendicularly. The perpendicular vibrations 
of the ribs are maximum at the rib-top and the rib
back joints with a longitudinal line of no motion in 
between. The perpendicular rib-vibrations are in 
phase with the neighbouring C-bout vibrations of 
the top and the back plates, respectively. The area 
of the visible rib vibrations are not related to the 
nodal lines of the top and back plates, though. For 
high excitation amplitude the perpendicular rib 
vibrations extend far beyond the top and back 
plate nodal lines. 

3. On electronic holography analysis 
1be advantages with Electronic Holography are 
several Recordings can be made of large objects 
having a large depth with visible laser light The 
observations and adjustments can be made in real
time, fast and effectively and high quality 
interferograms are obtained with few dark 
speckles. Colour-coded fringes can be used to 
detect the vibrations and the pictures are stored 
and processed by the computer. It is easy to make 
video recordings or video prints, and the vibration 
patterns can be quantitatively evaluated. 

A few hours work corresponded to weeks of 
traditional work with time average and real time 
holography methods and a video tape recording 
with spoken comments makes a facile 
demonstration. The simplicity in applying the 
interferometric system meant that all efforts could 
be used directly to solve the problem at hand with 
only minor efforts to adapt the technical 
measurement system. 
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4. Discussion and some conclusions 
The experiments have shown that ribs do vibrate, 
both in-plane and out -of-plane. There are several 
"body modes" where all parts of the violin 
together takes part in the vibration. Repeated 
similar mode patterns may indicate air cpupling in 
the sound box, between say, the top and the back 
plates (the air gives both spring- and mass
coupling between the plates). This might explain 
the large number of peaks we can see in an 
admittance recording from a violin. There are 
more peaks than can be expected from the plates 



re) 

Figure 5: Vibration modes obtained by electronic holography at resonance o/violin HS71 at 
a) 290 Hz, b) 415 Hz, c) 460 Hz, d) at 520 Hz, and e) 570 Hz. 

alone. This has to be investigated further. 
Differences in modal shapes for the three 

violins are found, as well as in response levels and 
in resonant frequenices. But there are many quite 
similar modes of vibrations as well. The violin 
which was judged as best by a professional player 
had a prominent "Bridge hill" and showed a 
tendancy for larger vibrations in the back plate. 

In the violin body, the top plate vibration 
amplitude is as a rule dominating, with the back 
plate amplitude in second place and the ribs in 
third for equal excitation at the bridge. 
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The acoustical quality of the violin with respect to 
its physical properties 
H A Miiller 

Abstract 
Judging the quality of a violin by using only physical methods is principally impossible since the assessment of 
categories such as beauty/ugliness is not part of physical research, which deals with righl/wrong or true/false. 
Only players or listeners are able to judge an instrument. The investigations of physics are limited to the search 
of the physical properties of an instrument, which are in correlation with the subjective judgements. Since the 
subjective quotation of an instrument is influenced by factors which have nothing to do with its acoustical or 
playing quality (e.g., very old or famous or high-priced instruments etc., or the fear to be blamed by a "wrong" 
judgement), there are few studies which meet the demands of a convincing statistic. Sometimes the subjective 
judgement is only based upon the statement of the physicist who is investigating the problem, but who is only an 
amateur musician. Another objective approach is to relate the physical qualities of the violin to the subjective 
descriptions used by violin makers, such as, timbre (Klangfarbe), response (Ansprache), carrying capacity of the 
tone quality (TragflUtigkeit), capacity to modulate (Modulationsfllhigkeit) and uniform radiation over the 
instrument's frequency range (Ausgeglichenheit). A survey will be presented of the developed and applied 
methods for measuring physical quantities and their relation to subjective judgements, as well as subjective 
criteria with no relation to physical data. 

Introduction 
The science of physics principally does not cover 
the field of the subjective qualification because the 
answers to physical questions are quoted with 
"true" or "false" but not with ''beautiful'' or 
"ugly". Studying the subjective quality of violins 
belongs to the field of psychology. Physics can 
only try to find out to which physical attributes 
the respective psychological assessment relates. 

Subjective assessment of violins 
People who judge violins can be devided into three 
groups: 
First, there is the group of the violin makers. 
Their judgement criteria relate to the aspects of 
craftsmanship such as the elegance of the scroll, 
perfection of the inlay, the beauty of wood and 
varnish and to the name of the violin maker and 
his trademark. 

Violin makers, of course, also try to quote the 
acoustical quality of the instruments. At the 
school for violin makers in Mittenwald, the 
following attributes are used: 
* "Tragfahigkeit", perhaps best translated as 
"recognizability" and meaning strength and 
significance of the sound. 

It is the simple loudness but also the ability of 
distinguishing the instrument when played within 
a large orchestra by a soloist. It also includes the 
phenomenon that within a certain pitch some 
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instruments are loud at the player's ear but not at 
a larger distance. 

The violin maker judges the recognizability by 
playing the instrument, or letting it be played, in a 
room with well known roomacoustical conditions. 
* "Ausgeglichenheit", to be translated with 
"balance". 

It means that playing the gamut with constant 
bowing the loudness of the instrument should be 
independent from the pitch and should not 
fluctuate essentially. 
* "Ansprache", to be translated with "response" or 
ease of playing. 

It is tested by trying to play the instrument 
with low and high bow pressure and bow speed, 
with different bow positions, with almost no, or a 
strong sudden, attack. 
* Klangfarbe, to be translated with "timbre". 

The violin maker tests it by playing long
lasting, singing tones and judging them by 
comparison with vowels of the human voice. 
* "Modulationsfahigkeit", pemaps to be translated 
with "modulability" 

It means the ability of the player to change or 
modulate the timbre of the tones. It is tested by the 
endavour to achieve a happy or sad sounding tone 
or to make the violin "laugh" or "weep". 



Table 1: Importance of different qualities 

timbre 

modualbility 

balance 

response 

recogeniz
ability 

* x 

* o 

* x 

* xx 

* o 

* 
xx 
x 
o 

depending on client's preference and/or skill 
very important 
important 
not important 
not possible to be judged 

Obviously there are some striking differences 
between violins. Some of the mentioned attributes 
can be related straightfolWard to physical 
attributes such as loudness. 

The relative importance of the different 
qualities for the violin maker depends on the 
wishes of the client and has therefore not been 
indicated in Table 1 where the importance of the 
different subjective qualities is indicated. 

The second and most important group for 
judging violins are the violin players. 

They generally have similar view points. Their 
judgement, however, depends on their individual 
taste, skill and the compositions they prefer to 
playas well as on whether they play in an 
orchestra, a small ensemble e. g. such as a quartet 
or as soloists. 

They generally prefer an instrument which is 
easy to play, with good response. However, the 
rank of this criterion depends on their skill to play. 
For beginners, it is one of the most important 
criteria, whereas professionals do not care very 
much. Anne-Sophie Mutter, the famous Genoan 
violinist, is reported to have said that "this 
criterion has no importance for me at all. I will be 
able to play every instrument, but the quality of 
the tones, the timbre and the modulability has to 
be perfect." By the way, she plays a Stradivarius. 
For her, timbre and modulability are of high 
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xx xx 

xx xx 

o 

o 

xx x 

30% 

of loudness 15 % 
of timbre 15 % 

15% 

15% 

10% 

importance, whereas a beginner will not be very 
impressed by the latter. The timbre of the violin's 
sound will be judged by the players depending on 
what they play or want to play. A jazz violinist, 
for example, generally prefers another instrument 
than a player of pre-classic music. 

The loudness and the significance of the sound, 
the recognizability, is nearly unimportant for 
beginners but extremely important for 
professional players. Their choice, however, will 
also be influenced by the intended use of the 
instrument: a well adjusted sound for playing 
within an orchestra or say a quartet and a very 
characteristic sounding instrument for soloist 
playing. So for example Wolfgang Schneiderhan, 
a Genoan top violinist, explained why he has two 
Stradivarius instruments from 1704 and 1727: one 
for playing as a soloist with an orchestra and one 
for playing chamber music within a quartet. If re 
used his soloist instrument, within a quartet, it 
would dominate such, that a terribly unbalanced 
impression would arise, whereas his second 
instrument has according to his explanations a 
pretty, warm but subordinate sound and is 
therefore qualified for quartet playing. 

In no case, does the player want to be 
misguided by the sound at his ears.A good balance 
is of higher importance for a beginner than for a 
professional who is able to compensate 
fluctuations by an adjusted playing. 



The last group of people judging violins are the 
pure listeners. 

They have the most difficulties in judging 
violins. The reason for this is that one can hardly 
distinguish the skill of the player from the quality 
of the instrument 

An observation from Kern and Glltttli (1974): 
The obvious acoustical differences of two old 
celli, one time measured with a mechanical 
excitation and one time excited by a skilled player 
with the intention to play both instruments with 
the same excitation disappeared when they had 
been played by the skilled musician. 

Only timbre can be qualified without getting 
additional infonnation by pure listening. But even 
in this case the assessment of violins by simply 
listening to the play of a professional player is 
extremely difficult and leads to confusing results. 
At an international violin makers competition 
1989 in Mittenwald, when the instruments had 
been acoustically ranked by the judges listening 
always to the same phrase out of a well-known 
piece of music played by a. v~ry good 
professional, I asked the player which ms~~nt 
he would prefer. He pointed to one of the VIolins 
and said "this one, because its like mine." Of 
course he had been able to play better with this 
instrument than with the others. By the way, re 
was not a member of the judging jury. 

So what I wanted to show is that there are 
some completely different qualities which qualify 
a violin and that assessments depend on the 
individual person judging the instrument 
Therefore, there is no "best violin" in general. 
There is only a ''best violin" for an individual 
player. Furthennore, the subjective assessment of 
violins is influenced by acoustically irrelevant fac
tors such as price, beauty, famous names. But 
they also influence the player because the beauty 
of the instrument and, even more, as J. Meyer 
/1975/ states, "the famous name of an old Italian 
master of violin making will cause an involuntary 
better playing of the violinist". 

So the judging of violins is influenced by 
prejudices; sometimes highly' reputated .. old 
instruments secretly included mto competitions 
have in this case been assessed as merely 
mediocre (e. g. Leonhardt, 1969). 

Attempts to relate subjective judgements 
to physical quantities 
Of course there have been many attempts to 
assess violins by using physical methods and 
quantities. In general, violins are investigated by 
physicists who are good amateur violin players 
and very trained and experienced listeners. So 
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their judgement is more diversified than that of the 
regularly interested listeners. 

The fact, that the quality of a violin mu~t be 
described by different independent factors lS of 
course also accepted among scientists. As an 
example, Table 1 gives the quotation of Meinel 
described in a report of Vas Musikinstrument 
(1971). 

He quoted an instrument with 90 to 100 % 
very good, from 75 to 90 good, from 50 to 75 
mediocre and below 50 % bad. So even the best 
timbre and best modulability would lead only to 
60 % and therefore to a mediocre instrument, if all 
other aspects were judged low. This is, of course, 
in contradiction to the assessment of some famous 
violinists. 

As Table 1 shows, timbre is taken as most im
portant for an subjective judgement It is therefore 
not surprising that scientists very early 
concentrated on it. In the same year, more than 
50 years ago, Meinel (1937) in Germany and 
Saunders (1937) in the US started to study the 
frequency response curves of violins assuming 
that it is related to timbre. Since the violin from 
the bridge to the listener'S ear can be seen as a 
linear and nearly time independent system, the 
frequency response curve describes this part of the 
system extensively. 

Much effort was made by many authors, e.g. 
Lottennoser & al. (1957), Meyer (1982), DUnn
wald (1990) to develop this method. One obvious 
problem consists of the excitation of the 
instrument 

Another problem in connection with the 
frequency response measurement consists in the 
question of how and where to measure the 
radiated sound (Meyer 1982, Ams 1957). Some 
prefer the one microphone measurement in a 
defined direction and distance from the instrument 
in an anechoic surrounding. Others try to deter
mine the radiated sound power either by using 
distributed microphones in an anechoic · room and 
averaging the intensity or by measuring in a 
reverberant room. 

A study of Jansson & al. (1986) showed that 
none of the excitation systems is completely 
satisfying. All measurement results achieved by 
different excitation systems differ in principle 
from each other. Therefore, most authors who 
study the frequency response of the whole 
instrument only compare the results measured 
with the same excitation system but do not give 
absolute values of transmission impedances or 
transmission admittances or acoustical 
efficiencies. 



In the fifties, LottemlOser & al. (1957) tried to 
COIlllect the frequency response curves to the 
subjective judge of timbre. Since it is possible to 
describe the timbre by using vowels such as u, 0, 

a, e, i or nasal, they tried to evaluate the response 
curve by integration according to the frequency 
limits of the mentioned formants of the human 
voice. Later on, J. Meyer (1975) found that these 
frequency bands are too wide and recommended 
the use of l/3-octave band filtering for judgement. 
By using this suggestion with the frequency re
sponse curve in l/3-octave bands, Meyer (1982) 
compared a Stradivarius from 1715 with an 
Aschauer violin from 1959. Within this 
comparison one Call1lot detect an essential 
difference which would justify talking about a 
typical frequency response curve of old Italian 
violins compared to modem ones. 

On the other hand, the thesis that there are 
fundamental differences between old Italian 
violins of the 17th and 18th century and modem 
violins is taken for granted in many of the 
scientific papers, but up to now it has not 
extensively proven by psychological and statistical 
methods. 

The method of Diinnwald (1990) is also based 
on the comparison of certain frequency ranges 
with each other by using an excitation of the 
instrument which does nearly not influence its 
behaviour and a somewhat more complicated 
rating procedure which also takes into account the 
fluctuation of the frequency response curve. 
However, his fundamental idea is also based on 
instruments classified as: old Italian violins 
"good", master violins "less good", industrially 
manufactured instruments "bad". So his related 
factor analysis gives - as he points out - the 
quotation related to this classification of the 
violins. 

Gabrielsson & al. (1979) studied the long-time 
average spectra of played violins and their 
correlation with the "rating for tonal quality" by a 
jury consisting of two professional players and the 
factors which determine their judgement and so 
taking into account also the influence of bow and 
string. 

The other subjective criteria such as response, 
modulability, balance, recognizability are even 
more complicated to judge. 

Concluding remarks 
There is no doubt that there are differences in the 
acoustical quality of violins. What I wanted to 
emphasize is that as long as the judment of violin 
makers, composers, players, physicists, and 
listeners itself has not been assessed for its 

reliability, repetitive accuracy and systematic 
differences, the use of certain old Italian violins as 
absolute standards of high acoustical quality is 
itself a scientifically dangerous prejudice. This 
holds especially if measurements based on this 
assumption are used for ranking instruments 
within vio1inmaker competitions. But even if it 
could be proven that many players and listeners 
really prefer the timbre of the old Italian violins, 
measured using a standardized measurement 
procedure, it would be dangerous to take this as 
an absolute standard for assessment. For luthiers, 
who believe in science, this rating procedure 
would limit the building of new instruments to 
timbre copies of the old Italian violins under their 
present performance conditions; for luthiers 
sceptially against science it would be taken as 
another example for the uselessness of scientific 
research in the field of art. 

So, one can only follow the wish of Carleen 
Hutchins, the mentor of violin research for over 
half a century and creator of a new series of 
instruments: "It is hoped" she wrote in her paper, 
A History of Violin Research (1983) "that in the 
next few years some of the researchers in this field 
will tum their attention more directly to the 
problem of the string players and the sound of the 
instruments of the violin family!" The problem 
would be an ideal one to be treated 
interdiscplinarily by musicians, psycholigists and 
physicists. 
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Modelling of the bowed string 
taking into account the width of the bow 
R Pitteroff 

Abstract 
A physical model of the bowed string is presented which takes into account: the width of the bow, the angular 
motion of the string, bow-hair elasticity and string bending stiffness. Analytical investigation of a model system -
an inftnite string sticking to a bow of finite width and driven on one side of the bow - shows that both the width 
of the bow and the bow-hair elasticity have a large impact on the reflection and transmission behaviour. In 
general bending stiffness plays a minor role. 
~umerical s~ulation of the entire bowing process suggests that the frictional force between bow and string is 

highly non-umform and that release and recapture of the string can be described as a process of unzipping and 
rezipping. Schelleng ripples appear to be more pronounced than in corresponding point-bow models. Multiple 
slip events for bow-hairs facing the bridge are observed even for moderate bow forces and high values of B. 

Introduction 
Anyone playing a bowed insnurnent is aware of 
how the amount of hair one brings into contact 
with the string matters. The literature on the 
analysis of the bowed string is full of remarks on 
the possible effects of the finite width of the bow 
and it is possible that only the lack of sufficient 
computational power has left the theoretical 
problem unsolved to date. The aim of the 
described research is an enhanced simulation 
model of the bowed string, say on a violin. In 
Section 2 the mechanical model for the contact 
area is described. It allows for bow-hair elasticity, 
that is longitudinal bow-hair stretching, the 
importance of which will be shown later. Among 
the many mechanisms of energy loss on the bowed 
string only damping due to longitudinal stretching 
of the viscoelastic bow-hair will be included The 
model also takes into account string bending 
stiffness. In a second step the contact area is 
linked and matched to two semi-inftnite pieces of 
free string. Section 3 deals with the reflection and 
transmission behaviour of this system, where 
incident sinusoidal waves travel towards the bow 
and interact with it. Finally the physical model of 
the contact area is inserted into a fully fledged 
simulation of a string of finite length. 

Modelling of the contact area 
In the contact area of bow and string a segment 

of string is subject to a line frictional force f 
across the width of the bow acting at its surface. 
The two governing equations for this string 
segment are the equations of momenrum and 
angular momentum. The two equations are 
coupled through the force term 
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common to both. On the other hand this force 
leads to deformation of the compliant bow-hair. 
The bow-hair is thought of as a support of linear 
elastic behaviour and velocity proportional 
damping. Tests on individual bow-hairs support 
these assumptions on the material behaviour. The 
force-deformation relation provides a third 
equation. In this context forces between bow-hairs 
Shall. not be taken into account although they 
certainly have non-negligible influence in terms of 
energy losses. 

During sticking the relative velocity between 
bow-hair and string surface is zero, the string is 
rolling and twisting on the elastic support. The 
rolling condition together with the equations of 
momenrum and the force-deformation relation 
result in a system of linear equations of the 
Klein-Gordon type that can be solved analytically. 
A wave ansatz approach reveals a rather involved 
dispersion relation of fourth order in frequency 
and sixth order in wave number with interesting 
features concerning the wave types, the phase and 
group velocities. Slipping (the relative velocity is 
non-zero) requires a further equation; it is a 
viciously nonlinear friction law. Any solution of 
the "slipping" system of equations must resort to 
numerical methods. 

Sticking/rolling: 
an analytical study on an infinite string 
As mentioned above the problem of the string 
sticking/rolling on the bow-hair lends itself to an 
analytical approach. The results of such analytical 
calculations are valuable for their own sake 
simply because during bowing the string sticks fo; 



the larger part of the time. But an exact solution 
of at least a part of the problem also serves as a 
test case for the numerical code needed for the full 
simulation of the bowed string. 

Cremer (1981) discusses an experimental 
study of the reflection and transmission behaviour 
for waves travelling on a system of a long (30m) 
nylon string in contact with a real bow and 
compares his findings with theoretical results 
assuming an infinite string sticking/rolling on a 
rigid point bow. This work carries on from 
Cremer's theoretical approach by introducing the 
finite bow: this means joining the one-dimensional 
continuum of the string sticking/rolling on the 
bow - described through the mechanical model of 
above - to sections of free string on either side and 
establishing the correct boundary conditions at 
these interfaces. Adding the bow-width to 
Cremer's model leads to considerably different 
results. 

The reflection and transmission coefficients 
for the frequency tending to zero depend only on 
the string radius, tension, torsional stiffness and 
density but not on bow-hair compliance, 
bow-width and bending stiffuess. The 
development of the reflection and transmission 
coefficients as the frequency increases, however, 
is strongly determined by bow-hair compliance 
and to a lesser extent by string stiffness. The 
perfectly rigid bow would experience 
delta-function type forces at its edges; only 
unphysical friction coefficients of infinite value 
would allow sticking. Bow-hair elasticity spreads 
these delta-function type edge forces into the 
contact region by means of evanescent (near) 
fields. 

Slipping and the simulation of the fInite 
bowed string 
The nonlinear friction curve which comes into 
play in the calculation of slipping calls for 
numerical integration methods. Time domain 
approaches have proven to be most useful in 
modelling of the bowed string. The simplest 
method, an explicit time stepping finite difference 
method, is also the one which gives us the most 
insight into physical processes. Displacements and 
force in the contact area are calculated through 
the discretisation of the equations described in 
Section 2 within the limits of the bow. The rest of 
the string and the terminations are modelled using 
the methods described by McIntyre & al (1983), 
i.e. simple wave propagation on the free string and 
convolution of the string displacement values with 
reflection functions to model the effect of the 
string's terminations. The finite difference scheme 
reaches beyond the contact area into the free 
string, far enough to allow for modelling of the 
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boundary conditions. For the time being bending 
stiffness is neglected; the analytical results 
suggest that in terms of reflection and 
transmission behaviour of the bow this is viable. 
This method was tested by redoing the 
calculations presented in Section 3 numerically; 
analytical and numerical results differ less than 
3% in the relevant frequency domain. 

The results presented in the following figures 
are from runs of the simulation program initialised 
with the ideal Helmholtz sawtooth wave form. 
The cycles shown (periods 40 and 41) are taken 
during the system's stationary regime. The 
example string is a I mm steel cord, 0.5 m long 
and tuned to 100 Hz. The bow is taken to be 
lOmm wide. The Young's modulus of the 
boW-hair is set to the measured value of 7.5 GPa 
and a moderate value of boW-hair damping is 
chosen. It is furthermore assumed that only one 
layer of bow-hair interacts with the string. 

Figures 1 and 2 display the centre-line velocity 
of the string and the frictional force for the 
elements at the edges of the bow facing the nut 
and the bridge. These two elements have been 
chosen because they exhibit the extremes of the 
force distribution. For graphical representation f 
has been multiplied by a length scale, the width of 
the bow. 

Roughly speaking the value of the frictional 
force for the inner region of the bow lies between 
these two extremes. The frictional force for the 
edge facing the nut is lower than that of the edge 
facing the bridge throughout the entire sticking 
time. This has to do with the fact that the bow 
attempts to move the entire section of the string 
sticking to it with a constant velocity, which is 
incompatible with the kinematics of the Helmholtz 
motion. This results in a variation of the slope of 
the string displacement and therefore of f across 
the width of the bow. The value off is highest on 
the bridge side, where in this example f exceeds 
limiting friction also during the sticking time, 
leading to multiple slip events. These have first 
been pointed out by McIntyre & al (1981) in their 
theoretical and experimental study of a string 
bowed simultaneously at two points. They found 
multiple slip events at the inner point i.e. the one 
facing the bridge. 

The current simulations suggest that also for 
higher values of B multiple slips occur for some 
bow-hairs. But only if a very large portion of the 
bow is involved in the multiple slips does the 
overall Helmholtz motion get so strongly affected 
that it breaks down. Up to then only additional 
spikes are added to the velocity wave form. 

This force distribution due to the discrepancy 
in velocity of bow and string is present throughout 
the sticking phase while the long 
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Figure 1: Numerical simulation of the bowed st:ing: Centre-line velocity and frictional force 
for the string element at the edge of the bow facmg the nut. 
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Figure 2: Numerical simulation of the bowed string: Centre-line velocity and frictional force 
for the string element at the edge of the bow facing the bridge. 

sloped line of the Helmholtz wave moves through 
the bow. When the actual comer approaches the 
bow the change in the slope of the displacement 
generates an additional component of the restoring 
force of the string. Release of the string takes 
place wherever the sum of both exceeds limiting 
friction, and not necessarily at the edge facing the 
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arriving comer. Gradually the entire string section 
unzips from the bow. During slipping the 
frictional force is a function of the relative 
velocity which does not vary very much across the 
bow. The second arrival of the Helmholtz comer, 
after its reflection at the bridge, resticks the string 
to the bow. The results also show Schel1eng's 



ripples and, looking at Figure 2, one can obseIVe 
their attenuation as they progress from their origin 
at the release point to earlier times in the sticking 
phase. Their amplitude is found to be higher than 
in corresponding point-bow models. 

Conclusions 
Physical and numerical models of the bowed 
string which take into account: the width of the 
bow, the angular motion of the string, bow-hair 
elasticity and string bending stiffuess have been 
developed. Analytical investigation of the physical 
model shows that both the width of the bow and 
the bow-hair elasticity have a large influence on 
the interaction of string and bow. Numerical 
simulation of the entire bowing process suggests 
that the frictional force between bow and string is 
highly non-unifonn and that correct simulation of 
the bridge force requires a finite-bow model. 

This work is to be continued along the lines of 
the research done on the playability of bowed 
instruments (Woodhouse (1993». Delicate 
measurement and observation techniques will be 
needed for the experimental investigation of the 
contact area. 
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The limits of violin plate tuning, an overview 
o E Rodgers 

Abstract 
Current rules for free plate tuning of violin plates are listed. A summary is presented of calculations of the 
influence on free plate frequencies of fOCal wood removal. Effective tuning of the assembled instrument by local 
wood removal requires better identification of the critical mechanical frequencies of a bowed instrument. A 
method for identifying those frequencies by analyzing tones of bowed violins using a digital recording system and 
a constant Q harmonic analysis system is described. Available data to guide wood removal from an assembled 
instrument is summarized. 

Introduction 
There have been in the last thirty years at least 50 
papers and two or more books on some aspect of 
the tuning of violin plates, either as free plates or 
after assembly. One principal focus has been on 
the worlc of Carleen Hutchins, who has developed 
some rules about free plate tuning which, if 
followed, will usually produce a good instrument 
(Hutchins, 1979,1987). She has also developed 
some guidelines for frequency relationships in 
assembled instruments (Hutchins, 1989). 
Jansson and co-worlcers at the Royal Institute of 
Technology have provided valuable insights and 
some guidelines over a period of two decades 
(Jansson et al, 1973, 1988). However, the goal 
of finding guidelines that will produce every time • a superior instrument has been elusive. 

At the same time, other worlcers have been 
trying to describe the tone qualities desired in a 
finished instrument While this has been an even 
more elusive search, there have emerged some 
insights about the tonal characteristics of an 
outstanding instrument that may be useful to 
violin researchers and, later, makers. The 
connections and relationships between the body of 
knowledge about tuning and the body of 
knowledge about the desired tone qualities are 
very few and tentative. 

It is the purpose of this paper to provide a 
selective, concise summary of some of the 
information that we now know about desirable 
tone qualities and to try to relate it to tuning 
practices that now exist. The information 
presented is based on the analytical worlc of the 
author using finite element analysis methods to 
study the vibration of violin plates, free and 
supported, and experiments to analyze the tone 
qualities of assembled violins, using the 
experimental analysis techniques developed by 
Gabriel Weinreich and the harmonic analysis 

methods developed by Judith Brown and tailored 
to the violin application by Joan Miller. 

The objective of tuning 
The ideal ultimate objective of the tuning process 
is to adjust the frequency and intensity of each 
vibration mode of the assembled violin which 
produces sound so that each note of the violin has 
the desired quality and intensity. This objective, 
of course, assumes that there can ultimately be 
developed some technical descriptions of the 
desired tone qualities of a violin which will 
accommodate the wide variations of tone qualities 
which players and listeners prefer. 

There has been some worlc done in recent years 
which can provide some guidance. The most 
recent and most interesting is the worlc of 
Dunnwald which has been reported in Acustica 
and the Catgut Acoustical Society Journal 
(Dunnwald, 1990, 1991). Dunnwald developed 
an interesting method of exciting a violin bridge in 
the horizontal direction without adding mass to 
the system and recorded the acoustic output of the 
instrument as the sine wave excitation was swept 
through the frequency range. Then, using the 
known excitation characteristics of the bow-string 
combination at each quarter tone, and making a 
standard adjustment for loudness as perceived by 
human ears, he was able to compute from the 
measured frequency response the hannonic 
characteristics of each note. From comparative 
tests of many instruments, including 50 old Italian 
violins, he was able to develop some rules about 
the harmonic characteristics of individual tones 
which indicate whether the sounds are pleasing. 
Figure 1 from the Dunnwald reference shows the 
rules for tone quality which he developed. The 
focus is on a note by note analysis of sound 
quality. The ultimate quality rating of a violin is 
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Figure 1: Criteria for the harmonic content 
of individual tones in order to achieve 
"clear" and "not nasal" sounds, note by note. 
From Dunnwald (1991) 

the fraction of the tones of the instrument that 
have desirable tone quality. 

Mathews has approached the problem from the 
opposite direction -to synthesize a sound using 
electronic devices which is recognized by educated 
listeners to be that of a violin (Mathews et al, 
1973). In the early 1970's he developed a multiple 
resonant circuit device which, when the resonant 
frequencies were properly placed and the damping 
value for each circuit was properly chosen, 
sounded enough like a violin to fool some people. 
He learned that too much damping made the 
electronic violin sound somewhat harsh and 
unresponsive to the variations of the player, too 
little made the notes sound uneven and hollow. 
The best amount of damping provided about 12 
dB difference between peaks and hollows. He 
learned that resonances too close together in the 
lower range eliminated a desirable hollow quality 
of the sound on the G string. Increasing the 
number of resonances in the higher ranges 
increased the brilliance slightly. Figure 2 from his 
1973 paper indicates the final response curve 
which he used. In 1986 Mathews reported that 
further improvements, including a slight formant 
in the range of 2500 to 3000 Hz, enabled him to 
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Figure 2: Frequency response curve for 
Mathews 24 tuned circuit device which 
simulated violin tone when bowed. From 
Mathews & Kohut (1973) 

create a sound that most, but not the most 
sophisticated, listeners could not distinguish from 
a superior violin (Mathews, 1986). 

Free plate tuning 
Most of the tuning worlc to date has been done m 
the tuning of the free plates of a violin, partly 
because it is a sensitive and important step in the 
making a violin, and partly because it is obvious 
to every maker that changes in thickness and 
arching parameters make drastic differences in the 
sound of the final instrument The rules that 
Carleen Hutchins has developed about free plate 
tuning are important and indispensible guides, but 
they are clearly not enough to insure that the tone 
quality of the final instrument is excellent There 
is general agreement now that the purpose and 
function of free plate tuning is to get the general 
flexibility and mass distribution of the plates in 
the right ball parle. The final tuning must be clore 
on the finished instrument 

The best free plate tuning targets derive from 
the worlc of Carleen Hutchins (Hutchins, 
1979,1987,1989). These suggest that the 
varnished top plate should have its Mode 2 and 
Mode 5 resonances in octave relationship and, if 
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Figu:~ .3: Influence curves showing 
sensltlvlty to frequency change when 
thickness is reduced .0.5 mm. at each 
location. Units are percent frequency 
change per unit volume of wood. 

possible, the Mode 1 frequency should be an 
octave lower than that of Mode 2. The 
resonances of Modes 2 and 5 of the varnished 
back plate should be in tune with the 
corresponding resonances of the top plate. If the 
frequency of the Mode 2 resonance is about 180 
Hz. the instrument will have carrying power and 
will be somewhat difficult to play. As the target 
frequency decreases, the instrument becomes 
easier to play, the sound is sweeter and becomes 
appropriate for chamber music in small spaces at 
about 160 Hz. target Mode 2 frequency. 

There now exists some information to guide a 
maker as he/she tunes free plates from the finite 
element analyses done by the author and 
confirmed by the experience of Hutchins and 
Jansson and co-worlcers (Rodgers, 
1990,1991 a, 1993)(Hutchins, 1983)(Jansson, 
1989). Figure 3 summarizes the results of many 
calculations on two different back configurations 
and one top blank in which the thickness of one 
element at a time was reduced by 0.5 mm. and the 
reduction in the frequencies of the modes was 
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IDE 1 

BARREL ARCH~ BENT 

IDE 1 IDE 2 

CARVED PLATE 

Figure 4: Influence curves showing 
sensltlvzty to frequency change when 
thickness is reduced 0.5 mm. at each 
location. Curves on the right show similar 
data for 0.5 mm. reduction of height of the 
bassbar at each location. Units are percent 
frequency change per unit volume of wood. 

determined The data is presented as normalized 
"influence curves" - contour lines of the per cent 
of frequency change per unit volume of wood 
removed. The highest location on each hill is the 
most sensitive spot for changing the frequency of 
the indicated mode by wood removal at that 
location. It can be seen that the sensitive areas for 
Modes 1 and 2 are the same in all three designs. 
The most sensitive area for Mode 5 is in the same 
location as for Mode 1, so that in the back there is 
no means to adjust Mode 5 independent of Mode 
1. 

Figure 4 presents similar information for three 
top configurations. The sensitive areas for plate 
thickness adjustments are presented in the same 
fashion as in Figure 3. The effects of changing the 
heights of the bassbar are presented in the 
separate graphs on the right hand side. Notice 
that the effect of bassbar height changes is 
greatest on the Mode 5 frequency and the least <Xl 

the Mode 1 frequency. Thus, on the top, it is 
possible to adjust all three modes independently of 
one another. The center sensitive location for 
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Figure 5: Radiativity data on two Hutchins 
experimental violins. Upper curve in each 
plot is response (linear scale) at the top of 
the bridge, lower curve shows phase of 
response related to the phase of the acoustic 
excitation. Upper plots show horizonta 
motion. Lower plot shows vertical motion. 
Note that above 650 Hz. the horizontal and 
vertical responses are not in unison. 

Mode 1 is shifted into the upper bout somewhat 
because of the f hole cutouts. The sensitive area 
for Mode 2 has not changed Mode 5 can be 
moved very little by plate thickness changes but 
strongly by bassbar height changes along the 
slopes, in the upper bout especially. 

Tuning the finished instrument 
Much work has been done to identify the first few 
modes of the complete instrument, both air and 
structural, and to try to find empirical relations 
between them that correlate with the performance 
of the instrument. Carleen Hutchins' paper in this 
conference is a summary of her work along this 
line. It should be referred to for further 
information. It should be noted that her correlation 
is largely with impressions of players. 

Much work remains to be done, however, and 
it is not at all clear just how we should go about 
it. Even the most fundamental questions need 
reexamination. 

The author's approach is an engineering one, 
rather than that of a physicist. What other means 
can a maker employ as he/she tries to tune the 
finished instrument in more subtle ways? Are 
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and the common experimental practices. 

How to excite the instrument? 
This is the most fundamental question of all, for if 
the exciting method used does not produce all the 
frequencies in a bowed sound, and only those 
sounds, we will be misled at the start. In my 
judgment there is no substitute for bowing. 
Every alternate method used to date oversimplifies 
and, therefore, omits some part of the stimulus 
provided by bowing. 

The acoustic stimulus used by Weinreich in his 
radiativity studies, first described at SMAC83, is 
an excellent method. The bridge motion is 
measured in two directions, but the analysis 
capability of the experimental system is limited to 
around 1000 Hz (Weinreich, 1983). Experiments 
have shown that frequencies above 1000Hz. are 
important in determining the sound quality of a 
violin. Furthermore, the method assumes that the 
only important excitation is through bridge motion 
in vertical and horizontal directions in the plane of 
the bridge. 

The excitation system used by Dunnwald 
provides a horizontal force to the G side of the 
bridge (Dunnwald, 1991). This is an 
oversimplification of the excitation provided by 
the bowing system where part of the applied force 
from the bow and string is in a direction 
perpendicular to the top of the violin. Some 
vibrating modes in the violin which produce sound 
are excited only by a vertical force system, as is 
illustrated by the data from a Weinreich type 
radiativity test performed on two of Carleen 
Hutchins' test violins, shown in Figure 5. On the 
left hand side the upper figure shows the 
horizontal response of the top of the bridge when 
the assembled violin is excited by a sound sweep. 
The lower is the vertical response. SUS297 is a 
test violin made by Carleen Hutchins and SUS295 
is the violin which Marshal used for his modal 
analysis but which has since been retuned to have 
the free plate frequencies of Mode 5 match. Note 
that in the retuned SUS295 there is an important 
mode producing sound at 756 Hz which excites 
only vertical motion of the bridge. 

Even an excitation system which shakes the 
top of the bridge in both horizontal and vertical 
directions is inadequate. The best example which 
demonstrates the Validity of the above statement is 
the paper by Carleen Hutchins in the May 1993 
CAS Journal reporting on the effect of tuning the 
tail piece on the overall characteristics of the tone 
of a violin as perceived by one player (Hutchins, 



'" 0 (r"dd.) 

Figure 6: Schematic diagram of violin 
tailpiece vibration showing string tension 
changing at double the frequency of tailpiece 
vibration. 

1993). The first resonance frequency of the tail 
piece system is well below the frequency of the 
open G string, at about 130 Hz. How can this 
mode affect the tone of a violin when the violin 
box does not radiate sound below 200 Hz.? 

Figure 6 illustrates the motion of the lowest 
mode of the tail piece assembly and how it 
couples to the changing tension in the violin 
string. Note that for every cycle of tail piece 
vibration there are two cycles of the changing 
tension in the string. Thus the tail piece through 
changes in string tension at double its own 
frequency can excite the instrument at the C above 
the open G, where an important resonance, the 
first cavity resonance, usually lies. 

An extension of the same analysis suggests 
that the vibration of the strings, especially the 
heavy lower strings which vibrate with 
considerable amplitude, excites the instrument not 
only through the workings of the travelling notch, 
but also sinusoidally at the first harmonic of the 
string vibration because of the change in string 
tension due to the length increase caused by the 
traveling notch. Vibrations of the body and the 
neck which change string length and, therefore, 
string tension should excite the instrument at the 
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frequency of the vibrating mode enough to have a 
detectable effect on the sound output. 

For all of the above reasons the author has 
chosen to use the bow as the exciting device. 

H?w to ~al>,ze the resulting sound? 
WIth the limited objective stated above, it is 
enough to look for additional modes that are 
capable of being adjusted. The configuration of 
~ach mode should be described Any that can be 
influenced by practical thickness adjustments on 
th~ final instrument should be identified along 
With the method of changing the mode frequency 
of each one. Results along this line should be of 
considerable interest to violin makers. 

The first step is to find a way to analyze sound 
data from a played violin and identify peaks and 
hollows in the tonal output. A paper by Judith 
Brown.of Wellesley College in the January 1991 
JASA mcluded as a trivial example of her work 
on methods of pattern recognition in sounds a 
display of a special type of harmonic analysis, 
called a constant Q harmonic analysis, of the 
tones of a violin at 1/30 second intervals over a 
two octave scale (Brown, 1991). It revealed very 
clearly the familiar major resonances of the violin 
and additional ones at higher frequencies. A 
method has been developed to analyze glissandos 
played on each string using Judith Brown's 
softwar~, tailored an.d adapted for the purpose by 
Jo~ Miller. It proVIdes a harmonic analysis data 
pomt ~t every quarter tone and makes a complete 
analYSIS of the tone thirty times a second The 
presentation is a waterfall plot which displays all 
the analyses on a single chart with a summary plot 
at the back which displays the maximum 
amplitude reached at each quarter tone during the 
test. A paper by Joan Miller describing the 
software and the method will be published in the 
fall issue of the CAS Journal (Miller, 1993). 

Tests are made in a chamber which has sound 
absorption material designed to absorb all sound 
energy above 200 Hz on three walls and the other 
three are lined with carpet. The sides of the room 
are not plane and not parallel with one another 
and room resonances in the range of a violin have 
been minimized Care is taken to play each 
glissando with the bow relatively close to the 
bridge to bring out the higher resonances. 

Figure 7 provides the results of such an 
experiment on SUS297. The sound was digitally 
recorded at almost 20,000 bytes per second and 
analyzed with the CONQT program described 
above. This recording rate should resolve 
harmonics up to above 8000 Hz. The glissando 
sweep on the G string is displayed at the bottom 
of the figure. Only the plots of maximum values 
at each quarter tone are plotted for the other three 
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Figure 7: Constant Q harmonic analysis of 
SUS297 violin. The detailed display at 
1130th second intervals of only the G string 
sweep is shown. The summary curves only 
are shown for the other three strings. 
Linear scale. 
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Figure 9: Summary data of Figure 7, 
logarithmic scale. 
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Figure 8: Data similar to Figure 7 for 
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TOP. SUPPORTED 

Figu:~ . 11: Influence curves showing 
sensmvlty to frequency change when 
thickness is reduced 0.5 mm. at each 
location. Note that the sensitive areas are 
close to the blocks and sound post. 

strings. The scale of the sound intensity is linear. 
Figure 8 shows similar information for SUS295. 
Figures 9 and 10 display the same maximum 
values for each string on a decibel scale. 

There are some surprises in the data. There is 
no appreciable sound energy above 4000 to 5000 
Hz. The test space and equipment were checked 
by playing a sweep of a sinusoidal tone through a 
speaker in the room. There was no appreciable 
attenuation of this signal in the range of the 
analysis. Note that the first harmonic is very 
strong. Note that there are strong sound peaks in 
the 1000 to 2000 Hz. range in both instruments. 
Other violins tested show quite different patterns 
in this range but all show at least two strong 
peaks just above 1000Hz. While the curves 
cannot be duplicated in detail in successive runs 
the patterns of strong peaks are unchanged and 
their frequencies are unchanged. 

It seems to the author that this method should 
be quite useful. It has been possible to correlate 
the sound peculiarities of individual bowed tones 
on a violin as perceived by the player and by 
listeners with the peaks and hollows revealed by 
both these tests and, in some cases, with the 
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BACK. SUPPORTED 

Figure 12: Influence curves showing 
sensitivity to frequency change when 
thickness is reduced 05 mm. at each 
location. Note that different sensitve areas 
exist/or the different modes. 

radiativity tests. It is now time for some 
experiments to identify the vibrating 
configurations of prominent peaks and to see what 
the various kinds of adjustments that are possible 
on an assembled instrument will do to the 
CONQT response and the sound of the 
instrument 

What to adjust? 
There is some information from finite element 
analyses that provides clues about where the 
sensitive areas to tuning are on plates assembled 
in the violin The author has reported sensivitity 
calculations on a top and a back when the edges 
were prevented from moving out of plane and 
when the edges could rotate except at the blocks 
(Rodgers, 1991b). Similar worle has been done to 
indicate the effect of thinning various portions of 
a violin bridge (Rodgers et al, 1990). Figure 11, 
taken from the top and back reference, displays 
the sensitive areas where wood removal will 
reduce the frequencies of the first four modes of a 
supported top plate. Figure 12 displays similar 
information for the first 5 modes of a back plate. 
Figures 13 and 14 indicate the results of the 



VIOLIN BRIDGE TUNING 

All locations trimmed 

Trimmed Bridge 
Mode I f = 2303 Hz. 

Mode " r = 51 59 Hz. Mode III r = 6973 Hz. 

Figure 13: Deflection patterns for the first 
three in plane vibrating modes of a violin 
bridge,fixed at the feet. 

calculations for a typical violin bridge and the 
deflection patterns for the first three vibrating 
modes of the bridge. The bridge information 
should only be useful when trying to adjust 
frequencies in the 2000 Hz range and up, for ooly 
the lowest natural frequency of the violin bridge is 
in the frequency range of interest 

In addition, details of the f hole region, sound 
post location, rib local thickness patterns - all are 
fair game and should be explored 

All of the above adjustments of the assembled 
instrument is, of course, in addition to the 
techniques described by Hutchins and Rodgers for 
adjusting the relationship of B 1 mode to Al mode 
(Hutchins & Rodgers, 1992). 

Conclusion 
The tuning of violin free plates is important to 
insure that the flexibility of all the regions of the 
plate are generally proper for good sound 
production. 1\ming after assembly is very 
important to try to adjust the tonal qualities of 
individual notes. An experimental and analytical 
technique for revealing more of the crucial modes 
of vibration of the assembled violin and the 
qualities of individual toiles has been described 
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VIOLIN BRIDGE TUNING 

Effect of Trimming 

BRIDGE CtrTotl'TS 

*1 Bottom. A tch Cutout 

1t-2 Legs Th:i.nned 

#3 Eye Elongated 

#4 Eye Top Enlarged 
<1<2 

Case Fr e que ncies (Hz.) 

Mode I II III 

O. Fitted Bridge 3 356 6342 83 1 0 

1. #1 CUtout 320 . 6 00 0 7432 

2. U .M2 2915 5 692 '1)22 

3. n . ., 2592 5453 729 0 

4 . U &. 112 &. " 22 8 9 507. 72 0 6 

S. U &. "3 &. *, 2599 5538 7018 

6. All four cutouts 2303 5 159 6923 
(Per Cent of Base C.J.lle) .n ." ... 

Figure 14: Changes in frequencies of the 
first three modes of bridge vibration when 
wood is removed in the defined areas. 

It is hoped that investigators will try using the 
technique as they seek ways to improve the tone 
qualities of violins, new and old 
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The influence of changes in the distribution 
of mass and stiffness of violin-plates on 
eigenfrequencies and mode-shapes of the violin 
M Schleske 

Abstract 
Eigerunodes are of extraordinary significance for the acoustical qualities of the violin. The various Eigerunodes 
are characterized by their respective frequencies, distributions of amplitudes (shape) and dampings. The 
characteristics of Eigenmodes are caused by the distribution of mass and stiffness. The mass-stiffness distribution 
of a violin-plate can be manipulated in a wide range by the choice of wood, the construction and the workman
ship of the violin. For this reason, many violin-makers try to tune the free-plate-modes. The tap-tonemethod, and 
in some workshops Chladni-Pattem-Experiments, are commonly used. Nevertheless, the modes of the assembled 
instrument differ totally from the freeplate-modes. Only assembled as a complete instrument do they correlate to 
the sound radiation. A simple method will be introduced which seems to be appropriate for violin-makers. With 
this method, the changes of Eigenmodes can be continuously investigated during workmanship until the fmal 
instrument. A tonally outstanding instrument (Domenicus Montagnana 1740) will be used as example to show 
that an advantageous distribution of Eigenfrequencies and mode-shapes results in a desirable sound radiation. 

As a violin-maker I try to find out how the 
radiation of sound of the instrument can be 
manipulated. The radiation can be measured by 
the Frequency-Response-Curve, showing 
distribution of Eigenfrequencies, see fig. 1. 

The Frequency-Response-Curve depends 
strongly a) on the Eigenfrequencies which give us 
the positions of the peaks, b) on the Mode-Shapes 
which are responsible for the radiation. 

Without knowing the Mode-Shapes we do not 
know how to manipulate the Eigenfrequencies and 
we have no idea if we have already fully exploited 
the mode concerning its radiation. 

But both, changing Eigenfrequencies and 
modifying radiation are of extraordinary 
significance for the ability of a tonaly bespoke 
work, the trademark of a good violin-maker. 

Therefore it is helpful not only to look at the 
Frequency-Response but to focus the shapes of 
the Eigenmodes. 

In which way are the oscillations of the 
instrument influenced by the worldng-steps on 
top- and back-plate? The plates have been carved 
and after each working-step they have been glued 
on the ribs together with the neck. So they became 
part of an unfinished but already assembled 
instrument. (oo.) 

After each step Modal-Analysis of the free 
plates was compared with Modal-Analysis of the 
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corpus. Up to now the plates had to be glued on 
and taken off for seven times. In order to show the 
influence of variations in the way of gluing, the 
unchanged plates have been glued on once more 
and measured again. It showed that for the first 18 
modes of the corpus the average deviation was 
about 1 per cent 

Fig. 2 shows a survey of the results. Each 
point indicates the frequency-change of the 
respective mode in the process of working. First 
the results for the free top-plate, below for the free 
back-plate, finally for the assembled but 
unfinished corpus. The diagram shows the 
absolute frequencies - corresponding to our 
musical listening - in logarithmic scale. We see a 
great frequency-shift: For the free top-plate one 
octave for Mode #yl, one fifth Mode #y4. The 
effect for the back-plate is about the same, if we 
subtract the influence of the f-holes. 

The most surprising result is the relatively 
equal mode-bundle of the corpus. There is not as 
much frequency-shift as we might have expected. 
We should mention that most of the corpus-modes 
only develop once the f-holes are cut (For the 
Helmholtz Resonance this trivial: no sound-hole, 
no Helmholtz Resonator). 

The corpus-modes start with higher 
frequencies. The corpus has a higher density of 
modes within the same frequency-band as the free 
plates have. 
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Manipulation of Eigenmodes 
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Relative Mode-Changes in Musical Half-Tones 
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Furthermore we see that the number of modes 
increases in the process of thinning. After certain 
steps there occure "new" modes. They might have 
been covered by other modes or come from a 
higher frequency into the measured frequency
band because of an increased mobility. 

Fig. 3 shows the same frequency-shifts in 
relation to the beginning in musical semi-tones. If 
we note the different scale (an octave for the top, 
4 semi-tones for the back, 1.5 semi-tones for the 
corpus) it turns out very obvious that the shift for 
the free plates is far above that for the corpus. 
There would be much to discuss about that. A 
global thinning of the back-plate from 5 to 4ymm 
for example for the free plate causes a frequency
decrease of about one third for all modes: While 
in the glued state, assembled as a corpus-element, 
there is no shift or even an increase. Furthermore, 
in contrast to the free plates it shows that for the 
corpus the worldng steps can cause a frequency
shift in both directions - for some modes an 
increase, for others a decrease. 

The respective working-steps cause various 
changes of mass and stiffness. The free plates 
show them rather dramatically. But up to this 
state of work our investigations make it question
able if the free plates indicate what happens to 
them once they are assembled to build the corpus 

of the instrument. This is even more significant, if 
from the rather global working-steps we turn to 
more specific local manipulations. Each 
frequency-point is attached to a certain mode
shape. As an example let us pick out the mode at 
5429Hz_ 

The red nodal-line in fig. 4 shows the mode
shape of this corpus-mode. The middle of the 
back-plate vibrates against the edges and the top
plate. The top oscillates conphas at this cross
section. So the cross-section has two nodal-points. 
What could one predict concerning the 
eigenfrequency if the thickness of the back -plate is 
reduced in the area of the nodal-line from 5.0 to 
4.7ymm? At the same time its mass is reduced 
about 1.5 per cent? 

The nodal-line is not an area of oscillating 
mass, so the reduction of mass should not affect 
much. At the same time the process of thinning 
reduces stiffness. It is very obvious that the 
Eigenfrequency should be lowered. The very 
opposite is the case, because we deal with wood 
as a material of extreme anisotropy. In the 
measured frequency-range we observe the highest 
increase of Eigenfrequency for this mode. While 
the Eigenfrequencies of the free baCk-plate are 
lowered, the most for Mode #92, the corpus-mode 
shows an unexpected increase of frequency about 
2.4 per cent up to 5559Hz. 
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I Modal Manipulation and Wood Structure 

S\ep 10 :::::::::::::: 
Manipulation::~~~,~: of Back Plate according~to::....:::M~o=de=--S.=::!ha:::!pe=-_____ --, 

Corpus Mode Shape #4: 
I : 

(BackPl*) 
around nodal line ) -6% 
ThIckness: 5.0 mm ............. 4.7 mm 

-1.50% 

168.0 g ~ 165.4 g 

I 
2.<40% 

~requency: 542 Hz ~ 555 Hz 

Oscillation: 

Modal Changes: 

3 
free plate 11'IOde51 r-Ic:orpus--modes----,I 

C 2 

8 1 ... 
QI 
Co 0 .. - 1- .-------, • .. 

• •• --. 5 
1/1 -1 
QI 
CI 
; -2 
.c 
~ -3 

! ... 
-5 

•• ••• •• -. - • • =tl= 
.. • - •• 1M • frequency 

~ mass 

Elgenmode-N° 

Figure 4 

This is only understandable if we regard the 
change of mode-shape and the anatomical 
structure of wood. The treatment moved the 
nodal-lines towards the center of the plate (see 
green line). What is this area like? 

In. fig. 5 we see the cross-section being passed 
through by the rays. At the new position of the 
nodal point the angle between the surface of the 
arching and the direction of rays is smaller than in 
the former position of the nodal point. The results 

about wood structure as presented 1989 (on 
ISMA) in Mittenwald proved the high dependence 
of stiffness of a cross-section on the direction of 
rays. For small angles we notice a high stiffness. 

It is true that thinning reduces stiffness. But at 
the same time the manipulation allowed the mode 
to move the non-oscillating nodal-line into an area 
of higher stiffness1) - according to the law of 
minimal energy. As a result we get the namend 
increase of Eigenfrequency of this mode. 
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I Modal Manipulation and Wood Structure 
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Figure 5 

Talking about the plates being assembled to 
build the corpus the anisotropy of wood has a 
clearly different effect as with the free plates. Also 
local manipulations show that the free modes do 
not allow an easy prediction about the effect of 
the manipulations on the Eigenmodes of the 
instrument 

Being interested in juggling with those 
Physical Properties that are correlated with the 
quality of the violin, I would rather focus on the 
shape of modes, than just on their frequencies -
furthennore rather on the assembled instrument 
than on the free plates. 

How should the Eigenmodes of the instrument 
be characterized? 

Instruments with symmetrical modes with their 
wavelength of bending being smaller than the 
respective radiated wavelength in the air, do not 
radiate sound into the farfield. 

Fig. 6 shows such an Eigenmode with a 
symmetrical nodal-line and equal magnitude in the 
amplitudes of antinodes. Note, that this is not a 
free-plate-mode but one of the assembled corpus! 
(This distribution of amplitudes was measured by 
the help of a FFf-Analyzer and drawn by spline
interpolation). 

The back-plate was joint together in the middle 
and has an exactly symmetrical thickness
graduation. The free-plate-modes might have 
looked nice but as a corpus-element the back-plate 
fonnes such a mode-shape which is useless. The 
instrument has no carrying-power because of such 
acoustical short circuits. 

In contrast to this modes of tonally outstanding 
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instruments are characterized by a strong 
radiation, which is primarily caused by 
asymmetrical nodal-patterns and asymmetrical 
distributions of amplitudes. 

Figure 6 



I Effective Radiation of Sound I 

Figure 7 

Fig. 7 shows the corresponding mode (a 
quatrupole) of a violin made by Domenicus 
Montagnana in 1740: Asymmetrical nodal
patterns and asymmetrical distributions of 
amplitudes. Most of his Eigenmodes - 25 of them 
up to 1600yHz - are significant because they 
consequently promote an effective radiation of 
sound 

Fig. 8 shows another way of illustrating the 
same mode by amplitude-profiles. It is very 
abvious, why such a mode promotes effective 
radiation although still the bending-wavelength is 
smaller than the radiated wavelength. ( ... ) 

How can we achieve such favourable Mode
Shapes by workmanship? If we regard the 
thickness-graduation of this violin, it shows, that 
we have to deal with an extreme asymmetry. ( ... ) 

If we aim at a favourable radiation we must 
regard a symmetrical thickness-graduation as a 
bad mistake of construction. 

We might ask, if a practical application of all 
that is realizable without a huge effort. So I would 
like to introduce a simple method of applying 
modal-analysis in the violin-makers worlcshop. 
With this method the Eigenmodes can be 
continuously investigated during worlananship 
until the instrument is finished, fig. 9: 

426 

IEffective Radiation of Sound I 

Figure 8 

The instrument ist excitated by a tiny shaker2), 
driven by a sine-wave-generator. An 
accelerometer records the response. Both, 
excitation and response are seperately sent to ooe 
ear. If the freqency is increased slowly, the signal 
is moving to your right ear when reaching an 
Eigenfrequency. So you get the impression of the 
Frequency-Response of the instrument If an 
Eigenfrequency is selected afterwards and the 
shaker is moved over the surface you get the 
impression of the mode-shape be10nging to this 
Eigenfrequency.3) 

As a final confession let me say: Only in a 
superficial view the violin is a wooden sculpture. 
Actually the fascination of the instrument lies in 
its tonal sculpture. Its Eigenmodes detennine the 
radiation of sound and thus form a tonal pattern in 
the player and the audience. As the Eigenmodes 
affect the personality of the instrument, we try to 
form the artistic wooden shape in such a way that 
we may achieve advantagerous mode-shapes. 



Workshop-Measurement-Methode 
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Notes 

Mode-Shape 
Impression 

1) Around the nodal-line there is least bending. 
The minimal bending must as a whole be in the 
area of maximal stiffness, so that the mode saves 
the minimal bending-energy. 
2) The sh~er can be made from a small 
loudspeaker (0.1 W) with a stick glued in the 
middle. the moving mass of our example ist ooly 
O.l /g. 
3) FurtheI1Ilore the amplitudes can be registerated 
with a soundlevel-meter. Both phase and amplitu
des very clearly can be watched from the 
Lissajiou's Figures in the xy-state of an 
oscilloscope. 
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Aperiodicity, subharmonics and noise 
in bowed string instruments 
R T Schumacher 

Abstract 
Sustained tone musical instruments oscillate only approximately periodically. The short time fluctuations of their 
oscillations are characteristic of each instrument, and have as their underlying cause the physics of sound 
production in the various instruments. Often the spectrum of the period to period fluctuations exhibits peaks 
indicating a weak quasi-periodicity that is a subharmonic, not always integral, of the period of oscillation. The 
mechanism of sub harmonic production in the bowed string has previously been identified. The relation of these 
subharmonics to bow noise is explored with the aid of a quasi-simulation based on the space-time graphs. 
Experimental evidence to support the mechanism is given using data from a bowing machine. 

Introduction 
If one plays a violin high on the E string and 
properly focuses ones auditory attention, one can 
hear a noisy signal that seems to exist in some 
undefined frequency range well below the 
frequency of the note being played. Under special 
circumstances of bowing it is possible to hear a 
well-defined pitch instead of the relatively 
pitchless noise. The mechanism for the 
production of these subharmonics has been 
previously explained (McIntyre & al., 1983). An 
essential feature of that explanation was the use of 
a "space-time" diagram to follow the motion of a 
"Helmholtz comer" (HC) as it progresses from 
finger to bow to bridge and back, inducing slip
stick and stick -slip transitions at the bow in the 
process. If a secondary He exists that passes 
through the "window of time" at the bow during 
which slipping occurs, it is amplified by the 
existence of a positive slope of the curve of 
frictional force vs. string velocity. If the 
amplification is large enough, McIntyre & al. 
showed that subharmonics can coexist with the 
normal Helmholtz motion. 

It is the main purpose of this paper to establish 
that this same mechanism is partly responsible for 
"bow noise" as well. Bow noise is a more 
universal phenomenon than subharmonics in that 
it exists and is often audible to the player even if 
the delicate conditions of gain and loss that result 
in a sustained subharmonic with well-defined 
pitch are not met. The "illegitimate" Helmholtz 
comers, generated by fluctuations in the bow 
force from a variety of spatial and temporal 
inhomogenieties - bow hair inhomogenieties, bow 
stick normal modes, finite width of bow hair 
(Pitteroff, 1993) - do not have to "live" through a 
large number of subharmonic periods to generate 
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their forces on the bridge that contribute to the 
observed noise in the spectrum of the bowed note. 
The next part of this paper describes a computer 
method - one that is less a simulation, more a 
bookkeeping technique - that establishes the 
spectral signature of short lived, randomly 
generated Helmholtz comers as they exert force 
on the bridge, and, for reasons to be explained 
below, as they are incident on the finger as well. 

Spectral signature of the noise 
Figure 1 is a screen dump of a program-generated 
space-time diagram of the type mentioned above. 
The bridge and finger (or nut) amplitude reflection 
coefficients used were R=-0.98; the bow during 
sticking reflection coefficient was -.98. The bow 
transmission coefficient during slipping is 
T=1.02, and the associated reflection R=T-l is 
0.02. All reflected and transmitted waves are 
represented with solid lines in Figure 1, and their 
amplitudes at the bridge, nut, and bow are 
represented by the vertical lines, indicating delta 
functions, since the Helmholtz comers are 
assumed infinitely sharp in this kinematic 
representation. This bookkeeping simulation is 
unstable. The amplitude of the waves either 
grows slowly or decays slowly, depending on the 
magnitude of the bow transmission coefficient. It 
is possible to make the e-fold decay or growth 
time larger than the 300 or so periods of 128 time 
steps that constitute a run of maximum length. In 
order to keep the number of secondary waves 
from growing out of hand, a low amplitude cutoff 
of typically 112% to 1 % of the main Helmholtz 
comer amplitude is imposed. That is, when 
amplitudes decay to less than that figure they are 
arbitrarily set to zero. Figure 1 is for the simple 



Figure 1: Space-time trajectories for a 
Helmholtz corner and secondary waves, 
b= 114. Time is horizontal, the finger (nut) is 
at the bottom, the bridge at the top, and the 
bow is shown with gaps at every period T of 
length bT to indicate slipping. The forces 
on bridge, bow, and finger are shown to a 
relative scale as vertical lines. Secondary 
wave forces are too small to appear on the 
figure. 

case of b =114. Other cases sometimes generated 
spurious subharmonic behavior of order two, 
because of the discrete nature of the temporal and 
spatial record keeping. The spectral signature of 
this type of subharmonic is easily recognized as 
small peaks midway between the main harmonic 
peaks, and does not interfere with conclusions 
about the noise spectrum. 

The output of an array, bridge or nut, is a 
series of zeros punctuated by occasional non-zero 
numbers. The array is then renormalized, period 
to period, so that the average value is zero, then 
digitally filtered with a low pass "brick-wall" filter 
with upper frequency cutoff at 17.5 kHz, where 
we are pretending that the array represents 
sampled data at the normal CD sampling rate of 
44.1 kHz. The resultant waveform is then 
integrated. The result is shown in Figure 2, which 
is for the bridge force waveform with no noise. 
The rapid wiggles at the flyback regions, although 
they help the figure to resemble a real bridge force 
wave form, are simply the result of the brick-wall 
low pass filter. 

The simulation of bow-force inhomogeniety is 
done by generating at random at the bow a small 
"signal" of no more than 2% of the main 
Helmholtz comer amplitude, with probability of 
up to 112% for each sample time step. Figure 3 
shows a Fourier Transform of the bridge signal 
with the bridge to bow fractional distance b=1I4. 
The spectral signature at the bridge of randomly 
generated bow noise is seen to be as follows. If 
the fundamental frequency is f, the noise at the 
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Simulated Bridge Waveform 
~=1 /4, no noise. 

Figure 2: Waveform generated from the 
bridge force array of figure 1, as explained 
in text. 

Figure 3: Spectrum of bridge force waveform 
(log scale) with added noise, b= 114. For 
parameters, see text. Peaks of spectrum with 
no noise are marked with circles, and the 
maximum frequency on the horizontal axis is 
the Nyquist frequency. 

bridge has a spectrum of low amplitude but quite 
distinct peaks at nbj, with greater amplitude at 
and near harmonics of I given by njlb, where 
n=l,2, .... In fact, subharmonics of order N were 
shown by McIntyre & al. (1983) to exist over a 
range of bowing positions obeying N-l $; lIb $; 

N + l, thus allowing the coexistence of more than 
one subharmonic for non-integer lib. 

In practice, the above signature of bow noise 
on the bridge is usually not observable. Typical 
values of the fractional bowing distance b are not 
114, but more commonly 1110 to 1120. 
Consequently the peaks at multiples of bl tend to 
merge together, and their breadth increases, since 
they are more rapidly damped at small b because 
of the increased frequency of encounters with the 
lossy obstacles, bow and bridge. There is also the 
complication caused by the possible coexistence 
of two subharmonics. In real playing, bow hair 



width is non-zero, a complication documented by 
the simulations of Pitteroff (1993), and constant b 
is not maintained. Bow dynamics also plays an 
important but as yet poorly documented role, 
both in the frequency region below the string 
fundamental, and as amplitude modulated 
sidebands of the string harmonics. The result, 
even for bridge forces obtained from good bowing 
machines, is that the pure signature of the basic 
mechanism investigated here is not in general seen 
at the bridge. 

However, existence of the mechanism can be 
unambiguously established by looking at the 
finger or nut side of the bow. In the pseudo
simulation described above, note that the bridge 
spectrum is a consequence of the secondary waves 
bouncing between bridge and bow with period blf, 
modulated by the periodic interruption of the 
slipping window in the bow's transmission and 
reflection characteristics. A similar trajectory 
exists on the nut side of the bow, with the He 
bouncing between nut and bow with a period (1-
b)1f The nut spectrum with randomly generated 
noise is shown in Figure 4a, but with b = 1 /13. 
One sees clear but noisy peaks at multiples of 
fI(1-b) in the DFT of the nut waveform. Peaks at 
multiples off and fI(1-b) are marked with circles. 
Note the coincidence of the secondary peaks and 
the main harmonic peak at harmonic number 
1/b=13. The second subharmonic that was 
mentioned above as an artifact of the pseudo
simulation technique has generated the small, 
spurious peaks midway between each main peak. 
The vertical scale is the amplitude on a 
logarithmic scale, the horizontal scale is linear in 
frequency. Examination of the nut waveform 
itself, Figure 4b, shortly after a random corner 
was launched shows the "bump" from the corner 
appearing progressively earlier in the fundamental 
period, as identified by the arrows in the figure. 
The DFT signature of the same phenomenon is 
much simpler than the bridge waveform signature, 
and one might expect that experimentally one 
could find it much more easily. 

Figure 5a shows the DFT of data supplied 
from a bowing machine made by Dr. Norman 
Pickering. He detects the displacement of the 
string optically at the conjugate bowing position, 
fractional distance from the nut given by b. The 
position of the bow (with its hair gathered into a 
bundle to minimize spread in b ) is 2 cm from the 
bridge, or b =2/32.8=.061. The positions of the 
peaks at multiples of fI(1- b ) allow one to infer 
from the displayed data alone that the bridge to 
bow distance to be 2.45(+.46,-.33) cm, in 
agreement with the value of between 2 em and 2.7 
em supplied by Pickering. Figure 5b shows a few 
cycles of the waveform from the bowing machine 

Figure 4: (a) Spectrum (log scale) of nut 
force waveform for b=JIJ3. All peaks 
marked with circles. (b) Nut force waveform, 
showing wavelets of period (J-b)/f, marked 
by arrows. 

data. Compare 5b with figure 4b. Because of the 
confounding effects of string rotation about its 
own axis, events in the time domain such as 
shown in Figure 5b are difficult to recognize. 
That serves to emphasize that because of the 
conversion of rotational to translational waves at 
the bow during the sticking part of the cycle, the 
mechanism described in this paper is only part of 
the noise production mechanism of the bowed 
string. The propagation of inhomogeniety
generated rotational waves, with their different 
wave velocity, undoubtedly has its parallel to the 
translational case, with the difference that the 
space-time trajectories of the equivalent events are 
not locked to the fundamental frequency of the 
translational motion. Lack of knowledge of the 
rotational phase velocity, of boundary conditions, 
dispersion, along with larger propagation losses, 
makes investigation of the rotational analog 
considerably more difficult. 

Conclusion 
The general premise of the noise or aperiodicity 
investigation that I have described is that in 
musical instruments for which the source of noise 
is the non-linear element, the aperiodic nature of 
the sound output contains an imprint of the 
acoustically linear part of the instrument. In the 
present case of the bowed string, waves reflected 
between bow, bridge, and finger or nut are as 
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Figure 5: (a) Spectrum of string 
displacement at relative position (i-b), from 
bowing machine data supplied by Norman 
Pickering. Open D string, with frequencies of 
peaks marked (b) Displacement waveform 
at (i-b), with wavelets of period (i-b)1f, as in 
figure 4b. 

much a part of the nonnal sound of the instrument 
as the principal velocity discontinuity wave (the 
Helmholtz comer) that describes in the simplest 
terms the kinematics of the slip-stick oscillation. If 
additional such waves of small amplitude are 
generated by bowing inhomogenieties on a short 
time scale, their acoustic signature is determined 
by their trajectories on the string-bow system. 
The kinematic fate of such randomly generated 
waves has been demonstrated with a computer 
program that gives results in agreement with 
bowing-machine generated data when the string 
motion is examined on the finger side of the bow. 
However, this paper has been confined to 
translational waves only. The possibly more 
important rotational wave effects await further 
investigation. 
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Radiativity revisited: 
theory and experiment ten years later 
G Weinreich 

Abstract 
The concept of violin radiativity presented ten years ago [Weinreich, Proc. SMAC83 II, 99] has recently again 
engaged our attention, due partly to the availability of enonnously more powerful computer systems than we had 
at our disposal in the early 1980s. This paper will discuss a number of our investigations, including (1) The 
"reciprocal bow" [Weinreich, CASA Symposium, Annapolis 1991, Paper I-I] and its outgrowth, the "stealth 
violin," which allows the bowing applied to one instrument to be heard through the body of another instrument; 
(2) The possible bearing of the phases of the nonnal modes on the importance of the "AI-Bl delta" [Hutchins 
and Rodgers, Catgut Acoust Soc. J.2, 13 (1992)]; (3) The relevance of the Sound Hole Sum Rule [Weinreich, J. 
Acoust. Soc. Am 77, 710 (1985)] to the criteria of violin quality outlined by Diinnwald [Catgut Acoust. Soc. J. 
1,1 (1991)]; (4) The use of our ten-year-old digital radiativity data, originally obtained for a variety of violins, for 
artificially reconstructing the sound of those violins when (a) tapped, (b) played pizzicato on open strings, 
(3) bowed in a fingered musical passage. Possible directions for the future will also be discussed. (Work 
supported by National Science Foundation) 

The concepts and first careful measurements of 
radiativity, as well as the word itself, were 
introduced at a paper at SMAC83 (Weinreich 
1983). Here I would like to review some of the 
developments and offshoots that have appeared 
during the last decade. 

Reciprocal bow 
In this device (already reported at the Annapolis 
meeting two years ago) the principle of reciprocity 
is used to hear the sound of a violin without the 
use of a violinist and, hence, without being 
influenced by the violinist's taste or mood. When a 
violin is played, the vibrating string exerts a 
lateral force F on the bridge which, through the 
bridge, body, and air cavity, is translated into 
sound perceived, let us say, as an air particle 
velocity v at a certain point P; it then follows from 
the principle of reciprocity that a corresponding 
force F exerted on the air at point P will result in 
an equal velocity v of the "notch" where the string 
crosses the bridge. In what we have named "the 
reciprocal bow," a loudspeaker at a typical 
listening point P is fed with an electrical signal 
corresponding to the "sawtooth" motion of a 
bowed string, and the resulting bridge velocity, 
measured with a phonograph pickup, is made 
available through headphones or another speaker, 
thus making audible the sound which the same 
violin would produce when bowed in an identical 
way. The electrical signal used to drive the 
reciprocal experiment can be obtained either from 
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a computer simulation of a bowed string, or else 
by picking up directly (by means of piezoelectric 
transducers) the force exerted by an actual bowed 
string which is mounted on a "silent" violin, that 
is, a violin built purposely without body or 
soundboard so as to minimize the sound which it 
produces directly. In this way a person wearing 
earphones and playing the "silent" violin can 
simultaneously hear the sound that would be 
produced by the violin being tested. It is also easy 
to mount two or three violins simultaneously side 
by side in the test chamber, allowing the 
experimenter to switch among them by operating 
a simple switch. 
A particularly interesting example of the results 
that the reciprocal bow makes accessible occurred 
when two violins (of very different qualities) were 
first directly compared by a violinist, who 
observed that, on the G-string, one of them was 
much more "scratchy." A test with the reciprocal 
bow, in which both instruments were subjected to 
the same driving signal, revealed that the one that 
had been pronounced "scratchy" was in fact 
simply rather weak in the bass. The violinist 
playing it, however, being part of a feedback loop 
in which his playing was controlled by what re 
heard, automatically brought the weak violin to 
what he considered the same "appropriate" 
loudness; what made it sound scratchy was, in 
other words, the fact that it was being bowed 
much harder. As in many other cases, an 
investigation of the behavior of components of a 



feedback loop was made much easier by opening 
the loop and removing the feedback. 

Radiativity phases and the "aI-bI-fl" 
fu a number of papers (Hutchins 1989; Hutchins 
and Rogers 1992), Carleen Hutchins and 
coworlcers have reported a strong effect on 
playing quality of violins depending on the 
separation of the radiativity spectrum features 
known as "AI" and "Bl"; they refer to this 
separation as the "AI-Bl-d." As a possible 
contribution to the explanation of such an effect, I 
would like to point out the important difference in 
the behavior of the radiativity in the frequency 
region between two modes, depending on whether 
the coefficients, or residues, of the two modes 
have the same or opposite signs in this context 
The meaning of these coefficients is best made 
clear by an example: fu the case of a typical low
frequency wood mode, a downward motion of the 
bass bridge foot is associated with the volume of 
the violin body (and hence the radiative monopole 
moment) getting smaller; whereas in the case of 
the lowest air mode ("Helmholtz mode"), such a 
motion is associated with a larger volume of air 
coming out of the f-holes, so that the overall 
increase of volume (air+wood) is positive. Hence, 
the two modes have opposite signs. We shall 
refer to the first type as "positive" and to the 
second as "negative." 
Figure 1 shows the computed hypothetical 
radiativity for a violin with three modes, whose 
coefficients are shown above the respective peaks; 
the numbers are chosen to comply with the Sound 
Hole Sum Rule (Weinreich 1985), according to 
which they must add to zero if no other modes are 
present We note that in the region between the 
first two modes (which are like the Helmholtz 
mode and first "wood" mode of a typical violin) 
the radiativity has a clear plateau. This is to be 
expected since the lower mode is already in the 
mass-dominated regime, being above its resonant 
frequency, but the higher mode is still in the 
stiffness-dominated regime. This relative sign 
change, together with the sign opposition of the 
two coefficients, causes the contribution of the 
two modes to add. By contrast, since the 
coefficients of the top two modes are assumed to 
be positive, the frequency region between them 
will lead to cancellation, showing a strong "notch" 
whose exact depth can depend rather sensitively 
on the relative placement of the two modes. 

This behavior is seen even more clearly when 
one examines the phase of the radiativity as a 
function of frequency, as shown in the lower part 
of Fig. 1: an amplitude notch of this nature is 
accompanied by a retrograde phase, that is, a 
phase that varies locally in a direction opposite to 

Figure 2, representing actual radiativity data of a 
real violin (Jacobus RIVOLTA 1826), exhibits 
such a retrograde phase and accompanying 
amplitude "notch" just above 500 Hz; the same 
type of feature, at approximately the same 
frequency, can be seen in every violin we have 
measured. 

I would like to express, in this connection, my 
great astonishment at the number of researchers 
who measure violin radiativities (or similar 
generalized transfer functions such as input 
admittance) but choose to throwaway the phase 
information they gather. This is understandable 
with old-fashioned sweeping procedures, in which 
only the amplitude is recorded, but seems 
inexcusable when digital FFT methods, which 
provide phase information at the same time and at 
the same cost, are used. 
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Figure 1: Computed radiativity (arbitrary 
units) of a hypothetical violin having three 
normal modes with modalfrequencies at 250, 
500, and 750 Hz and coefficients as shown at 
the top of the figure, chosen so as to satisfy 
the sound hole sum rule. The Qs of the three 
modes are, respectively, 40, 50, and 50. 
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Figure 2: Measured radiativity of the violin 
LCA489, showing the clear region of 
retrograde phase just above 500 Hz. 

"QPl" of Diinnwald and the sound hole 
sum rule 
Diinnwald has fomlUlated a number of "Quality 
Parameters" which, according to him, measure the 
degree to which the radiativity of a given violin 
resembles those of the great Italian masters 
(Diinnwald 1991). The first of these, called QPl, 
is given by the height of the Helmholtz mode peak 
relative to the peaks that follow. In this connection 
I was asked by a violin maker what can be done in 
the design of an instrument to make its Helmholtz 
peak higher; the somewhat surprising answer is, 
"nothing." Because of the Sound Hole Sum Rule 
(Weinreich 1985), since the Helmholtz coefficient 
is negative while the next important modes are 
positive, one cannot raise the Helmholtz mode 
without increasing the following modes equally. 
This statement is not true, however, if one's 
interest is, quite literally, in the maximum height 
of the peak, which can be increased by increasing 
the Q of the mode without making it intrinsically 
stronger. In this connection it may be interesting 
to experiment with active reinforcement of that 
mode, by mounting an inward-facing loudspeaker 
at some convenient (and, presumably, relatively 
unimportant) part of the violin shell, and driving it 
with an amplified signal obtained from a 
microphone embedded, for example, in the button. 
Clearly, sufficiently strong positive feedback can 
make the Helmholtz mode oscillate spontaneously; 
at a gain setting below that, the Q is established at 
any value one chooses. In experiments we have 
done in a different connection, a cavity whose 
normal Q is about 10 was stably operated with an 
effective Q of well over 100. 

If a viOlin is equipped with such a system, a 
pl~yer, . maker, and/or physicist could experiment 
Wlth different settings to see whether, indeed, 
raising the level of the Helmholtz peak leads to a 
perceived improvement in the instrument's quality. 

Re~0l!s~ction of violin sound from 
radlattvlty data 
In .p~~iple, the knowledge of the (complex) 
radiatiVlty of a violin as a function of frequency 
~ows one, by a Fourier transform, to obtain its 
Impulse response; from this, in turn, the sound 
produced as a result of any given time-varying 
force ex~rted on the bridge can be computed by 
convolution. In order to investigate the 
effectiveness of such a method (which as we shall 
~xplain below, can be of enormo~ practical 
Importance). we used data that we had obtained in 
1983-84 on a few dozen different violins. The 
problem here was that, because of the slowness of 
the computer we then had available, the data 
extended only from 190 Hz to 3 kHz. 
The cutoff at low frequencies is actually 
unimportant because the Sound Hole Sum Rule 
forces the low-frequency radiativity to approach 
zero rather rapidly (Weinreich 1985), so that we 
could assume that it was identically zero below 
190 Hz without causing any appreciable errors. 
such is, however, by no means the case above 3 
kHz, where our data stops abruptly where it is by 
no means negligible, and to assume that it is zero 
above would give rise to a completely unreal 
transient behavior due to the implied 
"windowing." Accordingly, we multiplied the 
measured radiativity by a Gaussian "window" of 
half-width 1.63 kHz; this made the measured 
radiativity at the 3-kHz limit low enough for the 
assumption that it is identically zero above to 
cause no trouble; unfortunately, it also cut 
appreciably into the response at lower frequencies 
(Fig. 3). From this new radiativity 

434 

we obtained a Green's function which was 
deprived of important ''brightness'' but still quite 
useful for evaluating the lower ranges of the violin 
tone. The experiments which followed, of which 
some results are here given as sound samples, 
involved three violins: 
(1) BEC512, a quarter-size child's violin 
interesting in this connection precisely because a 
small violin of standard construction lacks any 
bass response; 
(2) LCA489, the RIVOLTA violin already 
referred to, an example of a relatively low-priced 
professional instrument; 
(3) VIL51O, A violin by Villaume from 1841, 
number 1522. 

As our first experiment, the Green's function 
itself was generated as a sound. This corresponds 



to the violin being tapped on the side of the bridge 
(since the Green's function was computed from 
the horizontal-plane radiativity); one should 
imagine that the impact was not by a hard object 
but by a Gaussian force pulse of half-width about 
0.2 ms, corresponding to the above-mentioned 
Gaussian frequency window. For orientation, we 
first present the simulated tapped sound of three 
imaginary violins having, respectively, only one, 
only two, and only three nonnal modes. The first 
has only a (negative) Helmholtz mode, at 260 Hz; 
then two positive modes are added in tum, the 
first at 450 Hz, the second at 520 Hz [SE 1,2,3]. 
The next three sound examples come from the 
Green's function computed from the real violin 
data corresponding to the three instruments above 
[SE 4,5,6]. We note the great deficiency in the 
bass of BEC5l2; we note also the ringing of the 
open strings, which had been left consistently 
undamped in all our measurements. 
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Figure 3: For the purpose of com~u~np an 
impulse response, the measured radzanvlty of 
LCA489 from 190 to 3000 Hz (solid line) ~as 
multiplied by a "window" (shaded outlzne) 
consisting of a Gaussian with half-width 1.63 
kHz plus sharp cutoffs at 190 and 3000 Hz. 

The next experiment was to produce the 
pizzicato sounds of the same three violins ~n their 
open strings. The string m~ can, ~ our 
procedure of not damping the stnngs, be VIewed 
as particular modes of the coupled system; .but 
whereas a particular mode can be eXCited 
preferentially by directing a force impulse to a 
location where that mode is particularly large 
(which is what we do when we pluck a string to 
excite it), in our reconstructions the top of the 
bridge is the only place where a force can be 

applied. There is, however, another way of 
exciting a sharp mode selectively, and that is by a 
stimulus whose spectrum is limited to a narrow 
band which includes that mode. In this way we 
could excite the pizzicato sound by applying to 
the bridge a shon wave train at the frequency of 
the string; by choosing its wave fonn to be that of 
a plucked string, we accomplished a correct 
simultaneous excitation of all of the string modes. 
The next three sound examples [SE 7,8,9] are the 
resulting pizzicato sound of our three violins. It 
was amusing to find out in this way that, when the 
data was taken ten years ago, LCA489 had its E
string badly out of tune! 

The final experiment was to reconstruct the 
sound of a fuller musical passage, for which we 
used, as the digital driving signal for the 
convolution, a computer simulation of the motion 
of a bowed string, produced by a program that 
Rene Causse used in his thesis wOIk on the digital 
bow (Causse, 1992), and loosely based on the 
methods of McIntyre, Schumacher, and 
Woodhouse (1983). We chose an Allegro passage 
in sixteenth-note broken thirds which begins 00. 

the open G-string and rises two and a half octaves 
before descending again; we shall return in a 
minute to the question of whether this, or a slow 
passage, would be more infonnative. The next 
three sound examples [SE 10,11,12] correspond, 
respectively, to the same three violins. Again, the 
bass deficiency of the quarter-size instrument is 
obvious, but it is also obvious that the Villaume 
has a decidedly better overall balance. As an 
amusing comparison, we also present the same 
passage played on our hypothetical violin which 
has only a Helmholtz mode [SE 13]. 

The highly distracting high-frequency 
deficiency of all these examples is, as we noted, 
forced by the absence of high-frequency data in 
the old measurements, a situation that cannot be 
corrected post facto. Nonetheless, it seemed 
interesting to try to supplement the measured data 
with an invented high-frequency response, not, of 
course, with any view of drawing valid 
conclusions about the particular violins, but to 
remove the distraction in listening to the 
reconstructed sounds. Accordingly, we built a 
fictitious ''high-frequency-only violin" which has 
20 nonnal modes in the range from 1.5 to 4.5 
kHz, spaced approximately evenly but with 
considerable random variations. Their coefficients 
in the radiativity, too, were randomly chosen 
within some reasonable range, as were their 
individual Q's. The next two examples [SE 14, 
15] are, respectively, the sound of this fictitious 
violin being tapped, and its sound when the same 
musical passage is played on it. Finally [SE 16], 
its fictitious high-frequency sound is 
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superimposed on the sound previously 
reconstituted from VILSIO. The result is not, of 
course, pure VILSlO any longer, but it does 
present a much more realistic violin sound than 
did either one alone. 

We mentioned previously the problem involved 
in deciding what type of musical passage to 
choose for our simulation. The opinion is often 
expressed that in order to make an accurate 
judgment of a violin it is much better to play a 
slow scale, so that each note can be adequately 
perceived rather than be drowned in an exhibition 
of virtuosity. The reason why this approach, 
though it may be true with an actual violin, is 
problematic with a reconstituted one, is illustrated 
in the last sound example [SE 17], which gives the 
sound of VILSI0 (without, of course, the 
fictitious treble) when a fairly slow scale is played 
from open G up two and a half octaves to high D 
(D6) and back down again. The perhaps rather 
startling absence of vibrato (which could, of 
course be corrected but not without again 
introd~cing a fictitious element) will, I think, not 
be nearly as troublesome to the skilled listener as 
will the radical changes in level from note to note; 
we bring this out in the final sound example [SE 
18], which simply repeats the five highest notes of 
the scale (that is, the sequence GS-AS-BS-C6-D6-
C6-BS-AS-GS), showing how very much louder 
the C6 is than either of its neighboring notes. 
This variation is quite real, as Fig. 4, which shows 
the radiativity of VILSlO with the corresponding 
frequency range enlarged, makes very clear; on 
the other hand, since a human 
violinist is continually adjusting the playing 
parameters according to the soun~ that ~manates, 
such a variation would be automaucally, msta~ltly, 
and unconsciously compensated for by a skilled 
player. From this point of view, the fast passage 
in thirds was chosen by us as perhaps more 
informative, since it moves much too rapidly. f~r 
such corrections to be made. Incidentally, 1t 1S 
interesting to note the decided "click" at the end of 
SE 18, which comes from its being excised out of 
a longer sequence, so that neither the computer 
simulation of the string motion nor the 
convolution with the Green's function is physically 
correct. 

The sharp and closely spaced radiativity 
maxima and minima are, in my opinion, one of the 
most characteristic aspects of the violin tone. 
They do not, however (except at the lowest 
frequencies) represent overall power maxima and 
minima as much as radical variations in the 
directional pattern of radiation; such an effect is 
entirely to be expected when one considers the 
contribution of many modes which have nodal 
lines in the pattern of motion of the violin body. 
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Figure 4: The section of the radiativity of 
violin VIL510 near 1000 Hz is enlarged to 
show the strong and rapid variation with 
frequency; the notes B5, C6, and D6 (just 
above the treble staff) are marked. This 
variation in level is clearly audible in the 
reconstructed sound. 

The perceived effect (except, of course, in the 
entirely unrealistic situation of an anechoic 
chamber) is that the various wall reflections make 
the violin sound come from a direction that varies· 
erratically from semitone to semitone, a situation 
to which I refer as "directional tone color." In my 
opinion, directional tone color is the reason why it 
is so difficult to produce a realistic violin sound 
when the source is a loudspeaker, unlike, for 
example, the case of a brass instrument, whose 
own directional radiation pattern varies with 
frequency in a regular and continuous manner, 
just as a loudspeaker does. 

Work proposed for the future 
The radiativity data which we used to illustrate 
the reconstitution of violin sounds is ten years old, 
and was taken with a computer for which a 
sample time of 122 microseconds was equivalent 
to working at full speed; that is the reason why we 
were not able to obtain actual data above about 3 
kHz. Dearly, that is no longer a problem today; a 
sampling rate twice (or, for that matter, four 
times) as large would no longer be a problem. 
Accordingly, an immediately worthwhile project is 
to set the radiativity measurement up again and 
again collect data on a number of violins of 
differing quality and personality. 
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As regards the convolution that is required to 
tum a measured radiativity (which has already 
been converted to a Green's function) into the 
sound of the corresponding instrument, my 
80486-based computer worldng at 33 MHz still 
takes a few hundred seconds to compute one 
second's worth of sound (using a sampling rate of 
16384 Hz, and a Green's function length of one 
second). This computation is done by a straight 
sequence of multiplications and additions; it can 
be speeded up considerably by clever use of direct 
and inverse FFfs (Smith 1993), but the resulting 
delay between the start of the computation and the 
time that the first results appear would make it 
useless as a real-time application. 

If the computing speed could be improved to 
the point of real time, it would allow a player 
bowing a "mute violin" to hear simultaneously the 
sound that would be produced had he been bowing 
the actual violin in question. This would not only 
be extremely useful from the point of view of 
analyzing and comparing the sound of various 
instruments, it would also make possible the 
"doctoring" of the radiativity to see what changes 
produce results that appear desirable; it would 
then be a reasonable challenge for the physicist 
worldng with the violin maker to find ways of 
modifying the physical structure so as to produce 
the desired radiativity characteristic and, hence, a 
better violin. 

Fortunately, the speed of available computer 
hardware continues to increase precipitously; in 
fact, it appears that, even now, a specially 
designed unit built around a number of DSP chips 
operating in parallel, and exchanging information 
at a slower but sufficient rate with the bus of a 
hosting computer, may be able to accomplish this 
aim. 

Final meditation 
The history of violin research up until now, 
insofar as it addressed the question of violin 
quality, has always defined "quality" in terms of 
some existing sample m perhaps some of the old 
Stradivarius instruments m which were taken as 
the epitome of what every violin maker would like 
to produce. By thus defining one's aim in terms of 
imitation, one has automatically set an upper limit 
to one's success, in the sense that "a violin better 
than a Stradivarius" becomes not merely a very 
distant goal but a contradiction in terms. It seems 
to me that we urgently need a research effort 
directed, not toward imitation, but toward finding 
out what it is that a Stradivarius does so well; this 
would allow a definition of quality based not on 
imitation but upon physical function. To put it 
simply, if we know what it is that a Stradivarius 
does so well, we have at least the theoretical 
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possibility of building an instrument that does it 
better still. 
I would also imagine that such an understanding -
which our experiments are designed to seek -
would open up completely new paths in methods 
of violin design and construction. By analogy, we 
know that Stradivarius used candles to light his 
workshop; yet we do not spend our effort today in 
searching for a synthetic substitute for beeswax, 
because we know that if it is light that we want, 
then there are better ways of getting it. It's true 
that the result of good engineering based on good 
understanding might be a violin that doesn't look 
like one, and having it accepted by musicians 
might present a problem, but it is a problem which 
we will face in good time, when it arises; as for 
those of my colleagues who object that "if you 
build something much better than a Stradivarius it 
will no longer be a violin," I would like to 
reassure them that my plan is to build something 
which is better by only a teeny little bit 

References 
Causse, R (1992) "Mise au point des archets 

numeriques; utilisation pour l'etude de la corde 
frattee, " These d'etat es sciences physiques, 
Universite, du Maine. 

Diinnwald H (1991) "Deduction of objective quality 
parameters on old and new violins," CAS Journal 
1,1-5. 

Hutchins C M (1989) "A measurable controlling 
factor in the tone and playing qualities of violins," 
CAS Journal 1, 10-15. 

Hutchins C M and Rodgers 0 E (1992) "Methods of 
changing the frequency spacing (delta) between 
the Al and Bl modes of the violin," CAS Journal 
2, 13-18. 

McIntyre M E, Schumacher R T, and Woodhouse J 
(1983) "On the oscillations of musical 
instruments", Journal of the Acoustical Society of 
America 74,1325-1345. 

Smith J (1993) Private communication. I am grateful 
to Dr. Smith for pointing this out to me. 

Weinreich G (1983) "Violin radiativity: concepts and 
measurements," Proceedings of SMAC83, 2, 99-
109. 

Weinreich G (1985) "Sound hole sum rule and the 
dipole moment of the violin," Journal of the 
Acoustical Society of America, 77, 710-718. 



A set of test violins for player-rating experiments 
JWoodhouse 

Abstract 
Using a grant from the Royal Society of London, a set of six violins has been commissioned from the violin 
maker David Rubio. They are made from carefully matched materials, and differ only in the minor ways 
necessary to achieve a variety of different tunings to the free-plate modes. Tests have been carried out on samples 
of the wood used, on components during construction, and on the completed instruments. Results are shown 
revealing the range of behaviour in carefully matched wood. Also, the set contains one "matched pair", in which 
free-plate tuning was used to make the components as similar as possible. Frequency responses reveal that this 
was achieved to a remarkable degree, beyond the range of the free-plate modes explicitly matched. The set of 
instruments will shortly being used in a series of tests involving rating by players on the basis of various aspects 
of their playing properties. 

It is generally assumed, often without thought, 
that the defining characteristics of an excellent 
violin must all be framed in terms of the sound of 
the instrument as perceived by a listener. 
Judgements by listeners of the quality of violins 
are not, however, a good source of reliable data 
for the scientist trying to investigate the physical 
correlates of perceived quality. But for the player 
of the instrument, not all criteria of quality rely 
directly on sound: also important are various 
aspects of "playability", which influence the 
impression that one instrument is easier to play 
than another. At least from informal observation, 
it seems that players are much more definite and 
consistent in such judgements than are listeners. 
Also, such behaviour seems intrinsically closer to 
the physicist's domain, depending as it does on the 
response of the string to a given bowing gesture 
and in particular on how that response is modified 
by the behaviour of the instrument body. So it 
may be hoped that data derived from players' 
judgements may be much more useful to the 
physicist than data from listening tests. 

To perform a psychophysical experiment, one 
requires a set of test instruments with different 
behaviour. To obtain unbiassed responses from 
players, these should all be of similar appearance, 
weight, and feel under the hand. That way, 
aesthetic or ergonomic considerations will not 
play a large role. Such a set of instruments needs 
to be specially made for the purpose, since it is 
not possible to assemble a collection of disparate 
but superficially similar instruments to meet this 
criterion. To this end, a set of six violins has been 
made in Cambridge by the distinguished maker 
David J Rubio, financed in part by a grant from 
the Royal Society of London, and in part by the 

generosity of David Rubio in loaning some 
instruments for the duration of the experiment 

The instruments were made from carefully 
matched wood, the six fronts and six backs all 
being selected as adjacent pieces from the same 
log. (The instruments have one-piece backs and 
fronts.) All were made on the same moulds, and 
the instruments differ only in details of the plate 
tuning. The varnishing is by Rubio's standard 
method, involving a mineral ground and, 
sandwiched between coats of clear oil varnish, 
colour glaze layers applied with the fingers. The 
specifications of the six instruments represent 
"theme and variations" on the well-known ideas of 
Hutchins. There is one bi-tri octave instrument, 
there are instruments with various partial 
alignments of frequencies, and there is one with no 
special alignments at all. Two the instruments 
were made together and matched as closely as 
possible. Most of the specifications were achieved 
by thicknessing adjustments, invisible from the 
outside, but some small variations in the arching 
model were also necessary. To the trained eye of 
the instrument maker the instruments can be 
distinguished. of course, but the impression gained 
by non-experts (such as players) is of a striking 
uniformity of look and feel. 

Physical measurements have been taken on the 
instruments during construction, and when 
complete. This paper presents some results of 
these. Systematic psychophysical tests on the set 
are planned, but have not yet been carried out 
The first results concern the wood used for the 
construction. Beam specimens were prepared from 
the off cuts of all backs and fronts, and standard 
tests of long-grain and cross-grain stiffness 
carried out on these using free-free vibration 
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frequencies. The results are of interest both for the 
behaviour of the test set of instruments, and as a 
measure of variability among samples of wood 
which have been as carefully matched as can 
reasonably be achieved. The table shows the range 
of values measured for stiffnesses and density. 

Density (kg/m3
) 

Young's modulus (long-grain) (GPa) 
Young's modulus (cross-grain) (GPa) 

These values are all in the range expected from 
previously-published measurements. The only 
unexpectedly large variation, perhaps, is in 
Young's modulus across the grain for the spruce 
samples. Visual examination of the samples 
revealed the source of this variation: it correlates 
strongly with the angle of the annual rings across 
the samples near their centres. A strong sensitivity 
of modulus to ring angle has been reported before, 
and is expected from orthotropic elasticity theory 
(McIntyre and Woodhouse 1988). The stiffness 
measurements derive from bending of the beam 
samples in the lowest mode, in which most of the 
deformation occurs near the centre, so that this 
region influences the results most strongly. Quite 
small growth anomalies in the ring angle produce 
the observed spread of stiffness by nearly a factor 
of two. 

The other measurements which have been 
made are of vibrational behaviour of the free 
plates before assembly, and of the complete 
instrument bodies. Of these, the most interesting 
for this preliminary report concern the "matched 
pair" of violins. It is of obvious interest to know 
how closely the vibrational behaviour is matched, 
when all that has been deliberately controlled are 
the frequencies of the "plate-tuning modes" of the 
free plates, principally modes two and five. These 
data shed interesting light on the use of Chladni
pattern plate tuning as a violin-makers quality 
control procedure, quite independent of just what 
the maker chooses to do with the plate 
frequencies. 

Figure 1 shows frequency responses of the 
back plates of the matched pair, and of one other 
from the set for comparison. The measurements 
were obtained by suspending each plate from 
rubber bands at its comers, attaching a small 
accelerometer to the gluing platform at the widest 
point of the lower bout, and tapping the plate at 
the same point. This choice of driving and 
observing point was made with the object of 
avoiding nodal regions of any of the low modes of 
the free plate, so that all frequencies would 
register on the response curves. Figure 2 shows 
the corresponding set of measurements of the front 
plates of the same three violins. 
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Spruce 
440+30 

10.9-13.7 
0.64-1.05 

o 200 400 

Maple 
660+50 

10.2-13.9 
1.81-2.14 

600 800 1000 1200 
Frequency /Hz 

Figure 1: Frequency response curves of free 
back plates: dotted and dashed curves are 
from the matched pair, solid curve from 
another of the set. The vertical axis is 
logarithmic, with ticks at lOdE intervals. 

o 200 400 600 800 1000 1200 
Frequency/Hz 

Figure 2: Corresponding frequency response 
curves of free front plates of the same three 
instmments. 



It is clear that the "matching" of behaviour 
extends well beyond the modes whose frequencies 
were deliberately controlled. In both cases the 
matched pair show very similar cUlves, while the 
third plate shows quite different behaviour 
(although, of course, with roughly the same modal 
density). This is very encouraging for the use of 
plate tuning for quality control. For the matched 
back plates, the first seven modes have 
frequencies agreeing within 5 Hz. The maximum 
deviation in the first 12 modes is 10 Hz. Given the 
sensitivity of the higher modes to small 
perturbations in the structure this is a remarlcable 
degree of correspondence and a tribute to the skill 
of the violin maker. A similar picture is found 
from the front plates, with agreement to the same 
degree of accuracy. 

A possible rationale for the success of 
matching using only modes 2 and 5 is as follows. 
Motion of any shell structure, such as a violin 
plate, involves both bending and stretching 
motion. In a flat plate these are uncoupled, but in 
a curved shell they are coupled together. To match 
vibrational behaviour, it is necessary to match 
both bending and stretching behaviour. Nearly all 
free-plate modes are dominated by bending alone. 
The well-known holographic studies of free plates 
show that most of the low-frequency modes 
involve strong motion around the plate edges, and 
relatively little in the central region. These modes 
are all virtually inextensional (Rayleigh 1945, Art. 
235), and their frequencies and modes shapes are 
therefore governed by bending behaviour alone. 

Mode 5 is an exception to this--it is the only 
one of the low free-plate modes to be strongly 
influenced by stretching. This can be deduced 
from old experiments on flat violinshaped plates 
(Hutchins 1981), which show that modes 
corresponding to numbers 2 and 5 in an arched 
plate have almost identical frequencies. It is well 
known that in an arched plate, these two modes 
fall approximately an octave apart. So as the 
arching is "pumped up" from the flat condition, 
mode 2 is almost unaffected, while the ring mode 
has its frequency doubled to become mode 5. This 
means that roughly three-quarters of its strain 
energy (in the arched condition) is associated with 
stretching motion rather than bending motion. 
Mode 5 thus makes a barometer of stretching 
behaviour. (This explains why mode 5 is so much 
easier to "ring out" by tapping the plate while 
holding it in the fingers, as violin makers regularly 
do. Stretching motion presents a much higher 
impedance, so that this mode is not so strongly 
affected by contact with the holding fingers. Thus 
it is less critical to hold exactly on the nodal lire 
to hear this mode frequency, whereas the other, 
bendingdominated, modes require rather careful 
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selection of the holding point) 
Measurements have also been carried out on 

the complete instruments. Input admittance was 
measured in the bowing plane on the G-string 
comer of the bridge with the strings damped. This 
input admittance is the quantity which enters 
theories of the action of the bowed string, and to a 
first approximation it should encapsulate all 
aspects of body behaviour which influence 
"playability". Also measured was the transfer 
response from step driving (using a breaking wire) 
in the bowing plane at the G-string notch to 
internal air behaviour observed with a small 
microphone inserted into the lower bout through 
one thole. 1bis latter measurement captures all 
aspects of internal air behaviour which can be 
excited by notmal transverse motion of the G 
string in the bowing plane. Since the other string 
notches are quite close together and the top 
section of the bridge behaves as a rigid body up to 
quite high frequencies, this should also apply to 
driving by transverse vibration of the other strings 
as well. The importance of the dynamics of the 
internal air has been highlighted by Hutchins 
(1989). 

The aim of future tests using these instruments 
is to relate these physical measurements to player 
jUdgements, using bowed-string theory. Some 
specific quantities which may be expected to 
correlate with particular player judgements have 
recently been described (Woodhouse 1993a,b), 
and these will provide the first target for tests. The 
simplest of these is the note-by-note variation in 
the Schelleng minimum bow force. More 
complicated predictions involve the use of 
systematic computer simulation (Woodhouse 
1993b), and an extensive study of this nature is 
under way and is reported elsewhere in this 
volume. 
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Model-based analysis/synthesis of the acoustic 
guitar 

M Karjaiainen & V V iilimiiki 

Abstract 
Physical modeling has become an increasingly important method for studying musical instruments. This 
approach is also leading to practical results in high-quality sound synthesis. In this paper we discuss some 
fundamental aspects of physically based modeling that combines analysis and synthesis by digital signal 
processing. It is shown that by proper abstractions of the physical reality, by concentrating on what is important 
from the auditory point of view, and by using modem signal processing tools it is possible to achieve high-quality 
real-time synthesis. The technique is applied to the analysis and synthesis of the acoustic guitar, but the general 
principles work also for other plucked string instruments. 

Introduction 
Our approach to physical modeling of musical 
instruments has three major aspects: 1) physical 
knowledge on the sound production mechanism 
of the instrument, 2) importance of the properties 
of the human auditory system, and 3) application 
of modern signal processing techniques. 

The perceptual properties of the human audi
tory system are important, since the synthetic 
tones produced by a physical model should sound 
similar to some real instrument, and thus the 
perceptually most relevant features should be 
present. The understanding of the auditory sys
tem can help simplifying the model. Namely, 
certain properties of sounds (e.g. the phases of 
harmonics) can not easily be perceived and can 
thus be neglected in the model. 

Individual sounds of plucked string instru
ments are essentially characterized by a finite 
number of nearly harmonic partials that decay 
exponentially through time. The very beginning 
of a tone, i.e., the attack, is known to be percep
tually a most important feature with respect to 
recognition of the instrument. It is clear that these 
considerations should be taken into account in a 
sound synthesis model. 

In this paper we introduce a physically based 
analysis/synthesis model for the acoustic guitar 
and other plucked string instruments. We show 
that a digital waveguide model (Smith, 1992) 
with properly chosen input signal and carefully 
estimated parameters fulfills the above expecta
tions, i.e., the model can produce synthetic sig
nals with the attack identical to that of an original 

sound and gives a freedom of adjusting the 
exponential decay rate of harmonics. Yet the 
waveguide synthesis model is computationally 
very efficient. 

The emphasis in our work is on the DSP tech
niques that can be applied to the analysis and 
synthesis of musical tones. The main goal is to 
design a high-quality sound synthesis method 
that can be implemented in real-time using a 
modern signal processor. 

Synthesis model for a plucked string 
The physical model for a string is based on the 
general solution to the wave equation of a vibrat
ing string. This solution is composed of two 
independent waves traveling in opposite direc
tions. The derivation of the digital waveguide 
model for a vibrating string or other one-dimen
sional resonator has been discussed by Smith 
(1990, 1992). 

Each string of a guitar can be modeled with a 
system depicted in Fig. 1 that we call a general
ized Karplus-Strong (KS) model (Karjalainen & 
aI., 1993b) which is a further development of the 
model described by Jaffe and Smith (1983). The 
improvements over the original KS model 
(Karplus & Strong, 1983) are that a more flexible 
loop filter Hz(z) and a continuously adjustable 
delay line with real-valued length L are used. In 
our implementation, the length of the delay line 
is tuned using Lagrange interpolation 
(Karjalainen and Laine, 1991). A plucking
position equalizer of Fig. la can be used for 
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generating a brightness control as a function of 
the pluck point. 

h--__ yen) 

Fig. 1. The generalized Karplus-Strong model 
consists of a cascade of a) a plucking-point comb 
filter and b) a waveguide string model. 

The two polarizations of vibration in a string 
can be obtained by using two KS models for each 
string (Karjalainen & al., 1992a). The weighted 
sum of their outputs forms the output of the 
string. The loop filters Hl.1 (z) and Hz, 2 (z) and 
the delay line lengths ~ and ~ can be different 
for the vertical and horizontal polarizations. This 
method makes it possible to control the fre
quency and amplitude of beats in the synthetic 
sounds. The output of each string model can be 
summed to the other string models (weighted by 
a small constant) to obtain sympathetic vibrations 
(Jaffe & Smith, 1983; Karjalainen & al., 1993b). 

Modeling of the body 
The sound of a plucked string instrument radiates 
through the body which amplifies the sound but 
also affects the tone color. The body of an 
acoustic guitar can be interpreted as a high-order 
linear filter. The overall spectral envelope of its 
response is quite flat, but there is a large number 
of resonances. The most prominent of them 
correspond to the Helmholtz resonance (around 
100 Hz) and the lowest mode of the top plate of 
the body (around 200 Hz). A good approximation 
to the transfer function from the bridge to the 
listener can be measured by exciting the bridge 
with a mechanical impulse and by recording the 
radiated sound. 

In an earlier study we have tried to approxi
mate the impulse response of the body using 
digital filters (Karjalainen & al., 1991). The 
conclusion was that an FIR or an IIR filter would 
have to be of very high order (from 500 to 1000) 
to yield satisfying approximation. For real-time 
synthesis on a commercial signal processor these 
filters are computationally too expensive. 

It is possible to overcome the modeling of the 
body by reordering the subsystems of the guitar. 
The acoustic guitar can be described as a signal 
processing system of Fig. 2a, where the output is 
a convolution between the excitation signal e(n), 
i.e., the impulse response of the excitation filter 
and impulse responses sen) and ben), which 

correspond to the model of the string and the 
body, respectively . The output signal yen) can 
thus be expressed as 

yen) = e(n)*s(n)*b(n) (1) 

where * denotes the linear convolution operation. 
Fundamental properties of linear operators, like 
associativity and commutativity, are valid for 
convolution, and thus Eq. (1) can also be written 
as 

yen) = x(n)*s(n) (2) 

where we have defined 

x (n) = e(n)*b(n) (3) 

Thus, it is possible to swap the system functions 
of the string and the body and, in addition, they 
can be combined together. The corresponding 
simplified block diagram of the guitar model is 
illustrated in Fig. 2b. 

The signal x(n) combining the excitation and 
the body response can be estimated by precom
puting it based on some model, by measuring it, 
or by inverse filtering a guitar sound by the 
inverted transfer function of the string model as 
discussed below. The combination of the excita
tion signal and the impulse response of the body 
is motivated by the fact that then the body need 
not be modeled during the actual synthesis. This 
makes it possible to synthesize high-quality gui
tar sounds in real time on a modem signal pro
cessor. 
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Model parameter estimation 
In order to automatically calibrate the generalized 
KS model, the values of following parameters 
have to be estimated (see Fig. 1): 
1) the length L of the delay line, 
2) the coefficients of the loop filter HI(z), 
3) the delay line length M of the plucking-point 
equalizer, and 
4) the input signal x(n). 

The first subproblem is the easiest one and 
only requires the estimation of the fundamental 
frequency of the signal, e.g., by searching for the 
maximum of the autocorrelation function. The 
length L can then be computed as 

(4) 

where f s is the sampling rate and fo the funda
mental frequency of the guitar tone. 



a) Unit Impulse Excitation String Body Output 

O(n) .1 E(z) 1 e(n) .1 S(z) 1 ~I B(Z)] • yen) 

b) Body Response Excitation String Output 

ben) .1 E(z) 1 x(n) ~I S(z) 1 • yen) 

Figure 2: a) Acoustic guitar described as a linear signal processing system. b) Block diagram 
of a modified guitar model which is equivalent to a). 

The loop filter 
After considering several filters we became 
convinced that a leaky digital integrator is best 
suited for the loop filter, since it is computa
tionally economical but is still able to match the 
required frequency response in a satisfying man
ner. It can be expressed as 

yen) = g(1- a)u(n) + ay(n -1) (5) 

where 0 ~ a < 1, because a lowpass filter is called 
for, and u(n) and yen) are the input and the output 
signal, respectively. The coefficient g is the gain 
of the loop filter at 0 Hz and a determines the 
cutoff frequency of the lowpass filter. This filter 
structure has only two degrees of freedom 
implying that not any desirable spectra can be 
attained. Thus, the calibration of the loop fil ter is 
an optimization problem. 

Estimation of the loop ftIter 
The method used for the estimation of the loop 
filter coefficients is following (Karjalainen & aI., 
1993b): 
1) Compute the short-time Fourier transform 
(STFT) of the plucked string signal; 
2) Track the harmonics and form a time-varying 
envelope curve for each of them; 
3) Fit straight lines to the envelopes on a loga
rithmic (dB) scale; 
4) Determine the required loop gain at the fre
quencies of harmonics; 
5) Optimize the loop filter coefficients g and a 
based on, e.g., a least-squares criterion. 

The STFT is computed using the FFT algo
rithm. The spectral resolution can be improved 
by zero-padding. In the STFT analysis, we use 
the Hamming window with 50% overlap with 
successive windows. The length of the window is 
four times the wavelength of the signal. 

In Step 2, the amplitude of the partials can be 
measured by searching for the local maximum of 
the magnitude spectrum between two local 
minima around the assumed frequency of a har
monic. The estimate can be fine-tuned by 
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parabolic interpolation (Serra, 1989). 
The collections of maxima for each partial 

f?rm the envelo~e curves to which the straight 
hnes should be fItted on a logarithmic scale. The 
fit should start at the maximum of the curve and 
be terminated after some 200-500 ms or when the 
level of the envelope curve approaches the 
background noise. 

In Step 4, the loop gain g at the harmonic fre
quencies is computed as 

f3kL 

gUk) = 1020H for k = 1, 2, .. . , K (6) 

where i k are the frequencies of the harmonics, 
13k the slopes of the envelopes, H the hop size 
used in the STFT analysis, and K the number of 
the detected harmonics. The parameter L is 
determined according to Eq. (4). 

The error criterion in designing the loop filter 
should be such that the approximation error at 
low frequencies becomes smallest. It is possible 
to get good match by using a weighting function 
that is inversely proportional to [1- gUk )]2. 

Estimation of the input signal 
The input SIgnal x(n) to the synthesis model can 
be obtained by solving the inverse filter, which is 
the transpose of the string model, and filtering a 
guitar sound using it. As an output of this filter
ing a residual signal results. Its beginning is 
identical with that of the original guitar tone, but 
the harmonics have been attenuated considerably. 
A sequence of about 100 ms from the beginning 
of the residual can be truncated by a one-sided 
window and used as an input signal to the 
synthesis model. Extraction of the input signal 
for the KS model using inverse filtering has also 
been proposed by Laroche and Jot (1992) and 
Laroche and Meillier (1994). 

It is also possible to use a truncated residual 
with the loop filter estimated from another guitar 
tone. With this kind of cross synthesis very real
istic sounds can be produced although they do 
not exactly correspond to any real guitar sound. 
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Example of analysis and synthesis of a 
guitar sound 
The magnitude of a short-time spectrum of a 
guitar sound and the estimated locations of the 
harmonic peaks are shown in Fig. 3a. The time
varying envelopes of the harmonics extracted 
from the contiguous short-time spectra are illus
trated in Fig. 3b. Note that in this case the har
monics decay exponentially, since the curves are 
quite linear on the dB scale. 

The magnitude response for the loop filter can 
be computed from the slopes of the envelope 
curves. The circles in Fig. 4a show the estimated 
loop gain at the frequencies of the harmonics. 
The solid line is the magnitude response of the 
loop filter matched to the measured values . In 
this example the values of the filter parameters 
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are g = 0.995 and a = -D.0469. 
We have analyzed the signals synthesized by 

the string model using STFT. Figure 4b shows 
the envelopes of harmonics of a tone that was 
synthesized using the loop filter of Fig. 4a. These 
envelopes can be compared with those in Fig. 3b. 
It is seen that during the first 100 ms there are not 
any remarkable differences, but later the 
harmonics of the synthetic signal decay strictly 
exponentially. The fifth partial of the synthetic 
signal (see Fig. 4b) is seen to have larger time 
constant than the original (see Fig. 3b). The rea
son for this is that the loop filter over-estimates 
its gain to better match the gains of the lower 
harmonics (see Fig. 4a). The signals correspond
ing to Figs. 3b and 4b, however, sound very simi
lar. 



Discussion 
Above we presented an example of a well-behav
ing guitar tone. More complicated situations are 
those where the effective length of the string is 
considerably different for the horizontal and ver
tical mode causing beats to the sound. The after
sound phenomenon (Weinreich, 1977) is also 
present in many guitar sounds. Although the syn
thesis model can in principle produce these 
effects, our current analysis technique does not 
take them into account. Also, any minor nonlin
earities that appear in real strings have not been 
modeled. 

When analyzing guitar tones, we noticed that 
often some of the partials have remarkably faster 
decay than other partials. An example of this is 
the fifth partial in Figs. 3b and 4a. The reason for 
this behaviour is the complicated admittance of 
the bridge of the guitar. To model features like 
this, a very high-order loop filter should be used 
in the string model. This would increase the 
computational burden and make real-time syn
thesis with a signal processor impossible. Fortu
nately, the hearing is not very sensitive to 
changes in the time constant of individual par
tials . 

The proposed analysis/synthesis method for 
plucked string sounds is aimed at high-quality 
music synthesis, but there are other useful appli
cations for it. For example, it is possible to char
acterize the sound quality of a guitar or other 
plucked string instrument by a set of loop gain 
coefficients or even with only two loop filter 
coefficients g and a. Our technique also enables 
analysis-by-synthesis studies of musical sounds 
and can thus help in understanding what acoustic 
features make some musical instruments sound 
better than the others. 
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Measurements and modeling of the admittance 
matrix at the bridge in guitars 
C Lambourg & A Chaigne 

Abstract 
The 2-D admittance matrix at the bridge of a guitar is derived from measurements of the bridge mobility, both 
perpendicular and parallel to the top plate. Using high-resolution parametric methods, a mathematical model of 
this matrix is obtained, where the impulse response for each term is represented by a sum of damped sinusoids. A 
time-domain modeling of a guitar string is then derived, where string and bridge motions are viewed as vectors 
with two components. These two components are coupled by means of the cross-terms of the matrix. The 
numerical model yields realistic simulations of guitar tones. It is shown, in particular, to what extent the tone 
envelopes are influenced by the coupling at the bridge. 

Notations 
(l 

y(x,t), z(x,t) 
L 
Ai 
°i 
<Pi 

Angle of release 
String polarizations 
String length 
Amplitude 
Damping factor 
Phase 

1. Introduction 
In the standard use of a classical guitar, the fmger 
of the player is directly in contact with the string. 
Thus, the player can vary a number of plucking 
parameters (position, force, angle of release) in 
order to control the quality of the tone (Jansson, 
1983). Guitarists know well that altering the angle 
of release (see Fig. 1) results in strong 
modifications of the temporal evolution of the 
sound. Plucking the string perpendicular to the top 
plate (in the OY direction) usually produces a 
strong tone which dies out relatively quickly, 
whereas a parallel pluck (in the OZ direction) 
produces a softer sound with a longer decay 
(Richardson, 1988). In order to get a better 
understanding of these phenomena of great 
significance for the guitar player, it is necessary to 
investigate how the vibrational forces from the 
string are transformed into top plate vibrations 
through the bridge, since it is the motion of the top 
plate, and not the motion ot the string itself, that 
creates the sound. 

From the point of view of the physicist dealing 
with stringed instruments, both string and bridge 

motion can be decomposed into three 
components : one longitudinal, one perpendicular 
and one parallel to the top plate. For guitars, 
experiments show that the longitudinal motion is 
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Fo 
Xo 
Fy,Fz 
Vy, Vz 
Ii 
Yij 

Plucking force 
Plucking position 
Force at the bridge 
Bridge velocity 
Frequency 
Matrix tem 

Figure 1: Typical plucking situation in guitar 
playing 

usually smaller than the other two components, 
and thus this motion will be neglected throughout 
this work. The relative strength of the y- and z
component depends on the angle of release by the 
player's finger. The motions of strings and top 
plate are coupled at the bridge. A measure of the 
transformation from string force to bridge velocity 
can be given by the so-called "input admittance" 
(Moral et al., 1982). Assuming two components 
for both force and velocity will then lead to the 
definition of an 2-D admittance matrix at the 
bridge. The two components are coupled by the 
cross-terms of the matrix. 



-1/Y12 xo 

l/(Yll + Y12) 

Fa cosa Fy Fz Fo sina 

1/(Y22 + Y12) 

x=o x =xo x= L x= L x =XQ x=o 

Figure 2: Two string polarizations coupled 
by an admittance matrix. 

In a previous work by the first author, 
attempts were made to simulate guitar tones using 
numerical methods in the time domain (Chaigne, 
1992)_ In this latter work, only the vertical motion 
of string and bridge was considered. One goal 
here is to improve the existing model by taking the 
two polarizations of string and bridge into 
account. Therefore, the first step of the work, 
presented in Section 3, is to measure the four 
terms of the admittance matrix at the bridge of a 
guitar. The purpose of Section 4 is to show how 
high-resolution parametric methods can be used 
for modeling the impulse response of each term 
(Laroche, 1993). With the help of this model, it 
becomes possible to compute string and bridge 
waveforms, in order to investigate the influence of 
the input admittance on the degree of coupling 
between the two polarizations. Time domain 
simulations of bridge displacement and velocity 
are conducted, for different values of the angle of 
release. 

2. Theoretical background 
The underlying physical model for the present 
investigation is shown in Fig. 2. This model is 
assumed to be linear. The two polarizations of the 
string are represented by transmission lines of 
length L . These two polarizations are coupled at 
one end (x = L) by a two-port network, which 
represents the bridge. The admittance matrix at 
the bridge is written : 

(2.1) 

6th 
t'fY 

1st 

E A D G B E 

YL 
/1 t'fY 

z 

Fy 6th 1st 

A D G B E 

Figure 3: Guitar admittance measurements 
through impulse excitation. 

Due to the reciprocity theorem, in the case of 
linearity, one has in addition : 
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(2.2) 

One can see in Fig. 2, that if the cross-tenn Y 12 
of the matrix is equal to zero, then the two 
polarizations are separated. In this case, the 
temporal evolution of each component ooly 
depends on its initial state, and there is no energy 
exchange between the two components. It is 
assumed further that the other end of the string (at 
the neck, or at the fret) is fixed, so that the 
velocity of both components is equal to zero, for x 
= O. These boundary conditions are represented 
by open circuits in Fig. 2. With the help of this 
model, it becomes possible to compute both 
components of forces and velocities at any point 
on the string, once the plucking parameters (Fo, 
a., xo) are given. Our simulation program is 
based on a time-domain fonnulation of the 
transmission lines and of the admittance tenns, by 
means of finite difference methods. 

3. Measurements and results 
Fig. 3 shows the principles of the experimental 
set-up. For the sake of clarity, the accelerometers 
are drawn on the right side of the figure. In 
practice, acceleration transducers are mounted as 
close as possible to the point of impact. The force 
impulse is imparted by a light impact hammer 
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Figure 4: Velocity (left) and force (right) 
waveforms 

B&K 8203 acting as a pendulum. The initial force 
is measured by a force transducer built in the 
hammer. Its magnitude depends on the angle of 
release of the pendulum. The apparatus ensures 
good reproducibility of the impacts. The velocity 
signals are obtained through integration of the 
signals delivered by the accelerometers. Example 
of waveforms for both velocity and force can be 
seen in Fig. 4, which represents the first 40 ms of 
the signals, at a sampling frequency of 48 kHz. 
Standard FFT procedures applied to these signals 
yield the admittance term in the frequency 
domain : 

(3.1) 

Fig. 5 shows an example of magnitude frequency 
response for three terms of the matrix Y 11 
(solid), Y12 (dashed), and Y22 (dotted), between 
o and 10kHz. These terms are measured on a 
medium quality guitar (Picado 1991, N°53) . As 
expected, Y 11, is the term of highest magnitude, 

showing that the bridge mobility is more 
pronounced in the vertical direction than in the 
horizontal one. The two other terms are of 
comparable magnitude, at about -20 dB below 
Yll . However, in some regions, between 0.5 and 
1 kHz, and between 2.5 and 4 kHz, for example, 
all three terms can be of comparable magnitude. 
As a consequence, the coupling should be more 
effective in these frequency domains. Other 
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Figure 5: Frequency response for the 3 terms 
of the admittance matrix. 

measurements were performed on a high-quality 
guitar (Pappalardo 1981, N° 23) showing that 
both Y12 and Y22 could be of significantly 
higher magnitude than Y 11 for frequencies above 
2kHz. 

Several procedures were used, in order to check 
the reliability of the measurements, Fig 6 shows a 
comparison between the measured magnitude 
spectra for Y12 and Y21, respectively, which 
confirms, at least between 0 and 3 kHz, the 
principle of reciprocity. Other verification 
procedures involved symmetry properties of the 
instrument, and the comparison between the 
results obtained with various exciters and sensors 
(moving magnet and fixed coil, optical 
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Fig. 6. Verification of the reciprocity 
theorem. Magnitude spectrum for Y12 (solid) 
and Y21 (dashed) . 

devices, ... ). Finally, signal processing tools such 
as time averaging and coherence functions were 
used, in order to detect a lack in signal-to-noise 
ratio or the presence of nonlinearities. 

4. Modeling the admittance matrix 
Once the verification tests made us confident in 
the obtained results for the admittance matrix, the 
next step was to find an appropriate model for 
each term. A time domain high-resolution 
parametric method (the matrix pencil) was used, 
which has been proved to be efficient for the 
modeling of percussive sounds (Laroche, 1993). 
In this method, the impulse response of a given 
admittance term (i.e. the inverse Fourier transform 
of the frequency response) is assumed to be well 
represented by a sum of damped sinusoids . The 

0.01 0.02 0.03 0.04 0.05 0.06 0.07 0.08 

Time in seconds 

order of magnitude for the number of sinusoids 
is assumed to be known. In practice, this number 
can be r?ughl~ estimated by a simple preliminary 
FFT. ThIS basIc assumption can be written: 

yet) = TF-1 [Y(co)] represented by 

L 

Yet) = LAjexp(-ujt) cos(cojt+cpj) (4.1) 
j=l 

The matrix pencil modeling technique can be 
summarized as follows. It involves first the 
diagonalisation of a particular matrix built from 
the N samples of the signal. From this operation, 
the complex frequencies (real frequencies Ii and 
damping factors 0i) are derived In a second step, 
a least-square minimization of the quadratic error 
between the original signal y and its estimate is 
performed which yields amplitudes Ai and 
phases <Pi. (complex residues). Example of the 
results are shown in Fig. 7, both in the time and 
frequency domain for Y 11. This term is modeled 
here by a sum of 48 damped sinusoids between 0 
and 3 kHz. 

No differences can be visually detected 
between measured and simulated impulse 
response in Fig.7. With 48 sinusoids, the 
quadratic reconsnuction error is -30 dB below the 
nns value of the original signal. Useful 
experiments can be carried out, at this stage, by 
extracting the most energetic sinusoids from the 
model 

-10 

-20 

~ -30 

-40 

-50 

-60 
0 0.5 1.5 2.5 

Frequency (kHz) 

Figure 7: Modeling of admittance term Yn . Left: measured (top) and simulated (bottom) 
impulse response; Right: measured (solid) and simulated (dashed) frequency response. 
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Fig. 8-a). Bridge Velocity Vy ; a. = 0° 

Reconstructing the signal, for example, using only 
the 15 most energetic components among 48, 
leads to a quadratic error nearly -15 dB below the 
rms value. Interesting tones can be simulated, by 
taking more and more components into account 
(Sound Example) giving insight into the 
perceptual significance of the bridge mobility. Fig. 
7 shows further a comparison between measured 
and simulated frequency response for Y 11. The 
number of sinusoids here is still equal to 48. 
Slight discrepancies less than or nearly equal to 
2 dB can be seen locally in the magnitude 
spectrum, especially for frequencies above 1 kHz. 

5. Time-domain synthesis 
The modeling part of the work presented in 
Section 4 can be seen as a modal analysis in the 
time domain. The last step before time-domain 
synthesis now consists in deriving a mechanical 
filter from the modal data, whose impulse 
response can be represented by a sum of damped 
sinusoids. One straightforward method is to adopt 
a parallel representation for the filter, where the 
impulse response for each branch corresponds to 
one damped sinusoid of the model. It becomes 
then tempting to model each branch of the filter by 
a resonant circuit, consisting of a mechanical 
resistance, a modal mass and a modal stiffness in 
series. However, one has to bear in mind that 
forcing the values of the phases is a necessary 
condition for this simple representation. This point 
has already been discussed by other authors, 
within the context of modal analysis of musical 
instruments in the frequency domain (Marshall, 
1985). 

Two examples of bridge velocity waveforms 
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Fig. 8-b). Bridge Velocity Vz ; a. = 90° 
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are shown in Fig. 8. Fig. 8-a) shows the temporal 
envelope of the vertical component, for a guitar 
D-string initially plucked perpendicular to the top 
plate. This envelope exhibits a complicated 
pattern resulting from the superposition of 
multiple beats, a consequence of the interaction 
between string partials and bridge resonances. 
Fig. 8-b) shows the temporal envelope of the 
horizontal component, for the same string initially 
plucked parallel to the top plate (i.e. with a angle 
of release a = 90°) with the same force. As 
expected, the initial amplitude is smaller in this 
case than for the perpendicular pluck, since the 
mobility of the instrument is usually small in this 
direction. This figure shows kss beats and a 
smoother envelope than for the vertical pluck. In 
addition, a discontinuity in the slope is clearly 
seen on this envelope, after about 150 ms. 'Ibis 
characteristic feature is a direct consequence of 
the coupling between the two components due to 
the presence of cross-terms in the admittance 
matrix. 

Another interesting consequence of the 
coupling between the two polarizations is 
displayed in Fig. 9. This figure shows Y-Z plots 
of bridge displacement, for an initial 
perpendicular and an initial parallel plot, 
respectively. Without the presence of coupling 
terms in the admittance matrix, these plots should 
be straight lines, in the OY - or OZ-direction, 
respectively. Here, a precession can be clearly 
seen in both cases. Notice that the angle of the 
precession axis is not equal to the angle of release. 

6. Conclusion 
A time domain modeling of guitar strings has been 
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Figure 9: Y-Z plots of bridge displacement. (Left) Initial pluck perpendicular to the top plate; 
(Right) Initial pluck parallel to the top plate. 

developed, where the string IS loaded by an 
admittance matrix at the bridge. The results 
highlight the fact that the bridge admittance of the 
instrument has an influence on the temporal 
evolution of the tones, as it has been already 
shown theoretically in previous works devoted to 
other families of string instruments (Weinreich, 
1977). However, this effect is limited to the 
frequency range where all terms of the admittance 
matrix are of comparable magnitude, as it is 
usually the case for medium quality guitars. 

Acknowledgments 
Preliminary experiments on guitars reported in 
this paper were conducted at KTH Stockholm, 
during Fall 1990, as the second author was a 
guest researcher at the Department of Speech 
Communication and Music Acoustics. The 
authors would like to thank Erik Jansson for his 
help in measuring the input admittances, and for 
many valuable discussions on this subject. 

453 

References 
Chaigne A. (1992), "On the use of ftnite differences 

for musical synthesis. Application to plucked 
stringed instruments", J. Acoustique 5(2), 181-
211. 

Jansson, E. (1983), "Acoustics for the guitar player", 
in (E. Jansson, ed.) Function. Construction and 
Quality of the Guitar, Stockholm: Royal Swedish 
Academy of Music, No 38, 7-26. 

Laroche J. (1993), "The use of the matrix pencil 
method for the spectrum analysis of musical 
signals", J. Acoust. Soc. Am. 94 (4), pp.1958-
1965. 

Marshall K. D. (1985), "Modal analysis of a violin", 
J. Acoust. Soc. Am. 77(2), pp. 695-709. 

Moral J.A. & Jansson E.V.(1982), "Eigenmodes, 
input admittances, and the function of the violin", 
Acustica 50(5), pp. 329-337. 

Richardson B. E. (1988), "Vibrations of stringed 
musical instruments", University of Wales review, 
No 4, pp. 13-20. 

Weinreich G. (1977), "Coupled piano strings", 1. 
Acoust Soc. Am. 62(6), pp. 1474-1484. 



Modal analysis on zither 
E Meinel 

Abstract 
The zith~r i~ a .pl~cking folk. musical instrument mainly played in Gennany, Switzerland and Austria. The 
construcl1on IS sImilar l? a gUl~. It has top, back, ribs, sides, sound holes and an enclosed air mass. However, 
there are much ~ore s~ng.s which are. coupled over a wide range to the body like a piano. A modal analysis was 
made to. determme the vIbnonal behavIOur. It was found that the most important resonances are resonances of the 
back. A~ mod~s cou~d not clearl~ be distinguished. Tone-producing in the bass rang is rather flat. The coupling 
of the ZIther WIth a ZIther table gIVes a better sound radiation. 

Introduction 
The zither is a relatively old plucking folk musical 
instrument used all over the world, but mainly 
played in Germany, Switzerland and Austria. 

Figure 1: Concert Zither 

Fig. I shows a typical modem concert zither, ooe 
of the most important zither forms. There are 
some similarities to a guitar, but some differences 
too. The soundboard consists of a top plate with 2 
or 3 ribs near the sound hole, small sides, a back 
plate and an enclosed air mass. Sometimes we 
find a small second sound hole near the left end of 
the top. In traditional construction the back plate 
is without ribs and much less stiff than top plate 
with consequences for the vibrating behaviour of 
the whole instrument how we will see later. 
Zither has a fretboard with about 29 frets for 5 
metal melody strings, which are usually tuned by 
machine screws. Scale length is about 43 em. 
Furthermore we have 30 or more open nylon, gut 
or metal strings coupled over a wide range to the 
body like a piano or harpsichord, and tuned by 
metal wrest pins. Strings are tuned in the range 
from Fl(44 Hz) untill A4 (440 Hz). Vibration of 
strings is transmitted to the soundboard through 
the bridges and the pin board. The strings are 
plucked by fingers and a special plectrum 
attached to the right thumb, the finger ring. 

In general the zither must be arranged on a table. 
S? we find 3 pointed short legs on backside, that 
gIVe a good stability for playing. The distance 
between back and table is about 1,5 cm. 

The ~ackg~und of this work. based on a good 
cooperation Wlth a famous zither maker of 
~ru;trnewru:chen - an old centre of guitar and 
VlOlin making, and of zither making too. This 
cra~an likes to experiment. He is open to 
acoustic measurements and asked us to give him 
some more information about vibration behaviour 
of zither. May be that it's possible to get some 
start points for new practical experiments. 

The zither has a long history, but it seems it 
hasn't reached the end of its development Today 
we have some problems with the loudness and the 
radiation of bass tones. It's clear, if we compare 
the half wave length of lowest tones (about 4 m) 
with the dimension of the zither (length about 70 
em; width 33 cm) we note a great discrepancy. 
~udness is no problem if the instrument is played 
m a small room, but these days we have concerts 
in halls, and loudness problems don't surprise. 

Some experiments 
We haven't found any serious scientific paper 
about the acoustics of zithers. That's why we 
started some pilot measurements to get a better 
feeling for the acoustic behaviour. 

At first we made a modal analysis of a new 
concert zither without strings, bridges, and legs, 
supported on 3 pieces plastic foam. That's how 
boundary was nearly free-free. Measurement 
equipment was a small impulse force hammer 
(pCB 086 C80), a dual channel signal analyser 
(Dno Sokki CF 350), and a PC-Computer with 
the SMS STAR Struct® software. An 
accelerometer (ICP® 309A) was attached on top 
between sound hole and fretboard. About 250 
measuring points on top and back was chosen, 
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Figure 2: Typical eigenmodes of the free-free 
zither without strings and bridges. 

and modes below I kHz were obtained It seems 
to be enough to get a first ovelView. 
Fig. 2 illustrates some of the most important 
modes of the nearly free vibrating zither: 
-First main mode at 97 Hz is a typical back 
mode. The back vibrates as a whole without being 
subdivided by nodal lines. Top plate doesn't 
vibrate very much. 
-The second mode at 238 Hz is a lengthwise dipol 
mode of back plate, not symmetrical of course, 
with small vibrations on top plate again. 
-Furthennore we find crosswise modes of back 
plate at 270 Hz and 290 Hz for instance, the 270 
Hz mode with a torsional vibrating of top. 

Higher modes untill 1 kHz are mainly 
lengthwise or crosswise modes of back with three 
or more nodal lines. Top and back move in phase 
or out of phase. We note that the top plate 
vibrates much less than the back plate in general. 

Next step was a modal analysis on the 
complete instrument We removed some strings, 
however, to excite the measuring points. To excite 
the back the zither couldn't stand on a table. We 
solved this problem by fixing the legs with a 
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126 Hz 154 Hz 

246 Hz 330 Hz 

387 Hz 464 Hz 

Figur~ 3: Eigenmodes of the complete zither 
standmg on a table. 

special support. This arrangement allowed to tum 
the instrument, and so we got the same boundary 
conditions for hammering top and back plates. 
~ we look on the vibrating modes of the complete 
mst;rument as shown in fig. 3 we find again the 
~lCal resonances of free vibrating zither, but at 
higher frequencies. Vibratioll$ of back dominate 
again. Typical resonances are lengthwise and 
crosswise modes with one or more nodal lines. At 
154 Hz is a torsional mode of back that was not 
found at the free zither. 

These strong back resonances - a result of its 
flexible construction - have consequences for the 
sound radiation. It seems that the distance 
between back and the top of table influences the 
directional characteristics. Possibly a more 
conical slot gives a better sound radiation in 
direction of listeners. 
Fig. 4 presents an example. The leg in direction of 
listeners was made slightly higher. So we got a 
more conical slot between back and table. The 
instrument was excited by the impulse hammer 
and the sound pressure level was measured. The 
probe microphone was arranged in a distance of 
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25 em on a level with the top of table. The 
difference is small, but you can hear it. 

Another result is that we have a noticeable 
sound transmission from the instrument to the 
table. On this way the table can support the sound 
radiation and improve the loudness. 

Because the enclosed air volume is relatively 
small we couldn't find any clear air resonance in 
the range of low frequencies. It's a quite 
distinguish between zither and guitar. We can 
calculate roughly the half-wavelegth air cavity 
mode and the Helmholtz-resonance. The lowest 
mode must be noticeable above 200 Hz. First 
experiments with mass loading on top and back as 
well as open and closed sound hole was done, but 
we find no clear answer. Therefore we plan some 
additional experiments next time to select the main 
air modes. 

Conclusions 
In summary of this short experiments we can say: 
1) Zither vibrates with large back resonances. 
2) It seems the optimising of the coupling between 
instrument and zither table, including the distance, 
can improve the sound radiation in direction of 
listeners. We must consider the table as a part of 
the sound producing system. That's why a zither 
table should not be a simple carpentry. 

This work will be continued next time with 
more detailled analysis and directional 
characteristics, and we hope to get more 
practicable hints to improve loudness and sound 
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Numerical modelling of stringed musical 
instruments 
B E Richardson 

Abstract 
In the last few years, musical acoustics research at Cardiff has concentrated on trying to establish relationships 
between the construction and acoustical function of stringed musical instruments. Investigations have involved 
practical studies of real instruments and theoretical modelling of the structure and its associated radiation fields. 
This paper will present a review of these investigations, concentrating mainly on the basis and predictions of the 
theoretical modelling. Instruments are modelled in a three-stage process. Modes of vibration of the wooden 
structure are first computed using the finite element method, which predicts the motion of the structure from 
information about the instrument's dimensions and the properties of the materials used in its construction. The 
structural modes are then coupled to the transverse vibrations of a string and to the internal air modes of the 
cavity. Finally, the radiation fields of the whole instrument are calculated using the boundary element method, 
which gives an accurate predication of the sound radiated from all vibrating surfaces of the instrument. 
Application of a suitable force at the string can be used to synthesise a sound, allowing the instrument to be 
"played". Our modelling work has concentrated on the guitar, but the techniques described are equally applicable 
to the violin or other stringed instruments. The model has highlighted the important role of the low-order modes 
of vibration of the instrument, which are responsible for much of the sound radiation at both low and high 
frequencies. These same modes contribute strong anharmonic components in the transient parts of notes. 
Psychoacoustic tests have shown conclusively that these are important for the recognition of individual 
instruments. 

Introduction 
In the last few years, musical acoustics research 
at Cardiff has concentrated on trying to establish 
relationships between the construction and 
acoustical function of stringed musical 
instruments. Investigations have involved 
practical studies of real instruments and 
theoretical modelling of the vibrating structure 
and its associated radiation fields. The principal 
aim of our work has been to try to answer some 
of the problems posed by makers. One of the 
most elusive aspects of the makers art is his or 
her ability to produce instruments with consistent 
or predetermined tone qualities. Their greatest 
difficulties stem from the variability of the 
mechanical properties of the woods used in the 
construction of the body. Since the acoustical 
response of the instrument depends critically on 
these properties, and also on its design, the maker 
must compensate for any variations in the quality 
of the wood by modifying the dimensions of the 
component parts. At present, all but the very best 
of makers perform this task with a high degree of 
uncertainty. The empirical nature of the luthiers 
methods and their long apprenticeship make it 
difficult for individuals to share their knowledge 
and experiences with others. 
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There is no easy route to the construction of 
fine-quality musical instruments, but science has 
the potential to provide a more quantitative 
approach to quality control. We must, however, 
be very clear about the objectives of scientific 
assessment, and, if it is to be of any value, the 
scientific data must be presented in a manner 
which is accessible to the maker. Science has had 
its greatest impact at a "tutorial" level, by 
increasing the makers awareness of the general 
mechanics of sound production on stringed 
instruments. It has faired much less satisfactorily 
when posed with the sort of detailed questions 
which makers ask constantly whilst at their work
benches, questions such as "What happens to the 
sound if the plates are made thinner? " , or "How 
does the outline shape affect the sound?", or "Is 
the layout of the internal strutting important?". It 
is often possible to provide an answer to these 
questions, but not in a form which casts any light 
on the intrinsic problem. Quoting that mode 
frequencies or mode shapes change by "X per 
cent" tells us nothing about changes in the musical 
function of the instrument 

The ideal solution would be to perform 
experiments on real instruments in which 



individual parameters of construction were altered 
systematically. In this way, the correct 
psychological relationship between performer and 
instrument would be preserved. There would, 
however, be insurmountable financial and 
logistical problems associated with the 
construction of these instruments. As a partial 
solution, we have opted for a theoretical 
approach, in which the purely acoustical aspects 
of the instrument are modelled in a three-stage 
process. Modes of vibration of the wooden 
structure are first computed using the finite 
element method. TIris predicts the motion of the 
structure from information about the instrument's 
dimensions and the properties of the materials 
used in its construction. The structural modes are 
then coupled to the transverse vibrations of a 
string and to the Helmholtz air mode of the body 
cavity. Finally, the radiation fields of the whole 
instrument are calculated using the boundary 
element method, which gives an accurate 
predication of the sound radiated from all 
vibrating surfaces of the instrument The 
instrument can then be "played" by applying a 
suitable force at the string. The sound created 
thus contains all the information about the 
construction of the instrument, and 
psychoacoustical tests can be used to establish 
formal relationships between construction and 
tone. 

Our modelling wode has concentrated on the 
guitar, but the techniques and conclusions 

described here are equally applicable to the violin 
or other stringed instruments. The model has 
highlighted the important role of the low-order 
modes of vibration of the instrument, which are 
responsible for much of the sound radiation at 
both low and high frequencies. These same 
modes contribute strong anharmonic components 
in the transient parts of notes. Psychoacoustical 
tests have shown conclusively that these are 
important for the recognition of individual 
instruments. 

Numerical modelling of guitars 
It is the structural vibrations of the body of 
stringed instruments which enhance the transfer 
of energy from the vibrating string to the 
surrounding air. It is therefore important to 
understand typical mode hierarchy and the 
physical interaction of the various parts of the 
vibrating structure, including the coupling to the 
string and to the surrounding air. Our own early 
studies involved experiments on real instruments, 
and we used these observations as a basis for our 
first attempt at modelling guitar vibrations using 
the finite element method (Richardson and 
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Roberts, 1985). Since then, Walker (1991) has 
introduced a number of important refinements, 
such as the addition of the bridge, and also 
undertaken studies to determine the effects of 
systematic variations in a number of important 
constructional parameters. 

Throughout this project, we have had access to 
limited computing resources. We therefore made 
a conscious decision to reduce the system to its 
most primitive form whilst retaining musically
important acoustical features. Undoubtedly, the 
most important vibrating element of the guitar is 
the top plate. We have found that we obtain 
accurate results by worldng with a detailed model 
of the top plate attached to rigid sides. Low
frequency function is then preserved by coupling 
the plate to the Helmholtz cavity resonance and a 
single back-plate resonance (the fundamental 
back-plate mode) using lumped parameters, as 
described by Christensen (1982). This allows us 
to determine the velocity distribution over the 
whole surface of the instrument, including the 
velocity of the "plug of air" in the sound-hole. 

Numerical Implementation 

of the BEM 
~~--------- -~----~~ 

( 
O'G· J I PSj -_J +iwPVnj Gj Aj = CPf 

j ~ an L....:J \.-I 

T T ! 
Surlace Pressure Surlace Velocity Pressure at 

over element from FEA Listening Point 

E is equal to 1 in the exterior field. 
E is equal to 1/2 on the surface. 

listening 
point 

Figure 1: Numerical implementation 
and geometry associated with the boundary 
element method. 



(a) 218 Hz 

,. 

.,. 

(b) 244 Hz 

· 20 

(c) 434 Hz 

.,. 

(d) 506 Hz 

Figure 2: Mode shapes and frequencies calculated by the finite element method shown 
alongside radiation fields calculated using the boundary element method. Note that the 
coupling between the top plate, back plate and Helmholtz modes causes the instrument to 
exhibit two further resonances with velocity distributions and radiation fields similar to (a) at 
98 Hz and 182 Hz. 
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Figure 3: Numerical calculations of the 
frequency-domain transfer admittance X(w) 
and radiated sound pressure pew), and the 
time-domain equivalent of the latter. 

Implications for the maker 
Over the years we have collected or generated a 
large amount of data about the structural 
vibrations of guitars. The general fOlTIlS of the 
modes vary surprisingly little from instrument to 
instrument, but it is, of course, the detailed 
differences which are important for distinguishing 
one instrument from another. What is clearly 
evident from these data is that there are no simple 
or obvious relationships between the modal 
properties of instruments and their perceived 
"quality". Our current model has the great 
advantage of producing sounds as a final product. 

As expected, changes in the instrument's 
construction lead to different sound quality, but 
we are still operating at the level of single notes, 
and single notes do not make music. At this stage, 
therefore, we must content ourselves by drawing 
some more-general observations. 

Recently, we have concentrated much more on 
determining the precise role played by individual 
modes in coupling the strings to the body and in 
radiating energy to the surrounding air, and we 
feel that this sort of detail is more indicative of the 
instrument's final acoustical quality. These 
investigations emphasise the importance of the 
precise shapes of the modes, particularly in the 
vicinity of the bridge. Figure 2 showed radiation 
fields of individual body modes. It is tempting to 
think that these body modes are responsible for 
radiating acoustic energy at or near their 
resonance frequencies only. However, a little 
consideration of a simple-hannonic oscillator with 
a monopole radiation field shows clearly that the 
system is an efficient radiator of acoustic energy 
even when driven well above its resonance 
frequency. In this regime, the source strength 
(the induced volume change) and effective mass of 
the system govern its radiation efficiency. Thus, 
we see that low-order modes, such as those shown 
in Figure 2, are capable of radiating high
frequency energy. Brooke (1992) has perfonned 
calculations which show that much of the radiated 
sound we hear from higher string resonances is 
radiated through these low-order modes. The 
reason for this is simple. Unlike the higher 
modes, the low-order modes tend to have large 
monopole source strengths and low effective 
masses (as seen by the strings at the bridge); this 
particularly applies · to the fundamental mode 
(Figure 2a). In a general sense, the maker ensures 
that effective masses are kept low by choosing 
sound-board materials which have low density and 
high stiffness, and he then works the plate "as thin 
as he dares". However, the effective masses of 
modes such as those shown Figure 2c and 2d are 
highly dependent on the positions of the nodal 
lines. Our finite element work and practical 
studies have shown that the positions of the nodes 
and antinodes of these modes are extremely 
sensitive to construction, particularly the design of 
the bridge and the dimensions of the cross-grain 
struts. Effective masses can vary by several 
orders of magnitude as a result of very small 
changes in construction. One of the longer-tenn 
aims of this work is to understand how such 
modes can be modified in order to maximise the 
response of the instrument. 

Any strong body resonance is also the sight of 
a potential "wolf-note". In the case of the guitar, 
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Adapting techniques of modal analysis 
to sound field representation 
U J Hansen & I Bark 

Abstract 
The modal analytic technique of computer animated representation of structural normal modes is extended to 
sound fields associated with standing waves in air columns, as well as radiated sound fields. In both cases phase 
information is recorded by using the excitation source as a reference signal, and monitoring the sound field with 
a microphone. Examples are given, showing animations for resonances in a flute, a bassoon, and the sound field 
radiated by a piano at several frequencies. 

Many musical instruments rely on structural 
vibrations for sound radiation. In most percussion 
instruments the vibrating structure serves as the 
primary oscillator, where in string instruments a 
vibrating surface is excited by string vibrations. In 
either case, the normal modes of vibration of the 
structure are important to the quality of the 
emitted sound. For these instruments an 
understanding of the normal modes contributes 
significantly to an understanding of the tone 
quality. While the general term "Modal Analysis" 
could apply to all experimental and theoretical 
methods of mode studies, such as time average 
holographic interferometry, electronic speckle 
interferometry or computer animation of multiple 
point coherent excitation and response 
measurements, the term has generally come to be 
applied to the latter technique exclusively. 

This work presents results obtained for Modal 
Analysis studies of a piano sound board as an 
example of the technique and then proceeds to 
report an extension of the technique to the 
mapping of sound pressure fields in resonant air 
columns and then further to the mapping of the 
radiated sound field associated with the sound 
board of a piano. 

The technique of Modal Analysis works for 
linear systems, where the response is proportional 
to the excitation. The input signal is provided 
either by an impulse hammer or a shaker driven 
by a swept sine or a random sine signal. The 
response signal is monitored with an 
accelerometer. Reciprocity for linear systems 
provides the option of two measurement 
approaches. A single point excitation with 
mUltiple response points or multiple point source 
drives with a fixed response point can be used. 
Modal Analysis data for the piano sound board 
were obtained with a single fixed point response 
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measurement and multiple point impact 
excitations. The impulse hammer is equipped with 
a force transducer which provides the input signal 
for one of the channels of a dual channel FFT 
analyzer, and the accelerometer output is 
connected to the other channel. The FFT analyzer 
is programmed to calculate the transfer function 
and the coherence function for a number of 
repeated signals from the same excitation
response point pairs. The transfer function is 
given by: 

Tij = (Fiaj)/(FiFi) 

where Fi represents the spectrum of the impulse 
force at point i, and ~ the accelerometer response 
spectrum at point j. The computer is programmed 
with the geometric distribution of the impact 
points. The block diagram of the experimental 
arrangement in figure 1 includes the impact point 
layout for the piano sound board. 

Appropriate curve fitting for all the transfer 
functions extracts the resonance frequencies and 
damping parameters from the data. Subsequent 
mode animations permit a fairly direct observation 
of the mode shapes. Computer animation permits 
both time and space modification so that the 
animation is given in slow motion with 
exaggerated displacements of the moving parts of 
the structure. Figure 2 shows the exaggerated 
maximal displacements of the fourth normal mode 
of the soundboard of a concert grand piano. The 
two images show the same standing wave with 
approximately half a period separation. 

Modal analysis is essentially a coherent 
measuring technique inasmuch as phase 
relationships for a given frequency are 
structurally determined. This coherent 
representation can be extended to systems where 
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~ 
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Figure 1: Experimental arrangement for modal analysis of piano sound board 
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Figure 2: The fourth mode of a piano sound board; two views at maximal displacement 
separated by a 1800 phase shift. 
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the phase relationship is not maintained by a rigid 
structure, but is imposed by resonance conditions 
in the air column of a wind instrument. In this 
setting the excitation is provided by a swept sine 
signal and the response is monitored at a series of 
points in the air column with a microphone (Bork, 
1991; Meyer & Bark, 1992). 
The experimental setup is given in figure 3 for the 
study of sound pressure levels in a flute . Figure 4 
shows examples of a number of air column modes 
in a flute. This coherent monitoring scheme thus 
permits the mapping of a sound field while 
preserving phase information. 
As in the case of normal modes in rigid structures 
this techniques makes it possible to extract 
resonance frequencies for standing waves in air 
columns. However, the method is not limited to 
the study of standing waves (Meyer & Bork, 
1992). When applied to a sound field radiated into 
free space, phase information of the sound field 
in relation to a vibrating source is not lost. For the 
measurements reported here, a piano sound board 
was excited with a shaker driven by a swept sine 
source, and the sound field was monitored with a 
microphone at approximately 200 points in a 
plane in front of the piano. The experimental 
arrangement is outlined in figure 5. 

loudspeaker 

reference signal 

2-channel 
FFT - analyzer 

chirp 
generator 

transfer 
function 

Figure 6 presents sound pressure in the 
radiated sound field at various frequencies. 
Particularly at the low frequency corresponding to 
the fundamental mode of the sound board the 
phase coherence between the vibrating sound 
board and the radiated sound field is apparent. As 
expected , the sound field exhibits a 1800 phase 
difference between the regions above and below 
the sound board. 

This technique offers a remarkable way of 
representing in animated form, normal modes of 
musical instruments, lending itself to visualizing 
both structural modes and air column resonances; 
furthermore, the method can be extended to 
display the sound field radiated into free space 
while retaining phase information in relationship 
to a reference source. 
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Figure 3: Experimental arrangementfor modal analysis of air column inside aflute. 
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Figure 5: Experimental arrangement for modal analysis of piano sound field. 
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Space and music 
B Merlier 

Abstract 
Since the beginning of this century, the notion of space becomes more and more an unavoidable parameter of 
sound and an important compositional element. This notion of space deals with various domains such as 
acoustics, psychophysiology, aesthetics, architecture, instrumental technics, ... to which more recent problems 
concerning signal processing and computer music are added. After recalling the auditory and spatial perception 
mechanisms, we present the space parameter in music; this concerns on the one hand, musical writing (in a large 
sense: all aesthetics blended) and on the other hand, the musical execution or diffusion. Space can be defmed 
during the creation of sound or music, in its static as well as in its dynamic aspects. It is now becoming possible 
to simulate (in real-time) a diffusion place or even a sound movement by simple digital signal processing The 
output of these new tools sets the problem of the human gesture or the user interface allowing to control the sonic 
space. Sound spatialization also depends on the place and the auditory conditions. This requires new constraints 
for concert places and even concert form. We then relate different experiments of spatialization - historical or 
recent reference works or sound examples - different musical or technical processes, as well as realisations of 
spatialization of sound or music: digital signal processing sofiwares, commercial or experimental devices, tape 
music sound diffusion systems, ... 

Introduction 
If you look at music theories, if you look at 
scientific books about sound, if you listen to 
SMAC 93 conferences, everyone speaks of the 
four parameters of sound: pitch, intensity, 
duration and timbre. But nothing about space ! 
And yet, space is an inseparable part of any sound 
or musical activity of man. Just as sound cannot 
spread in vacuum, musical discourse cannot exist 
without space. Any music is necessarily 
spatialized, it only lives thanks to the sound space 
in which it appears and the spatial development 
created becomes an integral part of the musical 
work. 
Examples: 
- No one will have the idea to dissociate or to 

complain of listening classical religious music in a 
reverberating chapel. - No one will consider to 
perform this work in an anechoic room ! 
- Every one knows that an instrumentalist will not 

play the same way depending on whether the room 
is "dry" or reverberating. 
- Several machines or software of sound spatial 

treatments begin to appear on the market. They 
allow to simulate different movements of sound 
spaces or sound sources. 
- No one will make a serious recording session 
without worrying about the acoustical qualities of 
the room. 

- Most of recorded music receive a space 
treatment, at one time or another: panoramic, 
spatialization or artificial reverberation. 

- Electroacoustic music is to be spatialized during 
the concert. etc 
Hold on ! But, I am speaking of many different 
things ! So it would be advisable to specify: 

What is space? 
Pitch, intensity and duration are one 
dimensional parameters. They can be easily 
formalised and manipulated by musicians as well 
as physicians. It is certainly why they have been 
the foundation of music for many centuries. 
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Timbre is yet slightly more complicated to 
apprehend. It is a three dimensional parameter: 
frequency, intensity and time. Traditional 
musicians more or less intuitively master timbre 
quality, as well as their combination. But timbre 
analysis and synthesis are recent disciplines and 
require scientific knowledge. 
Space is at least as complicated to handle as 
timbre! 

Frequency 
inHz 

----~ms 

Timbre is a tri-dimensional parameter. 



mediwn 

room 

Taking SPace into account 
requires to consider a sound 
emitter, a r eceiver, as well as a 
propagation medium and room 

Space is obviously concerned with shapes, sizes, disl:ances, positions and also potential movements: 

distance : 

direction, position: 

room acoustic characteristics : 

far - near 

left - right 
top - bottom 
front - back 

dry - reverberate 
size, shape, material of the room 
inside or outside 

and in dynamic conditions : 
panoramic effects 
source movements, sound trajectories, Doppler effects 
potential modifications of acoustic or dimension of the room. 

Physically and acoustically speaking, space can 
be analysed as small variations in sound: 
* temporal variations or delays (no more than 
100 ms), Bt 
* amplitude variations (no more than a few dB), 
oa 
* spectrum variations (various filtering patterns) 
ospectrum 
* potential fundamental frequency variations 
(Doppler effect) Of 
* or any combination of these variations. 
These variations can be time functions. But all 
time intervals are tiny small (no more than 100 
ms) and are hardly perceptible in a direct and 
conscious way. 

Spatial perception mechanisms 
The auditory apparatus is very well equipped for 
space perception, especially because of its "alert 
role". Sound localization is generally faster than 
exact sound identification. Let us briefly mention 
the different spatial perception mechanisms: 

Distance evaluation 
Sound propagation in the air is not homogenous 
and middle and high frequencies are relatively 
much more absorbed than low frequencies. 
Frequency distribution will change in function of 
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source distance. The ears will identify the source 
and then compare that new image with those that 
have been memorised since childhood. 

Localization 
The question of how human beings localise 
auditory events is the subject of many psycho 
physical researches. Since the beginning of the 
century, different factors have been brought to the 
fore; 
Interaural Delay Time (Lord Rayleigh, 1907) 
head shadow (Lord Rayleigh, 1876; Mills, 1972) 
pinna response (Gardener, 1973) 
shoulder echoes (Searle and al., 1976) 
Early echo response (Moore, 1990) 
reverberation (Garner, 1969) 
vision and head motion 
all these form the head-related transfer function 
(HRTF) (Searle and al., 1976, Blauert, 1983) 

Of course, this acoustic or psycho acoustic 
complexity does not facilitate space handling. 
Anyway, we are now going to relate many trials 
of space mastery. 

Musical practices related with space 
Space control or space "generatLon" 
I will now rapidly present different musical 
practices related with space. 



Space and instrumental acoustic music 
Music instruments cannot intrinsically control the 
space of the sound they emit The only effective 
parameters can be: 
- the position and movement of the performers in 
the performance place, 
- the dimensions and acoustical qualities of the 
performance place, 
- and of course musical writing and orchestration. 
Until the 19th century, space was not much 
integrated or used in musical works. It was 
seldom part of compositional elements. Whereas 
more and more contemporary instrumental wolks 
try to take space into account 

Loudspeaker and stereophonic sounds 
Loudspeakers are becoming more and more 
frequent as a sound source. Yet, their 
characteristics are far from perfection and sound 
reproduction by loudspeaker is far from reality. 

Stereophonic recording and reproducing on 
loudspeakers are artifices that allow to perceive or 
recreate the sound recording space. "A stereo 
recording captures differences in intensity and, 
possibly, differences in phase between points in a 
sound field. From these differences the listener 
can gain a sense of the movement and position of 
the sound source." (D.A. BURGESS) However, it 
gives a very poor model of the way sound really 
arrives at the ears, but many listeners seem to be 
satisfied with. 

Stereophonic or multiphonic listening bring a 
certain auditory comfort but also improve the 
selective auditory (that is localization of one 
source among many other one or among hubbub 
of voices). 

Stereophonic processes are more a nice 
commercial operation than a real improvement in 
sound edition of musical works. We can even fear 
that some listeners would prefer the reproduction 
mode to the music itself. 
Like chantilly cream on a cake ... 
Loudspeaker and stereophonlc sounds have been 
tools for putting space in the fore. Unfortunatelv 
their limitations may become a barrier for the 
future handling of space. 

Space and electroacoustic music 
Sound synthesis or microphonic sound capture 
have been opening many extraordinary horizons. 
Electroacoustic music has been offering its patent 
of nobility to timbre by fully integrating it into 
musical discourse. Thanks to it, musicians now 
manipulate space and perform space in concert 
* Synthesis sounds have progressed a lot (towards 
reality or creativity). But most of the time, 
synthesis produces sounds without any space. To 
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improve the result, we sometimes add a few 
standard reverberation. 
. .Today's synthesisers are now marketed with 
lllSlde ~verberation effects, and more, that are 
always ill use by default. 

There are lots of research works about timbre 
but compar~tively few others conceming space~ 
Let us mennon among others the research wOIks 
of J. CHOWNING. BAUERT. F.R. MOORE and 
D.A. BURGESS. 
* I would like ~o focus a little bit more on: 

ElectroacousttC or Tape music 
How many composers or sound engineers are 

really aware that when recording sound, they also 
catch the ac~ustic of the room? Many, I hope ! 
. But I think that it is not for space itself, but 

snnply to ensure a certain auditory comfort or a 
better understanding of the other four parameters 
of sound ! 

How many composers are really aware of 
what becomes to that recorded space after some 
sound treatments in studio? Much less ! 
How many try to handle it ? Very few! 

And one good reason for that could be that 
there are no manipulation tools for space, no 
vocabulary, so no mastership. It would be 
necessary to be able to fix, memorize, work and 
work ~gain and even synthesize space, with 
convement tools. 

I have just spoken of internal space of sound, 
that can be captured with microphones. But some 
machines can also deal with external space 

Sound diffusion or spatialization in 
concert on an acousmonium * 
1952: Pierre SCHAEFFER, Pierre HENRY and 
Jacqu~s POULLIN experimented "Ie pupitre 
potentiometnque de relief' (relief potentiometric 
board). 

1958: German Electroacoustic school, directed 
by Stockhausen, began to work with 4 tracks and 
made sound diffusion on 4 loudspeakers in the 4 
comers of the room. 

Until then, spatial position of sound did not 
have any active role in music. Sound diffusion 
during the concert allows the live recreation of a 
space external to the sound itself (even if music is 
ge~~rally stored on a stereo magnetic support). 
Failing of usual references of classical music 
(~elody, harrno~~, rhythm, ... ), failing of any 
VIsual support, failing of certain living elements of 
sound (co~pared to live acoustic music), even the 
more expenenced ear will endlessly get tired. It is 
why elder musicians found the solution to 
"spread" sounds in space, proposed an 
"orchestrahon" of acoustic images on several 
groups of loudspeakers. 

* Acousmonium: loudspeakers orchestra 



Spatialization in concert gradually becomes an 
instrumental gesture for itself. "Managing tutti 
and soli, nuances and contrasts, reliefs and 
movements, the musician at the (diffusion) board 
becomes the creator of an orchestration and of a 
living interpretation. II (M. CHI ON) 

Sound control is done thanks to a diffusion 
board (a kind of mixing board, but with more 
outputs than inputs). The output faders allows to 
control sound diffusion. 
Playing on loudspeaker level has 3 effects: 
1) individual level setting of each loudspeaker; 
2) this simple level control carries along a spatial 
effect because increase amplitude of a specific 
loudspeaker seems to move the sound source 
towards this loudspeaker. (Haas effect**). 
3) choosing one loudspeaker or an other, of 
different trade mark or different position in the 
room, produces timbre variations more or less 
perceptible. 

Spatial sound diffusion is of course an 
aesthetic question, but it also deals with 
psycho-physiologic considerations: 

Human hearing differently analyzes sound 
phenomenon coming from front or back, from left 
or right. The auditory discrimination better 
functions when sources seem to come from 
different directions. 

Technical progress or unconscious 
compensation? 

Spatialization in the electroacoustic concert is 
may be on the go to - more or less consciously -
compensate the lack of visual localization by new 
auditory spatial localization reflexes. If the sound 
source is no more visible on stage, if there is no 
more agitated instrumentalist, thanks to sound 
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Sound diffusion or 
projection on an 
acousmonium 
(lOUdspeaker orchestra) 

French GRM acousmonium was 
designed in 1974 and now 
includes about 80 sound 
projectors, grouped on 16 to 24 
channels 

Spatialization your ear is only attached to follow 
sound glissades, panoramic effects, moving away 
sounds, ... That is to say: sound and only sound ! 
and not the gesticulator that produces sounds. 

These new practices rise the problem of human 
gesture and user interface for the control of space. 
The use of computer automation is not obvious. 
Anyway it allows to deeply work 00. 

Spatialization. to memorize it and reply to it 
automatically. Beyond these memory functions, 
the computer opens a large new field of 
experimentation. allowing the "space perfonner" 
to overcome the limitations imposed by manual 
diffusion. 

** Haas effect: When the delay between 2 
sources is no more than 1/20th of sec = 50 
ms, the listener only hears one source. 
Beyond that delay, he perceives 2 sources. 
This delay corresponds to a distance of about 
16 meters or more. 



Electroacoustic music and space. 

Schematic working process 

stereo 
SOlUld recording 

o 
transf onnations 

(> 
creation of new artificial 

spaces on tape 
by adding: 

stereo support 

sound diffusion or projection 

technological limitations 
may produce monophonic sound 
loss of many physical space references 
creation of other artificial spaces 

reverberation 
panoramic effects 

tape, DAT or computer disk 
(sometimes multi-phonic) 

on an Acousmonium or loudspeakers orches-tra 

~ 
~ 

Many sound treatments scramble stereo or space references. 

Many sound treatments scramble internal space references of sounds, I mean perceptive references that allow 
brain to find its way. 

Electroacoustic transformations 

flltering 

reverberation 

transposition 
by speed variation 

loop 

reverse 

splicing 

mixing 

spectrum modification may change 
space perception 

artificial reverberation scrambles 
natural sound space 

changes the apparent size of room 

? depends of loop size 

secondary reflections precede sound? 
it has no more physical reality 

breaks space continuity 
juxtaposition of different spaces 

merges different spaces 
it has no more physical reality 
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Timbre interest or beauty is due to the space in which it sounds. 

Conclusion 
There is no doubt that space is an emergent 
parameter of sound in this late century. It has 
always been taken into account by musicians, 
consciously or unconsciously, continuously 
trying to control it, but with many difficulties. 
Most of time failing with its control, musicians 
try to ignore it, to make it transparent, 
inaudible, so that it does not confuse the other 
sound parameters. 

These examples relate that it is time to be 
positively aware of space and time to prepare or 
fonnalize tools allowing its handling. 
1his parameter should be controlled in: 
- sound production or treatment, 
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- compositional activity 
- interpretation activity, 
- concert hall acoustic, 
- imaginary space generation, etc. 
It seems to me that time for space emancipation 
has come. Such as timbre, a few decades ago. 
We are already living it now - more or less 
consciously -. 

So I would propose to complete existing 
sound theories and to add a fifth parameter to 
sound: that is space. 

Timbre interest or beauty is due to the space 
in which it sounds. 

Note: A bibliography on that subject can be 
obtained by the author. 



Can humans perceive the energy field of sound? 
D Stanzial 

Abstract 
A psychoacoustical frame for the spatial hearing impression is here proposed. The frame is based on energy 
parameters of a general acoustic field such as the Active Intensity, Reactive Intensity Amplitude and the Energy 
Transfer Velocity, which are briefly introduced and interpreted from the point of view of human spatial 
perception of sound. It turns out that the space-related sound attributes are well represented by a perceptual 
continuum between two idealized acoustic situations: the plane progressive wave field and the stationary wave 
field. The analogy of human hearing system with the p-p method for sound intensity measurement is also 
suggested. 

Introduction 
A chief problem in listening to music is the 
perception of the spatial characteristics of a 
complex acoustic source (like an orchestra) 
jointly with the sound attributes related to the 
source localization inside the environment 
Extensive research has shown that humans, 
"to locate a sound", must merge infOlmation from 
the two ears in a process called binaural fusion 
which takes place in the bram. A recent article 
(Konishi, 1993) points out that studies of barn 
owls offer insight into just how the (human) brain 
combines acoustic signals from two sides of the 
head into a single spatial perception. This process 
is explained in terms of a neural algorithm for 
"sound localization" which is considered as an 
example of the economy of the biological circuit 
based on natural principles. 

From the point of view of Concert Hall 
Acoustics, the construction of a psychoacoustic 
frame into which the correspondences between 
objective acoustic parameters and the subjective 
hearing impressions may be rigorously fitted is 
nowadays a task which cannot be postponed The 
hypotheses hereafter formulated, based on the 
Energy Analysis of the Sound Field, may be 
considered as a first contribution to this task. 

Methods & psychoacoustic hypotheses 
From a physical point of view, any information 
which is related both to the spatial characteristics 
of an acoustic source, and to the localization of 
the source inside the environment, is worked out 
by the transfer properties of the acoustic energy 
inside the sound field as shown by the following 
analysis. 

Let us consider the instantaneous acoustic 
intensity: a vector quantity j (x, t) =pu 
(p : =p (x, t) is the acoustic pressure and 

u : =u (x, t) is the particle velocity) that, for 
every time t, defines the rate at which the energy 
flows at x in the spatial direction of j. 'This 
quantity is related to the instantaneous energy 
density W (x, t) = (1/2) (p2 /pc2 +pv2 ) (p 
being the air density and c the sound speed) by the 
continuity equation W t +di vj=O , telling us 
that a local energy decrement (or increment) at x 
causes a net energy out-flux (or in-flux) in the 
neighborllood of the point. This is precisely the 
transfer mechanism of the energy inside any sound 
field, depending both on the source and on the 
observation point x, taking into account the 
boundaries conditions of the environment 

A better insight into the physical meaning of 
j (x, t) is reached considering the time average, 
<j>, of the acoustic intensity. This process 
allows the instantaneous intensity to be split into 
two terms: a time-independent one, which is 
usually called the active intensity vector I (x) , 
and a time-dependent one, the time average of 
which has a null value. This last term may be in 
tum subjected to a second averaging process that 
allows us to define a scalar quantity Q (x) 
which we shall call the amplitude of the reactive 
intensity. (See fig. 1). For a single frequency wave 
one may easily understand the physical meaning 
for I and Q, observing that, during one single 
period, the active intensity pushes two equal 
sound particles towards the same side in the 
direction of I (x), while the reactive intensity 
also pushes two equal sound particles· in some 
spatial direction but towards opposite sides. 
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These two quantities may be easily correlated 
with our spatial perception of the sound field. (See 
fig.2). The energy analysis of some simple models 
in free field acoustics (Schiffrer-Stanzial 1992) 
shows that when the sound field appears as a 



plane wave, I (x) has a definite value while 
Q (x) is zero; in the complementary situation, 
that is when the sound field is like a stationary 
wave, Q (x) has a definite value while I (x) 
becomes zero. The corresponding spatial 
perception of the sound field may be identified, in 
the first case, with a sharp directional 
characteristic (which allows an easy localization 
of the sound source), while the lack of any 
particular directionality in the second kind of 
sound field, accounts for our sensation of 
"diffuseness" or "sound immersion". 

These two complementary acoustic situations 
may be even more easily understood by 
introducing the concept of energy transfer velocity 
for a sound field. This vector quantity (Coulson 
1965) defined as vE=<j>l<w> is zero in every 
point of the stationary wave sound field while it is 
c (the sound speed) in the plane wave one. vE 
is probably the more elegant and synthetical 
objective parameter accounting for our spallai 
perception of sound. As 0<= I vE I <=c we may 
deduce that our spatial sensation of sound, 
(particularly when we are listening to music which 
is usually generated by a complex acoustic source 
in enclosed environments, thus really producing 
very complex waves forms, not just rays) is a 
perceptual "continuum" between two idealized 
extremes: the stationary and the plane wave fields. 
We may also easily correlate our hearing 
impression of sound volume (or loudness) to 
<w> which depends on the squares of both 
acoustic pressure and velocity. 

Conclusions 
A very general and rigorous energy analysis of the 
linear acoustic field is here introduced and its 
relation with the spatial perception of sound is 
proposed. 

In engineering acoustics, two methods have been 
worked out for the experimental evaluation of the 
acoustic intensity: the p-p method and the p-u one 
(Fahy 1989). The pressure-velocity (P-u) method 
is based on the measurement of the air particle 
velocity taking advantage of the ultrasonic 
transduction, while the p-p (pressure-pressure) 
one is based on the possibility of calculating the 
particle velocity u starting from the pressure 
gradient by means of Euler's equation. The human 
hearing system seems to be more similar to the p
p system of measurement of sound intensity, and 
this is probably also the reason why we must have 
at least two ears: to evaluate the pressure gradient 
at least along one direction in space! Our ability 
to tum our head permits the comparison along 
other directions in space. If we had a fixed head, 
we might have had at least four (non-coplanar) 
ears for a full spatial detection of sound. 

From a physiological point of view, it is well 
known that the mechanisms for the binaural 
hearing are based on the phase differences and 
relative strength of the acoustic signals from both 
ears. The first studies conducted on the "neural 
algorithms" seem to confirm the biological 
implementation of some kind of cross-correlation 
between the acoustic signals from the left and 
right ear, and a sort of autocorrelation between 
the ultimate acoustic information such that only 
variations in the acoustic field become of interest 
to us. All of this agrees with the objective energy 
analysis of the sound field: a cross-correlation 
between the acoustic pressure and the particle 
velocity signals must be performed in order to 
obtain the sound intensity, and this kind of 
process must be performed again when something 
changes in the original situation because of the 
non-linearity of the energy quantities. This last 
sentence means that, for example, when a new 
sound comes from the orchestra, the new pressure 
wave simply adds on to the pressure wave of the 
former sound field, but the new sound intensity (in 
spite of its vector characteristics) does not add on 
to the sound intensity of the former sound field 
So our brain must calculate again the new sound 
intensity field. There are no natural principles 
more economic than that, as energy is a second
order quantity. 

The high degree of reliability reached nowadays 
by the measurement techniques of sound 
intensity, pennits a careful experimental 
verification of the here proposed hypotheses for 
the spatial hearing as the objective characteristics 
of the testing sound field can be rigorously 
monitored. The verification of these 
psychoacoustic hypotheses is then a precise goal 
for this research. 
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FIG. 1. 

LET p(X,t) BE THE ACOUSTIC PRESSURE 

AND U(X ,t) BE THE AIR PARTICLE VELOCITY, THEN 

THE VECTOR QUANTITY: 

[j(X,t) = p(X,t)'U(X,t) ) 

IS CALLED THE Instantaneous Sound Intensity. 

LET <.> INDICATE A TIME AVERAGING PROCESS 

SUCH THAT: « .» = <'>, THEN ONE MAY DEFINE: 

THE Active Intensity VECTOR: III(X) == <j(X,t)> II 

THE Reactive intensity: I q(X,t) == j(X,t )-I(x) I 
THE Reactive Intensity Amplitude: 

FIG. 2. 

PSYCHOACOUSTIC HYPOTHESES 

OBJECTIVE SUBJECTIVE 

ACOUSTIC PARAMETERS HEARING IMPRESSION 

Sound direction 
I(x) Active Intensity & perspective 

Q(x) Reactive Intensity Amplitude Sound immersion 

w(x) Averaged Energy density Sound Strength 

vE(x) Energy Transfer Velocity All together! 

TESTING EXAMPLES 

Plane Wave Field I(x)=max Q(x)=O w(x):;tD ! v E ! =c 

Stationary wave Field I(x)=O Q(x)=max w(x):;tD !vE!=O 
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The hysteretic model of the grand piano 
hammer-string interaction 
A Stulov 

Abstract 
A hammer-string interaction for the various notes of a grand piano is investigated by using a new mathematical 
model of the hammer felt. The experimental relationships of dynamic force versus felt deformation show the 
significant influence of hysteresis characteristics. This phenomenon may be described by a new model of the 
hammer felt which is assumed as a hereditary material with an exponential kernel function. This model is in a 
very good agreement with dynamical experiments presented by various authors and is suitable for description of 
all the numbers of the hammers with various felts (soft, medium and hard) of the grand piano. 
The interaction of a such hysteretic hammer with a grand piano string allows to explain various phenomena in 
dynamical behaviour of the string which were observed in real experiments as well as such a phenomenon as 
reiterated strikes between the hammer and the string. 

Introduction 
The creation of a good theoretical model of the 
hammer felt is one of the most important problem 
of determinating the sound produced by a piano. 
Since the first model developed by Kaufmann 
(Kaufmann,1895) in which the hammer was 
absolutely rigid many attempts were made to 
describe the behaviour of the felt due to the acting 
force. The most interesting model was proposed 
by Ghosh (Ghosh,1932), who considered the felt 
as a material obeying the Hooke's law in the Hertz 
form and the model of Boutillon (Boutillon,1988) 
who included the hysteresis characteristics of the 
felt deformation in his model. Nevertheless, all 
these models are far from being realistic and 
cannot describe the experimentally observed 
hysteretic process of loading and unloading of the 
felt due to the hammer-string interaction. Here one 
attempt is made to create a hysteretic model of the 
hammer felt. 

Hammer Felt Model 
If we introduce deformation or nondimensional 
compression y of the felt according to y=Uld, 
where U is the dent of the felt and d is the string 
diameter, then the initial part of the loading force 
versus deformation curve may be described by the 
expreSSiOn 

F1 (y) = FO (ay2 + by3 + cy4) (1 ) 

where 

d3 
( d )-112 

FO = EOR 1 + 2R (2) 
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and Eo is the Young's modulus of the felt, R is the 
radius of the curvature of the hammer head and 
a,b,c are the dimensionless stiffness coefficients. 
Such kind of the constant Fa allows to describe 
the experimental results of the felt loading for the 
various numbers of the hammers by using only the 
elastic constants Eo, a, b, C which are the 
different for the hard, medium and soft hammers. 

To explain the experimental relationships of 
dynamic force versus felt deformation we assume 
that the hammer felt is a hereditary material with 
an exponential kernel function . In other words we 
suppose that the Young's modulus of the felt EO is 
not a constant but given by operator 

E(T) = EO [1 - ~(T)*] (3) 

where * denotes the convolution sign and EO is 
now the instantaneous Young's modulus and 9\(T) 
is the relaxation kernel function of the felt 
material with the hereditary parameters E, 't, 

determined as E ( T) 
9t(T) = ~ exp -:; (4) 

By introducing the nondimensional time 
t = T / 't , we obtain the hereditary model of the 
felt deformation in the form 

t 

F(y(t)) = F1(y(t)) - E e -I J eX F1 (y(x)) dx (5) 
o 

with function F1 (y) defined by expression (1). 

Comparison with Experiments 
In the article (Yanagisava & al.,1982) are 
presented the measured dynamic relationships 
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Figure 1: Force versus deformation relationships of hard, medium and soft hammers for Ai 
and A37 notes (Yanagisava & aI. , 1982). 

between the hammer felt deformation U and the 
applied force F. The mathematical model of this 
experiment may be described In dimensionless 
variables by equation 

d2y L (6) 
dt2 = Mh d F(y) I 

with the initial conditions 
Q}1Ql 't V 

y(O) = 0 I dt = d (7) 

Notes A1 (Fig.1) 

Hammers Hard Medium Soft 
Eo(MPa) 450 450 450 

a 1 1 1 
b 90 56 22 
c 33 39 11 
£ 0.940 0.940 0.940 

't(lls) 11.5 12.0 17.0 
V(m/s) 1.22 1.30 1.53 
Notes L(mm) I(mm) d(mm) 

A1 2016 243 4.9 
A37 777 91 1.075 
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Here Mh is the hammer mass and V is the initial 
hammer speed. In Figs.1 and 2 the experimental 
points from Figs .13 and 14 from this article are 
reproduced and the solid lines are the calculated 
curves obtained by solving equation (6) with the 
function (5). 
Agreement of the model output with published 
experimental results seems to be' rather good. 
All the parameters of the model are presented in 
the following Table: 

A37 A1 

Hard Medium Soft (Fig.2) 
350 350 350 2100 

1 1 1 1 
114 57 28 9 
57 17 0 0 

0.955 0.945 0.940 0.930 
6.5 8.0 10.0 21 .8 
1.25 1.37 1.58 
T(N) M~(g) Mn(gl Rlmml 
1629 263.6 13.0 17.0 
834 5.53 10.6 11 .0 
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Figure 2: Dynamic force versus deformation 
relationships of the A1 hammer for velocities 
1.32 mis, 1.08 mis, 0.82 mis, 0.51 m/s. 

Hammer-String Interaction 
This hysteretic model may also be used for 
description of the hammer-string interaction. If we 
suppose that the nondimensional deflection w of 
the string is proportional to the acting force F 

I (L - I) 
w=OF= LT F, (8) 

that is true for the not very fast loading of the 
string, then the hammer-string interaction may be 
described by equations 

d2w w'C2 'C2 (9) 
dt2 =-OMs +Msd F(y) 

d2y w'C2 
( Ms )L 

dt2 = Q Ms - 1 + Mh Ms d F(y) ,(10) 

with the zero initial conditions for the string 
deflection together with initial conditions (7). Here 
L is the string length, T is the string tension, I is 
the distance of the hammer from the string end 
and Ms is the string mass. 
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Figure 3: Impact pressure-time and 
compression-time curves for the real string 
A37. 

The numerical calculations for the medium (A37) 
hammer with the initial velocity V=3m/s are 
presented in Fig.3. 
According to these results this hereditary model of 
the hammer felt provides a practical way to 
predict the contact time between the various 
hammers and the strings. 

References 
BoutiHon X (1988) "Model for piano hammers: 

Experimental detennination and digital 
simulation," The Journal of the Acoustical Society 
of America, 83,746-754. 

Ghosh M (1932) "An experimental study of the 
duration of contact of an elastic hammer striking a 
damped pianoforte string," The Indian Journal of 
Physics, 7, 365-382. 

Kaufmann W (1895) "Uber die Bewegungen 
geschlagener Klaviersaiten," Annalen der Physik, 
54,675-712. 

Yanagisawa T & Nakamura K (1982) "Dynamic 
compression characteristics of piano hammer," 
Transactions of Musical Acoustics Technical 
Group Meeting of Acoustic Society of Japan, 1, 
14-18. 

550 



Aesthetic criteria of musical interpretation in 
contemporary performance of instrumental music 
N-G Sundin 

Abstract 
Obviously the musician's reading of the score is not a neutral act of consciousness. What is rendered in sound is 
not the score, but an outcome of the musician's cognitive processing of reading the score. Other assimilative acts, 
such as feed-back-listening to alternative versions and reactualizing memories from earlier hearings of the work, 
may be involved in the creation of a mental image of the work to be performed. The functioning of the 
sensomotorical nervous system can be an obstacle to realization of this "musical image" into corresponding 
sound, or unrealistic imagination may be the cause of such discrepancy. Various overriding aesthetical ideals, 
due to different educational traditions, govern the preference choices of performing alternatives. Cognitive1y, 
reaching such a choice is an interpretative process, that can be analysed as regards its logical structure. The term 
"interpretation" suggests that this may be a process that is more or less consciously governed, and the degree of 
conscious control over the decisions correspond to the degree of performers' freedom. Therefore, musical 
interpretation research studies also the apriorica11ogics and intentional structure of interpretative thinking, as a 
basis for classifying concrete "systems of interpretative conceptions": Such systems, i.e. the musician's personal 
performance style, critically differ with respect to their (1) internal coherency, and (2) external correspondence 
to the work structure. The structure of such systems can be described in alternatively (1) intentional, (2) physical 
(acoustical) or (3) musical terms. 

A review of the musical and musicological literature shows that the aesthetical criteria of interpretative 
systems can be analysed and discussed in view of main science philosophical ideals, such a logical formalism or 
empirism, structuralism, hermeneutics and phenomenology. 

Together with documentation of interviews and rehearsal work, the intentional structure of musical 
interpretative thinking is clarified in a series of books (Musical Interpretation Research vols 1-2 and Musical 
Interpretation in Performance). A dissertation entitled Aesthetic Criteria for Musical Interpretation: A study of 
the Contemporary Performance of Western Notated Instrumental Music after 1750 was presented in Jyviiskylii 
Studies in Art, 45. 

The musician's reading of the score is not a 
neutral act of consciousness. It involves specific 
modes of attentive and directed mental approaches 
("intentionality"), meant to prepare the 
performance for his task and facilitate the 
transformation from "visual" code to sounding 
music work. The specific paradigms of thinking 
applied in order to provide favourable conditions 
for listeners' comprehension, are considered as 
"interpretive" pathways within the frame of 
artistic freedom. 

What is rendered in sound is not the score, but 
an outcome of the musician's cognitive processing 
of "reading" the score. This processing entails 
assimilative and emittive acts of interpretation to 
which the performer arrives at by his 
rendering-in-sound of the music work. This 
sounding result necessarily has a definite design. 
Within Western art music the notation is normally 
given as an object of interpretation: both the 
"origin" (Le. notation as 'fact' and point of 

departure) and the outcome of the interpretive 
process have specific traits that can be compared 
and objectively related. Such juxtapositions 
indicate what paths of thought have been 
productive during the interpretive process. This 
process allows several alternatives due to different 
basic approaches to the notational fact and to the 
contextual determinants of the work. Furthermore, 
there may be a fundamental indeterminacy of the 
signification of notational signs that expands the 
"wne of freedom", i.e. increases available 
alternatives. 

However, the practical implementation, Le. 
the physical execution of the music in 
performance, requires neuromuscular dexterity 
achieved by extensive training. The functioning of 
the sensomotorical nervous system can be an 
obstacle to realisation of this "musical image" into 
corresponding sound, or conversely, unrealistic 
imagination may be the cause of discrepancy 
between artistic intention and performance reality. 
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Communication of artistic intention is maximized 
at the point where the cognitive mastering of the 
interpretive process, including evaluative selection 
of an aesthetically satisfying alternative, 
corresponds to the technical skill of realisation. 

Accessory assimilative acts (apart from the 
basic sequences of reading-playing-listening 
described in MIR 1:94-108), such as (1) feed-
back--listening to alternative versions and (2) 
reactualizing retentions from earlier hearings of 
the work, may be involved in the creation of a 
mental image of the work. to be performed 
Various overriding aesthetic ideals due to different 
educational traditions, govern the preference 
choices of performing alternatives. Cognitively, 
reaching such a choice is an interpretive process, 
that can be analysed as regards its logical 
structure. The term "interpretation" suggests that 
this may be a process that is more or less 
consciously governed, active or passive; and the 
degree of conscious control over the decisions 
corresponds to the degree of the performers' 
freedom. 

Therefore, musical interpretation research 
studies also the aprioric logics and intentional 
structure of interpretive thinking, as a basis for 
classifying concrete "systems of interpretative 
conceptions": Such systems, i.e. the musician's 
personal performance style, critically differ with 
respect to their (1) internal coherency (e.g. 
intrainterpretative, intranotational or 
intracompositional structural relations; i-i, n-n , c
c), and (2) external correspondance, i.e. between 
an interpretive phenomenon and a documented 
notational, compositional or contextural structure; 
i-n, i-w or i-cx. The structure of such systems can 
be described in alternatively (1) intentional, (2 ) 
physical (acoustic) or (3) musical terms. The 
actual thesis focuses alternative (1). 

The analysis of interpretative processes 
requires consideration of basic models of science 
philosophical thinking, including a discussion on 
intentionality between conscious phenomena 
contra causality between physical facts and their 
paradigms of interaction. Four types of differently 
directed relations are distinguished 
(1)intrapsychic,(2) psychosomatic, (3) 
intrasomatic, and (4) somatopsychic. 

A review of the musical and musicological 
literature, shows that the aesthetic criteria of 
interpretative systems can be analysed and 
discussed in view of main science philosophical 
ideals provided by analytical philosophy, 
semiotics, structuralism, hermeneutics and 
phenomenology. 

Together with documentation of intelViews 
and rehearsal work. the intentional structure of 
musical interpretative thinking is studied in a 
series of monographs (see references). 

The relation between MIR and Music 
Performance Research 
The MIR project is completed by vol VI: it is a 
broad survey of science philosophical bases for 
interpretation science. From an exploration of the 
various positions of theoretical schools (analytic 
philosophy, historicism, semiotics, fonnalism, 
contextualism, and Schenkerian Vortragslehre) 
four basic pairs of categories of aesthetic problem 
and decision-making are extracted: (1) historicity 
and actuality, (2) authenticity and expressivity, 
(3) identity and difference, and (4) objectivity and 
subjectivity. These concepts are then compared to 
the ideas among actors of the practical music life. 
The perspectives are illuminated from the view of 
composers (Stravinsky, Schonberg, Sessions, 
Hindemith), conductors (Ansermet, Furtwangler, 
Karajan), pianists (Schnabel, Gieseking, Brendel, 
Gould, Harry) string players (Menuhin, Casals, 
Lork.ovic), and critics (Shaw, Kaiser). Profounder 
special studies investigate personal concepts of 
conductors (Celibidache, Sacher, Blomsted, 
Dorati) and pianists (Leygrat) by interviews and 
analyses of decisional patterns at rehearsals. 

MIR focuses the intentional content of 
interpretive thinking whereas Music Performance 
Research studies the acoustic correlates and 
results of such cognitive procedures. Since the 
cognitive processing at the neural level cannot yet 
be sUlVeyed with sufficient resolution we have to 
use questionnaires that clarify the productive 
intentional content of various performance styles. 
Therefore, the aesthetic postulates (in MIR VI) 
refrain from claiming any physical objectivity 
whatsoever. On the other hand, the science 
philosophical and musico-Iogical analysis of the 
basic modes of consciousness, such as variously 
directed intentional acts of interpretation involved 
in the processing of the assimilative and 
reproductive musical mind, becomes a crucial task 
of this project. A main distinction is made 
between inpretation, directed interpretive 
intentionality from subject's consciousness 
towards the determinants of the musicwork. (a 
"reading_in" of content), and expretation, an 
interpretive direction from the work to the 
reflecting subject (a "reading-out" of content). A 
systemacy of finer subtypes of interpretive acts is 
developed. 

Consequently, the review of the research 
paradigm of music performance research (MIR 
VI, ch. III:4, pp 310-345) comprizes a 
metascientific study of the basic patterns 
presupposed and applied in this research. For 
example, the much bespoken rule "the higher the 
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louder" is designated as "positive Mn - Dp 
correlation", or abbreviated Mn + Dp 
(Mn=Melodic, notated; Dp=Dynamic, perfonned) 
according to the preliminary formal language for 
interpretation analysis given in MIR 1:70-72. 
Another of Sundberg's rules, "shortening lower 
note in rising interval", is a Mn - Rp, i.e. a 
negative correlation between notated melody and 
performed rhythm. It is interesting to relate this 
rule, from an aesthetic point of view, to the 
concepts of 'distantial tension' and 'natural 
tendencies' of Sergiu Celibidache. A preliminary 
analysis of the rule systems given by Sundberg 
(1991: 166) further treats the "accents marldng 
durational contrast" (Rn + Dp), and the"amplitude 
marking harmonic distance" (lIn + Dp; H for 
harmonic). Aesthetically, a discussion should be 
incited on how these and other rules interact 
in complex personal interpretive patterns. 
Especially, it is necessary to specify more 
carefully the structural and contextural conditions 
for the applications of a certain rule within the 
focused concept 

An important distinction: (1) a rule states a 
"correlation" as a given fact, without proposing 
anything about intentional procedures. In this case 
there is a possibility of a hidden third cause, i.e. 
the correlation might be an unwanted outcome of 
some other still unknown intention. Or, conversely 
(2) the rule can state an "implication", either 
logical, volitional or experiential. In this case it 
says something about intention, and we may 
assume an underlying cognitive processing. If 
volitional, and given the interpreter's awareness of 
his own intention and action, the repertory of rules 
forms a list of possible aesthetic choices, and each 
interpreter is 'obliged' to select his personal set 
from it. Therefore, the more rules in the 

t "uncommitted" list, the more useful the generative 
system for further research of personal concepts. 

The rules follow the pattern of an input-output 
system. Outputs are one or the other of two 
dimensions, namely dynamic (Dp) or durational 
(Rp; rhythm performance including duration, not 
to confuse duration with Dynamic, D). The inputs 
are of the dimensions pitch (M for melodic), 
duration (R), harmonic (H) and form (S for 
structure). 1 make a principal distinction between 
input-output-pairs that belong to either the same 
dimension (identical, ID, monodimensional) or 
different dimensions (DIFF, multidimensional): 
For example, the rules "sharpening durational 
contrasts" (1985:68) and "amplitude smoothing" 
are monodimensional (lD) as far as the 
input-output dimensions concern, while the other 
rules are multidimensional (DlFF). A 
transference rule, should define the relation 
between ( 1 ) differing dimension pairs, as well as 

(2) identical dimension pairs, on principal level. 
One should state relations between the involved 
dimensions, taking the Mn + Dp of Sundberg's 
first rule as a paradigmatic example: (1) the 
notion of "pitch" (or "melody" for "melodic 
aspect") to (2) the nqtion of "dynamic", as well as 
defining (3) the relation between "'notational" and 
"interpretive", or in the physicalistic terms used 
by Sundberg, (4) between "acoustic" and 
"performed" . 

Further there is a need to explicitly define the 
cross-wise relations between these dimensions and 
notions: i.e. transference rules relating "acoustic 
pitch" to "performed dynamic" as well as 
"performed pitch" to "acoustic dynamic". This 
would complete their system. 

The Music Performance Research by 
Sundberg (et alia) represents a basic progress in 
the development of methods for testing of 
proposed criteria of performance, with the 
limitation that the parameters are defined by 
means of physical entities only. One problem is 
that the system is not interactive and remains 
fixed during the performance without adapting to 
the actually unfolding phase of the 
composition (cf.Celibidache's "Expansionsphase", 
"Kompressionsphase", MIR IV:85). But nothing 
prevents further additions of complex rules to the 
system. 

Finally a note on the epistemological status of 
the proposed systems of "rules": Since these rules 
are not evident by reference to some apriorical 
distinctions on logical or metalogical grounds, 
they must be regarded as . hypothetical 
postulations, generated on the basis of empirical 
impressions and musical common sense 
observations, even if they are later corroborated 
by inquiring test groups. This question concerns 
the origin and production of aesthetic rules. For 
example, the Schenkerian analytic system clearly 
generates a specific set of rules. Another inquiry 
concerns whether we have to distinguish 
epistemologically between the kind of rules 
demonstrated and invented by artists and rules 
generated by researchers or music theorists on 
other than practical bases. 

If an empirical truth is supported by evidence 
and considered established only after this and 
exactly on such grounds, then all rules 
consequently need to be tested in the same way in 
order to be continned within the chosen 
epistemological system. The problem is that the 
outcome of such tests depends on what goal one 
refers to: a test can be confinned or disconfinned 
by reference to (1) findings of massive empirical 
material (e.g. phonogram recordings), or by any 
(2) overriding generative aesthetic ideal that is 
shown to be undisputed, or at least made probable 
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and accepted by (3) the prevailing opinion in the 
musical community. 

Another way, that I have attempted to follow, 
would be to secure results by relating to · a 
superior cognitive and metalogical structure. By 
substituting the concept of "rules" for "contextual 
and structural tendencies" (or, even Celibidache's 
"natiirlicheal Tendenzen"), I can confinn certain 
points of Sundberg's research empirically by 
adducing supportive evidence from rehearsals and 
seminars with Sergiu Celibidache. But it is 
important to note the difference between 
intentional and acoustic terms. Provided the 
"rules" may be regarded as bOth intentional and 
"real", I would designate "the higher the louder" 
as (1) Mn + Dp: it then should be accepted as a 
candidate for being an aesthetic criterion of 
musical interpretation, within a given style frame. 
Its structural and contextural conditions must be 
further specified. The pertinent ideals of 
compositional and interpretative styles where it 
can be applied must be precisely circumscribed 

Other rules - "shortening lower note in rising 
interval", "accents marking durational contrast", 
and, "amplitude marking harmonic distance", or, I 
would add, marking hamonic distance to (a) main 
tonality, (b) regional tonality or (c) immediate 
chord environment - should he seriously 
considered within the systems of (2) Mn + Rp, 
(3) Rn + Dp, and (4) Hn + Dp, respectively. 

Conclusion 
Compared to music performance research, MIR 
focuses the cognitive pattern of musical thinking 
on the level of consciously reflected aesthetic 
consideration. The approaches are complementary, 
focusing different domains of reality. There may 
be a practical reason for this different focus of 
MIR, along with the theoretical: Interpreters are 
conventionally supposed not to imitate any 
empirical results in their performances: 'imitate 
neither other musicians nor yourself is often 
found to be a guiding imperative. It is generally 
assumed that musical interpretation in 
performance (mip) is a genuinely artistic and 
creative acticity. The combined analytic 
approaches of Sundbergs performance research 
and MIR should be able to disentangle the case, 
and demonstrate if this conventional opinion is 
true: In what sense is, and can mip be truly 
artistic and creative? What criteria must be 
fulfilled for it to be an "art"? The criteria of 
artistic independence and coherent interpretive 
pattern within a limited zone of artistic freedom 
must be considered. In consensus evaluation, a 
performance should represent an independent 
musical design, and a genuinely individual 
interpretation of the work. But the personal profile 

may not interfer with basic constituents, and 
"essential"detenninants of the musicwork. 
Despite the sci~nce philosophical limitation of 

the experimental computer aided synthetic 
performance research for purpose of aesthetic 
illumination. Music Performance Research 
provides a rnethodologic fundament for 
investiqations that aim at clarifying the formal 
systems and criteria of interpretive style traits in 
performance. However, the aesthetic judgement of 
a musical mind Cannot be dispensed with. Further, 
the superficial relation to musical work-analysis 
(wa) and interpretation analysis (ia) remains 
problematic, and the criteria proposed must be 
related to the complex patterns of interaction in 
ensemble playing and to the unfoldning in time of 
complex compositional structures. 
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Notes on a prototype of human-computer interface 
for artistic interaction. Some aspects of the live 
computer music work, SENTOGRAFFITO. 
T Ungvary & P Lunden 

" .. in some cases the only way to detennine answers is by testing" 
W.Buxton 

Abstract 
A system is presented for the communication of abstract gestures between two systems, demonstrating how such 
gestures can be used to make a small example composition for music and dance. The two separate systems can 
also be demonstrated in detail. The choreographic system includes several types of notation, specialized editors, a 
real-time animation program for visualizing human motion with synchronized music. The musical system 
includes tools for visualization of music and sonic structures, knowledge representation of sound synthesis based 
on the frames and constraint paradigms controlling software synthesis. Anew, 3D touch sensitive input organ, 
the Sentograph, is also used to conduct MIDI parameters and create MIDI events. 

Sentograffito, a composition for live electronics, 
arose from necessities and attempts. The KACOR 
multimedia laboratory have facilities for computer 
based digital signal processing (DSP) and 
computer graphics with the emphasis on computer 
music and computer aided choreography 
[Ungvary 91]. We felt that after many years of 
research and development it was time to prove our 
computer music system, our ideas on human
computer interaction and our technical/musical 
partnership in practice. 

We attempted to integrate our different 
musical, technical skills and knowledge within one 
composition. Generally speaking, we attempted to 
integrate interactive real-time improvisation, 
sound distribution and non real-time, prescriptive 
composition. (The term prescriptive is used to 
define a kind of notation in the sense that it can 
serve to re-create that work in performance.) We 
combined sonic materials (since the word "music" 
is more or less a subjective term, we will use 
"sonic structures" as a synonym for organised 
sound), elements, structures established and 
fonned beforehand with improvisation and 
spontaneous manipulation of materials (the impro
vising or extemporising of music is the art of 
spontaneous composition, variation or ornamenta
tion. The nature of improvisation is to be a 
creation of the moment, therefore it is not 
recorded in notation beforehand). 
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The terms structure fonning and manipulation 
of materials refers to the basic functions of the 
compositional process, to the controlling of formal 
shape and coherence, and to the compositional 
strategies by which the relationship between the 
basic materials (e.g. sounds or movements). are 
formed and changed. 

In any forms of art, two principle aspects of 
the creative process can be distinguished: the 
cognitive, analytical, and the emotive, 
improvisatory. Complex sonic structures as a 
whole, can only partly be controlled and 
manipulated in a real time situation. The human 
perception of multidimensional and simultaneous 
stimuli and response to them is too limited. 
Fonning time-dependent structures also 
presupposes a spatialisation of time. These factors 
make the use of a prescriptive notation necessary 
for any type of planned composition. When the 
basic behaviour of the materials and the actors is 
defined, modification and development of the 
behaviour (or composition) can take place in an 
improvisational, real time environment 

Notes on the Music 
In this composition we aimed at integrating the 
concept of lattice oriented traditional instrumental 
stream - fixed-pitch, duration and timbre - and of 
the sonic continuum - pitch-, amplitude- and 
timbral evolution The instrumental sounds (flute, 



piano, percussion and string orchestra) are all 
sounds of a Proteus synthesizer and the vocal 
sounds are produced by the Musse Dig 
synthesizer for singing synthesis. The 
electroacoustic sound material (EA-s.m.) consists 
of digitized natural sounds treated and material 
created by the signal processing softlhardware 
system UPIC (l':Atelier UPIC, Massy, France). 

Sentograffito starts with an introduction (flute 
and EA-s.m.) followed by a piano improvisation 
succeeded by a slowly growing ' sonic process 
(singing, percussion, string orchestra and EA
s.m.). Reaching a culminative conclusion, the 
piece fades out with an epilogue recapitulating the 
motive of the introduction. 

Notes on the hardware 
The attached figure shows a schematic, general 
overview of the hardware system used and it's 
interconnections. By studying it one may detect 
the connections for the three main streams of 
sounds obtained from: 
o the Proteus synthesizer card within the 
Macintosh, controlled by a Sentograph, 
o the MusseDig synthesizer for singing synthesis 
[Carlsson et al.91] within the IBM PC, controlled 
also by a Sentograph, 
o prescriptive, precomposed sound structures (as 
digital sound files) are played from the harddisk 
of the SG I Indigo and processed by the Lexicon 
300 digital sound processor which is controlled by 
yet another Sentograph. 

The sound streams has been di~tributed by the 
mixer to a four-channel loudSpeaker system 
controlled by a trackball. 

The control streams of the input devices has 
been collected, processed and distributed by MAX 
programs, one MAX-program for each of one the 
two Macintoshes. MAX [Puckette 88, Puckette 
and Zicarelli 90].is a graphical programming 
environment for real-time processing of MIDI 
(MIDI (Musical Instrument Device Interface) is 
the music industry's standardized communication 
protocol and hardware specification for 
computers and electronic musical instruments.] 
streams, developed at IRCAM (!RCAM is part of 
the Centre Georges Pompidou art center in Paris, 
France. MAX was invented by Miller Puckette at 
IRCAM. Sold since 1991 as a commercial 
product by Opcode Systems (palo Alto, 
California), MAX runs on Apple computers. 
Another version of MAX runs on the IRCAM 
Music Workstation, which uses the NeXT 
computer. It will be ported to the SGI Indigo 
family of computers in the near future). 

As we can see, the Sentograph plays a central 
role within the compositional process. But what is 
a Sentograph? It is a touch sensitive input device, 

invented by Manfred Clynes for neuro
physiological research [Clynes 80]. The original. 
design has been improved by the Laboratory of 
the Dept. of Psychology, Uppsala University, 
Sweden, with the participation of Tamas 
Ungvary. It consists of a rectangular box 
containing the mechanics/electronics and a button 
on an axle on the top of it. The new construction 
allows independent measurements of the of finger 
pressure in all three dimensions (instead of only 
two in the original construction). This is 
accomplished by using a linkann system with 
ball-bearings to divide the finger pressure into 
there distinctly separated coordinates. The 
sensitivity of the Sentograph has an estimated 
range of 8 to 1000 grams. It's three analog output 
signals are converted into MIDI messages by a 
modified MIDI control device, the Fadennaster, to 
be able to drive the MIDI controlled equipment 
(the Sentograph has already been used at EMS 
(Institute for Electroacoustic Music in Sweden) in 
1990 where Tamas Ungvary has attached it to the 
old hybrid system ( PDP-IS computer interfaced 
with both analog and digital systhesizer modules) 
and composed the every last piece with that 
system, "Istenem, Dram !"). 

About the human-computer interaction 
Different computers, different programs are using 
different interfaces for human-computer inter
action and dialog. Buxton identifies nine major 
dialog styles [Buxton et al . 87].The different 
Interactive Dialog Styles are : 
o Command Line dialog 
o Programming language dialog 
o N aturallanguage interfaces 
o Menu Systems 
o Fonn filling dialoges 
o Iconic Interfaces 
o Window Systems 
o Direct Manipulation 
o Graphical Interaction 

He also writes : 
"Managing input is so complex that it is unlikely 
that we will ever totally understand it. No matter 
how good our theories are, we will probably 
always have to test designs through actual 
implementations and prototyping. the consequence 
of this for the designer is that prototyping tools 
(software and hardware) must be developed and 
considered as a part of the basic environment." 

We incorporated elements from several styles 
into our prototype of interactive environment, 
however at the perfonnance we relied mainly on 
the Direct Manipulation Dialog, in which we 
could manipulate the underlying data With human 
movements, with gestures. The Sentographs we 
touched with the fingers. We pushed the buttons 
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of the two small keypads we constructed and 
placed in the immediate neighbourhood, round the 
button of the Sentograph. We pulled about forty 
sliders, used the trackball and the computer 
keyboards as well. 

Besides the quantity of used controllers, we 
also used multiple device input, not only two
handed, but also four fingered ones. We placed 
two Sentographs side by side, two small keypads 
with seven and four keys on the surface and on the 
side of the their box. In this way the author (TV) 
could use both the forefinger and the ringfinger 
for touching the buttons of the Sentograph and hit 
the keys with his thumb and little finger. This 
ergonomic configuration resulted in a six 
dimensional continuous gestural (gestural 
interface uses motions of the body to transmit 
information. Hitting a key on a computer 
keyboard with a finger is not a gestural interface, 
since only the depression of the key itself 
transmits information) and two dimensional 
discrete perfonnance (perfonnance interface is 
any device that allows a perfonner of music to 
interact with a computer during a perfonnance) 
control at the very same time, with one hand. This 
design is an attempt to satisfy the compound task 
handling requirements of computer aided real-time 
composition and interpretation. 

By using Sentographs as manual input, 
kinesthetic connection reinforced the conceptual 
task to make computer music which has a living 
quality achieved through phrasing. 

From the compositional point of view, these 
interfaces controlled different musical parameters. 
Fot example, one Sentograph controlled 
amplitude, pitch and the density of pitches, the 
other one mainly controlled the parameters 
effecting sound quality and colour. By hitting a 
key on the keypad, one could start to record a 
sequence just played or recall a previously 
recorded sequence. Other keys activated 
transpositions or reordering of the pitch structure 
into different scales. 

The detailed analysis of the interface and 
software design, both from technical and musical 
point of views, will be the subject of a paper in 
the future. 
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Evaluation of musical instrument quality by 
computer systems. Examples of real isation 
G Widholm & W Winkler 

Abstract . 
This paper presents the concept and realisation of a DSP-based PC-Workstation for the evaluation of mUSiCal 
instrument quality. A short discussion on various aspects of "musical quality" is followed by suggestions for the 
correlation between acoustical measurement data and practical playing experience. By the example of BIAS 
(Brass Instrument Analyzing System) the realisation of such a hard- and softwaresystem is shown. Based on 
impedance measurement data, methodes for calculation and evaluation of quality parameters as there are 
Intonation Error, Pulse Responsiveness and Sound Quality, are given. 

Defmition of musical quality 
For the audience the definition of musical 
instrument quality is commonly reduced to the 
quality of the radiated sound in the far-field. The 
listener can only valuate the sound produced by 
the instrument (and the player). Quite different is 
the situation for the player himself, the quality of 
an instrument includes some more aspects, as 
there are: the responsiveness (how easy it is for 
the player to realize a note on the instrument), the 
intonation (how good do the "natural frequencies" 
correspond with the equally tempered scale, an 
important criterium of quality for wind 
instruments) and last but not least the sound 
quality in the near-field (which is in many cases 
unfortunatly not proportional to the received 
sound quality by listeners in the far-field). For 
fonn's sake it should be mentioned that subjective 
aesthetic aspects like the used material, the colour 
and design of an instrument can sometimes highly 
influence the valuation of quality by the player. 
But such aspects are not a subject of interest of 
our paper. 

The problem is, that we have to deal with 
criteria of quality which are defined by musicians 
and there is no direct relationship (mono
causality) existing between such player-defined 
quality criteria (for example "response") and the 
data obtained by simple physical measurements. 
This relationship can only be established by 
measuring various objective acoustical qualities of 
the musical instrument (for example input 
impedance, admittance, transferfunctions, pulse 
response, ... ) and processing these "gross data" 
due to the physical phenomenons inside the 
instrument during the playing in such away, that 
every playable note of the instrument is 
represented by a specified coefficient which 
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corresponds more or less exactly to the feeling of 
the player. This often means a lot of creative work 
and boring statistic jobs by the scientist and 
always an enonnous number of calculating jobs 
by the computer. 

Trying to verify the results of a developed 
method by the principles of statistics, usually a 
new problem occurs, which is well known by 
instrument makers because of their highly 
dependence on the valuation of their instruments 
by professional players: whilst player 1 is very 
impressed of the outstanding quality of a certain 
instrument, player 2 locates the same instrument 
only in the mid- or lower range of the qUality scale 
(needless to say, that nearly all professional player 
are convinced, that their expert opinion has to be 
taken as an objective "factual statement"). What's 
the matter there? Who is right, player one or two? 
The solution of the problem: both are right! A 
musical instrument (particularly wind 
instruments) can have one objective qUality and 
sometimes two or more different subjective 
qualities. It is caused by the fact that the player 
and the wind instrument fonns (under 
consideration of the physical point of view) a 
control loop. 

Therefore it is necessary to take these facts 
under consideration by developing algorithms for 
quality evaluation of musical instruments. 

Concept of a DSP-based workstation 
Fig. 1 shows in general the concept of such a 
workstation. Exciting devices can be impulse 
hammers, shakers, loudspeakers and electro
magnetic exciters (DUnnwald, 1988) for violin, 
viola, cello and double bass, and impedance 
heads, loudspeakers and other artificial blowing 



devices for brass- and woodwinds. On the 
inputside of the system piezoelectric 
accelerometers and of course microfones can be 
used for data acquisition. The advantage of such a 
system can be seen in the fact that one needs only 
one kernel hard- and software for all instruments. 
Various excitation- and inputdevices can be used 
depending on the kind of instrument to be 
measured 

In the case of stringed instruments for example 
the DSP generates a sinusiodial signal with a 
frequency sweep between 100Hz and 10 kHz. 
The string instrument is excited by a modified 
"Dlinnwald" device, which takes the bridge of the 
instrument to vibration according to the frequency 
sweep. With a microphon, the radiated sound of 
the instrument is recorded, processed and 
displayed as "transfer function" or "sound 
spectrum" of the instrument Under the 
assumption of a saw-tooth shaped excitation 
signal and according to the data of the 
transferfunction, synthetic or artificial sound 
spectra for every note can be calculated and 
heard. Such a system was developed by VUZQRT 
in Prague and is in use also at our institute. As the 
conuibution of P. Bazant at SMAC93 
demonstrates, useful algorithms for evaluation of 
stringed instruments by the · computer can be 
extracted by correlating the transfer-function data 
of instruments with the valuation done by players 
and instrumentmakers. 
BIAS-
Brass Instrument Analyzing System 
As an example of realisation let me discuss one 
part of our workstation more detailed The 
principles of function of brasses are well known in 
the literature (e.g. Benade, 1976). At first the 
correlation between player defined quality 
parameters and the acoustical parameters of the 
ins~en~ has to be done. An idea of the complex 
relano~hip between musical parameters, 
mechanical parameters of the instrument and 
measured acoustical parameters is given in Fig. 2. 

ROOM 
--. 

Input 
devices 

I 
I 
I 

Impedance Musical 
Characteristic Parameters 

Mechanical 
Parameters 

Figure 2: Relationship between mechanical 
parar:neters of a brass wind instrument, 
quaZlty parameters defined by musicians and 
measured impedance parameters. 

~easurements in the frequency domain e.g. 
~pedan~ measurement give already good 
informations on the intonation characteristics, but 
no direct visible information on settling time of the 
instrument, on its response or effects caused by 
unwanted reflections inside the tube. These 
transient phenomena are an important part of the 
acoustical behaviour of a brass instrument and 
highly influence the "playing feeling" of the 
musician. To get an idea about these effects 
measurements in the time domain have to be done: 
A combination of both methods can provide with 
a sufficient quantity of data as a base material for 
subsequent processing. As the realisation of a 
practical system of measurement for excitation 
with an exactly defined short pulse (Dirac-pulse) 
causes high efforts of technical resources, we 
decided to calculate the pulse response of the 
instrument by processing the data of impedance 
measurement Detailed information on the used 
algorithms are given in (Winkler & Widholm, 
1992). 

INSTRUMENT 
t 

PC exciting 
devices 

microfons DSP 
stringed Instruments Impedance % heads H ADC/DAC pr;/power amp. 1-. 

woodwinds 
a.s.o. brasses 

Figure 1: General concept of a workstationfor the evaluation of musical instrument quality. 
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rubber supporting plate 
for the mouthpiece rest 

tubes filled with 
steel wires act 
as impedance 

transformers 

plastic 

damping 
material 

measuring 
microfon 

brass 

preamplifiers 

reference 
microfon 

loudspeaker 

Figure 3: Measuring headfor brass wind instruments usedfor BIAS. 

Hardware 
For the DSP-board inside the PC (Fig. 1) a Burr 
Brown ZPB34 Processor is used. An external box 
contains the ADCIDAC's, filters of 7th order, two 
preamplifiers (one for the measure-microfon 
inside the mouthpiece which can be switched to an 
external microfon for sound recording) and one 
for the reference microfon near the membran of 
the loudspeaker. A power amplifier provides the 
loudspeaker with the excitation signal, generated 
by the DSP. 

The measuring head is shown in Fig. 3. To 
avoid sound conducted through solids, different 
materials are used. On the rubber plate on the top 
of the head, the mouthpiece of the instrument to 
be measured is fixed in such away, that the 
protruding volume of the wire-filled tubes and that 
of the measuring microfon corresponds to the 
volume of that part of the lips of the player, which 
is located "inside" the mouthpiece. This simulates 
the "effective" volume of the mouthpiece during 
playing the instrument. 

Software 
The software is written in Visual Basic and uses 
the graphical user interface of Windows 3.1. This 
allows a hardware-independent convenient 
implementation on various kinds of PC's. The 
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diagramm in Fig. 4 shows the various steps of 
processing including the external hardware. 
The information about the excitation signal is 
stored on harddisk and loaded down to the DSP. 
The generated signal is a so called "Multitone" 
within a frequency band of a Hz to 4 kHz. It 
consists of 8000 discrete frequencies 
simultaneously, with an frequency interval of 0.5 
Hz, well defmed amplitudes and a particular 
phase relation. The result of superposition looks 
like "white noise" but does not require calculation 
of mean values. The advantage of this method is 
an effect of time saving (compared with the 
common used "sinus-sweep-method") up to a 
factor 70. The minimum length of measuring 
procedure is only limited by the required accuracy 
of frequency resolution. As the maximal 
frequency resolution of the impedance plot was 
defmed with 0.5 Hz, one measuring cycle needs 
about 3 seconds (2 seconds data acquisition and 
about 1 second calculating the FFT's and the 
pulse response). On the other hand, the total 
energy of the signal is spread over 8000 partials, 
which causes a worser signal to noise ratio. 
Increased vagilance has to be spent on well done 
filtering. 



DATENFLUSS SCHEMA 
MIC 

1 Start 
Messung 

Figure 4: Diagram of the data flow including the coordination between BIAS-software and 
DOS as well as data processing by the DSP. 

Impedance curve - an acoustical visit card 
After initial starting the DSP procedures are 
loaded down. For impedance measurement the 
DSP provides the poweramplifier with the 
multitone. To eliminate the resonance 
characteristic of the volume inside the impedance 
head above the loudspeaker, a second channel 
beside the measuring channel 1 (measuring 
microfon inside the mouthpiece) is introduced 
(reference microfone above the loudspeaker 
membran). Both channel data are sampled down, 
smoothed and processed by a 16 k FFT. The 
quotient of the magnitude of the two spectra is 
displayed as "impedance curve" on screen (Fig. 5) 

Intonation error 
The calculation of intonation error has to be done 
step by step. At first the frequencies 
corresponding to the "peaks" of the impedance 
curve (Fig. 5) have to be detected. According to 
Benade, 1976 and Ossmann et al., 1989, only 
those frequencies represent the notes which can be 
played by the musician on the brass instrument 
The next step is to correlate the detected 
frequencies with the notes of the musical scale. As 

there exist many scales (Sundberg, 1991), we 
chose as default tuning the equally tempered scale. 
Before we can calculate the intonation error 
another problem has to be solved: the reference 
pitch (e.g. a1= 440 Hz, or 443 Hz, or ... ). This is 
done by searching for a pitch where the sum of the 
relative deviation of the obtained frequencies due 
to the system of the equally tempered scale is a 
minimum. Frequencies, for example the first, 7st, 
11 th and 13th peak, which are not used by 
musicians are not included into this process. 
Having found the reference pitch of the 
instrument, the intonaton error of every single 
"natural tone" is calculated and displayed on 
screen. To get the whole tone reservoire of the 
instrument, impedance measurement must be done 
with all valve-positions (Fig. 7). As all brass 
instruments are "transposing" instruments the 
graphical display of the musical notes on screen 
can be switched between "absolute manner" or 
"transposed manner". 
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Practical experience shows, that these 
objective intonation data can correspond with 
playing experience (particular for piano notes), 
but often does not! This is because the calculation 
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Figure 5: Acoustical "visit card" (impedance 
curve) of a french horn. 
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Figure 5a: French horn with bad quality. 

model simulates a pure sinus wave as excitation 
signal. In reality the player excites the instrument 
with a sound-spectrum containing many partials 
with different amplitudes. Therefore not only the 
impedance peak at one frequency has to be taken 
under consideration, but all multiple frequencies 
of the fundamental of the virtual blowen note. The 
contribution of each partial of the excitation 
spectrum to the "over all" impedance of a 
particular note has to be weighted according to its 
amplitude. This procedure can shift impedance 
peaks on the frequency axis and the correlation to 
playing experience gets much better. It is clear 
that the "weighting procedure" must be a dynamic 
one, depending on the musical dynamic (p, mf, ff, 
... ) and the used register of the instrument (low, 
middle, high). A simple, non dynamic algorithm, 
which produces a good correlation with players 
experience is for example sqrt (1/x). This method 
must be used for all brass instruments with long 
tubes (e.g. trombone, tuba, ... ), and can be used to 
simulate a "subjective" intonation quality for the 
notes played by a particular, individual player. It 

- 100 

~igure 6: Calculated pulse response of the 
mstrument of FigS. The peak on the right 
side marks the end of the bell, the small peak 
at cm 160 indicates a discontinuity at the 
connection-point between the crook and the 
corpus, and the peak at cm 250 marks the 
valves. 

should be mentioned, that the calculation of a 
subjective qUality for an individual player only 
works if you had extracted the excitation 
spectrum of that particular player before. 

Sound spectrum 
For analysis of a "real played" note of an 
instrument played by a musician, the preamplifier 
is switched to an external microfon. After 
downsampling, the input data are processed by a 
16k FFf and displayed on screen within a 
frequency band of 0 Hz - 20 kHz as a "sound 
spectrum". 

PuIs response 
Using the Hilbert Transformation and Inverse 
Fourier Transformation (Winkler & Widholm, 
1992), we obtain from the impedance data our 
information on the puis response of the measured 
instrument This "look into the tube" of the 
instrument is an important feature for 
instrumentmakers. With an accuracy of +/- 1 em 
they can locate unwanted reflections e.g. caused 
by inexact soldered valves. In addition to this, the 
effective "acoustical length" of the instrument can 
be determined and the position of the slides 
optimized (Fig. 6) 
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Figure 7: Intonation error (without weighting)for the instrument of Fig. 5 including all valve 
positions (some notes can be played with more than one valve position) over the whole 
chromatic range of the instrument. The numbers above the bars (we use only color-prints) 
indicate the valve position with the best coincidence to the equally tempered scale. 

Responsiveness 
Responsiveness, as it is defined by the player, 
includes the dependence on various physical 
parameters. This problem has not really been 
worked out by researchers up to now. K. 
Wogram's suggestion on this problem is an 
algorithm which includes the Q-factor and the 
intonation error and a second one, which takes 
into account the absolute hight of the impedance 
peaks (Wogram, 1989). We are testing at present 
various algorithms which include all above 
mentioned parameters with different weightings. 
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Some thoughts on physical modeling 
A Chaigne 

Abstract 
Physical modeling techniques refer to musical synthesis algorithms based on a mathematical description of 
vibrating systems. Emphasis is put in this paper on the use of such techniques for simulating real existing 
instruments. It is shown, in particular, how simulated tones can help in addressing a variety of current questions 
in the field of musical acoustics, from both a physical and perceptual point of view. 

I.Physical modeling : 
A pluridisciplinary domain 
Strictly speaking, the expression "physical 
modeling" can be applied to any research in 
physics, where the goal is to build a model based 
on a given set of mathematical equations, in order 
to describe observed phenomena. In acoustics and 
mechanics, one has to deal quite often with a 
numerical treatment of the equations, due to the 
complexity of structures and sound fields under 
examination. This is the case, for example, when 
the mathematical description of sound and 
vibration phenomena involves nonlinear 
equations, since no analytical solutions can be 
obtained. 

The development of numerical modeling, with 
the extensive use of computers, makes it possible 
to simulate the behavior of mechanical structures 
and sound sources. Numerical simulation tools are 
now becoming of prime importance in various 
branches of physics. Whatever the method used, 
the results of the simulations usually take the form 
of files, made of successive numerical values of 
computed variables or functions. For a so-called 
"time-domain" procedure, these values are 
arranged in a given order, which is proportional to 
the time sampling period. Parallel to the 
development of numerical methods and dedicated 
software, improvements were made in the design 
of special boards devoted to digital-to-analog 
conversion. Thus, it becomes possible to convert 
numerical results of simulations into sound. This 
feature is of major interest in the field of musical 
acoustics, since it allows us to use our auditory 
perception in order to evaluate the quality of the 
model. 

The expression "physical modeling" has also 
been widely used during the past decade in the 
computer music community. In this context, the 
expression refers to various families of synthesis 
algorithms, where basic mathematical formulas of 
physics, such as the string wave equation, serve as 
a starting point for producing a great variety of 

sounds with relative free references to the 
vibratory behavior of real mechanical structures. 
In this paper, attention will be mostly paid to the 
use of numerical techniques for the simulation of 
real existing instruments, from the point of view 
of the physicist, rather than from the point of view 
of musicians and composers whose aim is to 
produce new sounds and to play new instruments. 

Musical instruments are very elaborate sound 
sources. They can be considered as being the 
result of centuries of research by several 
generations of instrument makers and musicians. 
However, as far as we know, this research 
primarily made use of empirical methods, trial
and-error procedures and auditory evaluation. 
Simulating today's instruments by means of 
physical models may then help us to better 
understand how these complex mechanical 
structures can generate interesting sounds, and 
consequently to understand the empirical 
processes used by the makers in the past. 

For the computer scientist, the world of 
numerical simulation offers a large variety of 
problems to solve. In most cases, the model 
consists primarily of a set of continuous 
differential and partial differential equations, and 
thus the first step is to derive a numerical 
formulation of this model. Various synthesis 
techniques have been used in the past twenty years 
for modeling musical instruments. Some of them 
are briefly reviewed in Section 2. 

A numerical simulation program of sound 
synthesis based on physical modeling usually 
involves a large number of geometrical,acoustical 
and mechanical parameters, in order to account 
for the complexity of musical instruments. Only a 
few of them can be reasonably modified by the 
user, who is usually not aware of the structure of 
the synthesis program. Moreover, the control of 
the program might be different, depending on the 
context in which it is used: research in musical 
acoustics, psychoacoustical tests or music 
composition. Therefore, the elaboration of new 
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tools and new environments for the control of 
synthesis is another challenge for the near future. 
The question of balance between control and 
complexity of sound synthesis will be discussed in 
Section 3. 

The basic principles of the physics and 
mechanics of musical instruments are well 
understood today, and the mathematical theory of 
strings, plates and tubes can be found in any 
textbook for undergraduate students. However, 
the sounds produced by a discrete version of these 
equations are usually far from evoking real 
instruments. Therefore, one interest of numerical 
simulations is to test to what extent the quality of 
synthesized tones can be improved by increasing 
the complexity of the model. In addition, from the 
point of view of music perception, the model can 
be used for establishing connections between 
physical parameters and sound qualities. These 
points will be discussed more extensively in 
Sections 4 and 5. 

2. A survey of some synthesis techniques 
In a number of musical synthesis methods 
developed in the past, one can see a strong 
connection with the concepts of linear systems 
theory and the digital filtering domain. Here, the 
only discrete variable is time, since the space 
variable is implicit. The wave equation is assumed 
to be partially solved, since each algorithm 
belonging to this category makes use of 
propagating waves. In addition, these methods 
make use of signal processing tools, such as 
convolution and the reflection function. Some of 
these methods are very close to the physics, the 
input parameters being the results of previous 
measurements on real instruments. This kind of 
model is used as a tool for a better understanding 
of the generation of vibrations and sounds in wind 
and string instruments (McIntyre & aI., 
1983 ; Keefe, 1992). In these simulations, the 
authors generally pay more attention to accurate 
comparisons between real and simulated 
waveforms than to other features of the program, 
such as flexibility, ease-of-use and computing 
speed. By contrast, it turns out that these last 
three features are the prime qualities for other 
families of string and drum synthesis algorithms, 
where the output signals are perceptually similar 
to the sounds of existing instruments but cannot 
be seriously compared with sound or vibratory 
waveforms measured on real sources (Karp Ius & 
aI., 1982). More recently, new powerful synthesis 
methods were developed, which can be regarded 
as intermediate steps between "pure physics
based" and "pure digital filtering" techniques 
(Smith, 1992). 

The use of tnecano-electrical analogies has 
also been used for many years in musical 
acoustics. It has been shown by several authors in 
the past that the tnechanical properties of strings, 
bars and tubes could be described in an elegant 
manner by using the formalism of transmission 
line theory. By Using a discrete formulation of this 
theory, one can then replace the continuous 
structure by lumped elements. This idea of 
discretizing the structure itself is still present in 
more recent simul ation algorithms. One interest of 
transmission line analogies comes from their 
particular ability to allow electrical simulations of 
mechanical structures. Their efficiency has been 
proved in various simulations of string 
instruments (Suzuki, 1986; Nakamura, 1993). 

About twenty years ago, L. Hiller and P. Ruiz 
published the first results of a pioneering work 
whose aim was to produce a new category of 
sounds, based on the time-domain resolution of 
the string wave equation, for different exciters and 
various boundary conditions (Hiller & aI., 1971). 
This attempt can be retrospectively regarded as 
the first intrusion of numerical analysis into the 
field of musical acoustics. One main difference 
with the techniques presented above follows from 
the fact that time and space variables are now 
discretized. This property has direct consequences 
on the structure of the algorithm. In the case of 1-
D strings, for example, two indices are associated 
to each mechanical variable, one for the space 
dimension and one for time. Similarly, 2-D and 3-
D systems will now require 3 and 4 indices, 
respectively, whereas discrete formulations of the 
wave equation based on digital filters only require 
one single time index. Today, research in musical 
acoustics benefits from the considerable 
improvements of standard numerical analysis 
techniques, such as Finite Difference Methods 
(Chaigne & aI., 1993), Finite Element and 
Boundary Element Methods (Richardson & aI., 
1993). All three methods have proven to be 
efficient in computing sound fields and vibration 
patterns, in both the time and frequency domain. 
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Another interesting approach to investigating 
the behavior of musical instruments consists in 
representing them by the association of vibrating 
sub-structures . This method is used, for example, 
in the MOSAIC program developed at IRCAM, 
where it is possible to build a vibrating object by 
connecting together plates, membranes, and 
strings, with various types of interactions between 
them (Morrison & aI., 1993). In MOSAIC, 
complex structures, like violin plates, which are 
too complicated to be described by a simple set of 
equations, are represented by a set of modal 
parameters. This modal database is the result of 
previous measurements on real instruments. 



3. Control and complexity: 
A compromise ? 
One main difficulty in the simulation of a given 
instrument is to account for its complete register. 
Usually, the same physical model doe"n't apply 
from the lowest bass notes to the upper treble. 
Even if the underlying analytical model is similar 
from bass to treble, the values of the physical 
parameters differ substantially with the frequency 
range of the instrument, and it is likely that the 
same numerical technique will not be applicable to 
each note (Chaigne & aI., 1993). This is in fact a 
central question, which shows that the 
homogeneity in terms of timbre is usually not 
equivalent to the homogeneity in terms of physics. 
Therefore, quite a large number of values of the 
parameters, will have to be implemented in the 
program in order to obtain a convincing control of 
the synthesis, even for one single instrument. 

Another current question in the context of 
physical modeling is the degree of generality of a 
synthesis technique relative to several families of 
instruments. One leading idea here starts from the 
formal analogy between the transverse string 
wave equation 

(1) 

and the equation for acoustic wave propagation in 
a tube 

(2) 

This analogy, which could be further extended 
to longitudinal or torsional vibrations of bars, for 
example, is attractive, and should facilitate the 
elaboration and control of a unified synthesis 
program for string, wind and percussion 
instruments. However, it is plain that if the initial 
and boundary conditions are assumed to be 
identical, and if no complicating factors are 
introduced in Eq. 1. and Eq. 2, there will be no 
differences at all between the sounds produced by 
these two models. A closer look at the physics of 
real instruments will show that the dissipative 
phenomena which are responsible for losses in 
strings and tubes, respectively, cannot be modeled 
by the same equations. Moreover, there is no 
stiffness terms for the propagation of air waves in 
tubes, whereas the concept of radiation impedance 
has no direct meaning for strings. These few 
elementary examples aim to illustrate the fact that, 
even if the models for strings and tubes start from 

the same skeleton, they will have to diverge 
substantially in order to get a chance to allow a 
discrimination between the sounds produced by 
strings and wind instruments (Smith, 1992). This 
example shows further that there is no reason why 
the process of physical modeling should end, since 
there are no limits for complicating the model. In 
practice, the degree of complexity of the model 
can be guided by a perceptual evaluation of the 
results. 

4. Simulation or s(t)imulation ? 
Simulating the physical behavior of an instrument 
is a convenient way for testing our knowledge. 
The obtained sound quality of the output signal is, 
to some extent, a measure of the amount of 
physics introduced at the input of the simulation 
program. Thus, physical modeling can be viewed 
first as a tool for validating mathematical 
descriptions of acoustical and vibratory 
phenomena in the audio range. 

In a number of cases, however, the sound 
quality also depends on the degree of accuracy of 
the physical parameters involved in the model. 
Moreover, it is sometimes necessary to use trial
and-error procedures, due to the lack of 
experimental data. Insufficient quality of the 
simulated tones can then stimulate creativity for 
making new experiments on real instruments. 

One further interest of simulation is to allow 
an exploration of the physics. The mathematical 
continuity of the model makes it possible to deal 
with numerical values for the physical parameters 
that are far beyond reality, but still in continuity 
with the real world. One can simulate 
modifications in the geometry of the instrument; 
or variations in the viscoelastic properties of its 
material, and judge the differences on the 
synthesized tones (Chaigne & aI., 1992). It is 
anticipated that instrument makers could take 
advantage of such abilities of physics-based 
simulations, in order to test the effects of 
structural changes on the instrument, and judge if 
significant improvements can be expected from 
these modifications. Dynamic and frequency 
ranges of a given instrument can also be 
artificially extended through simulations, which 
should give new perspectives for both musicians 
and composers. Finally, virtuosity effects and 
"impossible" chords can be easily obtained by 
means of physical models, by manipulating 
adequately temporal sequences and superposition 
of vibrating objects. These kinds of time and 
frequency effects are not only a privilege of 
physics-based synthesis, but the particular ability 
of such methods to simulate transients and 
transitions between notes makes them particularly 
attractive. 
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5. Perceptual evaluation of sound 
synthesis 
The question of evaluating the sound quality of 
synthesized tones is closely linked with the 
perception of timbre. Within the context of 
physical modeling, the listener is usually asked to 
evaluate the degree of similarity between real and 
simulated tones. The underlying assumption of 
such tests is that the goal of the modeling is to 
reproduce real tones as closely as possible. If only 
simulated tones are presented, without any 
comparison with tones produced by real 
instruments, it is then more appropriate to judge 
the degree of realism of the simulation. In these 
latter experiments, it is assumed that the goal is 
merely to evoke clearly one instrument, without 
ambiguity. Both families of experiments yield in 
fact informative and complementary results: a 
good degree of similarity proves that the program 
has taken all essential physical phenomena into 
account, and that the results of measurements on 
real instruments are accurate enough. A good 
strategy then consists in simplifying the model 
step by step, by removing selected complicated 
factors, and seeing if the listener can still 
recognize the instrument. Thus, if the simplified 
simulation presents a good degree of realism, it 
shows to what extent the remaining physical 
phenomena included in the model contain the 
basic information on the family of instruments 
under examination. 

Another application of simulated tones in 
psychoacoustical research devoted to timbre 
perception could consist in measuring our ability 
to detect just noticeable differences in the tones 
due to small variations in relevant physical 
parameters, such as masses, damping, stiffness 
and geometrical factors. 

6. Some trends for the near future 
From the point of view of the physicist, it seems 
that the upcoming research in the fields of sound 
synthesis by physical modeling should be well 
balanced in the future between theory and 
experimentation. It is plain that there is a need 
today for more experimental data, especially with 
regard to the properties of materials for musical 
instruments. Preliminary auditory experiments 
tend to show that we are very sensitive to damping 
factors, and to the law of damping of materials 
with frequency. This is particularly true for the 
perception of short transients, similar to those 
obtained in the case of impacts and percussive 
sounds. From a theoretical point of view, the 
modeling of the radiated sound pressure and 
sound power in the time-domain remams an 
interesting challenge, especially for light 
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structures like membranes and thin plates, where 
the air-structure coupling cannot be neglected. 
Finally, a deep interest exists today for the 
modeling of all sources of "noises" whiCh are 
responsible for the microstructures of sounds 
such as the one produced by the bow-strin~ 
interaction, or air turbulences in wind instruments. 

Finally, it turns out that a number of important 
questions relative to our auditory perception are 
arising, due to the recent development of physical 
modeling synthesis tools. In our daily life, for 
example, we use at least three senses in order to 
apprehend our environment: a visual inspection 
gives us informations such as color and 
geometrical shape of the objects, and using our 
sense of touch yields informations on temperature 
and surface state. We can also make use of our 
auditory system by knocking on one object with 
the finger, in order to get information on its 
internal srtucture . Here, the function of the brain 
is to decOde ' the acoustic signal in order to 
apprehend physical parameters, which could not 
be reached through the eyes or by touching. Thus, 
it is tempting to extrapolate the results of these 
simple experiments and formulate the hypothesis 
that our auditory system might be more sensitive 
to physical quantities than to abstract 
representations of the sound such as spectral 
parameters. This may explain why musical sounds 
simulated by means of physical modeling are so 
palpable. 
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Time domain simulations of xylophone bars 
v Doutaut & A Chaigne 

Abstract 
In order to simulate the vibrations of a xylophone in the time-domain, the 1-0 bending wave equation for a bar is 
put into a discrete form by means of finite difference approximations. A viscoelastic term is added in the basic 
equation, in order to account for the losses in the material. An additional force density term accounts for the 
interaction with an exciter. An auditory evaluation of the synthesis is obtained through digital-to analog 
conversion of computed velocity waveforms. The simulations highlight the influence of the stiffness properties 
for both mallet and bars, and the relevance of the damping properties of the wooden bar, in the realism of the 
attack transients. 

Notations 
b bar width 
L bar length 
h bar thickness 
Xo 

y(xJ) 
~(t) 

K 

P 
11 
E 
fn 
N 
Ax 
Vmo 
fe 
Fo 

J.l 
Mb 
Mm 
F(xo,t) 

impact position 
bar displacement 
mallet displacement 
coefficient of mallet stiffness 
bar density 
viscoelastic constant 

Young's modulus 
frequency . of the nth partial 
number of spatial steps 
spatial step 
initial mallet velocity 
sampling frequency 
maximum of the force impulse 
reduced mass of bar and mallet 
bar mass 
mallet mass 

interaction force 

1. Introduction 
This paper presents preliminary results for the 
numerical simulation of xylophone bars. This 
simulation is based on a time domain formulation 
of vibratory phenomena involved in the motion of 
bar percussive instruments. The attack transients 
result from a nonlinear interaction between bar 
and mallet. These transients are essential for the 
recognition of the instrument, and therefore a time 
domain approach is well adapted. 

The general procedure which has been 
followed throughout this work is similar to the one 
adopted in the past by the second author for other 
families of instruments (see, for example, Chaigne 
& aI. , 1994). It primarily consists in describing 

574 

the motion of the constitutive parts of the 
instrument by a set of continuous differential and 
partial differential equations. In general, these 
equations are extracted from the literature, and 
their validity have been already well established 
by other authors . However, in some cases, 
improvements of the model are needed. These 
improvements are then validated by measurements 
on real instruments. 

In a second step, the equations of motion are 
put into a discrete form by using standard 
numerical techniques. At this stage, the category 
of problems that are to be solved belong to the 
field of numerical analysis: the numerical 
formulation of the equations must be stable and 
non-dispersive. This latter property means that a 
frequency analysis of the simulated tones must 
provide us with good estimates of their 
eigenfrequencies. In addition, a reasonable 
compromise has to be found between accuracy 
and computing time. The method selected here is 
based on finite difference schemes (Chaigne, 
1992). 

Once a numerical formulation has been 
derived, it becomes necessary to feed realistic 
values of the physical parameters into the 
synthesis program. Therefore series of 
measurements are performed on real instruments 
in order to extract the values of geometrical, 
mechanical and viscoelastic parameters of various 
bars and mallets. This essential part of the work 
will allow further comparisons between real and 
simulated waveforms, giving insight into the 
behavior of the instrument. It must be emphasized 
that, in its present state, the model described 
below is far from being complete. Only the 
vibratory quantities, such as force, displacements 
and velocities, are computed, but still not 
acoustical quantities such as the sound pressure. 
However, it is interesting to notice that the 
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Figure 1 : Geometry of the xylophone. 

velocity of one arbitrary selected point of the bar, 
for example, already contains significant auditory 
information and allows the recognition of the 
instrument without ambiguity. 

2. Physics of the xylophone: a brief 
survey 
The physics of the xylophone has been already 
studied by several authors (Fletcher & aI., 1991; 
Bork, 1983). The physical phenomena involved in 
the behavior of this particular instrument will be 
briefly reviewed below, in order to facilitate the 
presentation of the numerical model in Section 3. 

In bar percussion instrument, the bar is set into 
vibration by an impact due to the mallet. The 
initial conditions are defmed by the equations 
governing the bar-mallet interflction. As a 
consequence of this impact, several types of 
elastic waves propagate into the bar: vertical and 
horizontal flexural (or bending) waves, 
longitudinal and torsional waves. The relative 
strenght of these waves depends greatly on the 
position of impact. In a standard use of the 
instrument, the vertical flexural waves in the OY 
direction (see Fig. 1) and the torsional waves are 
the more pronounced. 

The boundary conditions for a bar mounted on 
a real instrument can be reasonably approximated 
by the mathematically well defmed "free ends" 
case. If the bar is of constant section, its 
eigenfrequencies are not equally spaced. This 
inharmonicity has a crucial effect on both the 
pitch and timbre of the sound. In order to modify 
the spectrum and reduce the inharmonicity, an 
arch of variable shape is usually cut under the bar 
(Bork, 1983). Thus, a real xylophone bar can be 
viewed as a bar with variable section (or variable 
thickness in the OY direction). 

Xylophone bars are usually made of 
orthotropic wood. This means that, at least, two 
moduli are necessary for describing the elastic 
properties of this material. In addition, one must 

consider the damping of the vibration in the 
material itself. It will be shown in Section 5 to 
what extent the intemallosses can be conveniently 
described by a simple viscoelastic model. 

In most instruments, a tubular resonator is 
usually put under the bar. The function of this 
tube is to enhance the fundamental frequency of 
the transverse bending wave, through 
simultaneous filtering and amplification. In 
practice, the tuning of the system depends on both 
the size of the tube and on the distance between its 
open end and the bar. The presence of the tube 
dramatically influences the temporal evolution of 
the sound. 

3. Basic equations of the present model 
In the present version of the numerical model, the 
influence of the tube is neglected. The bar-mallet 
interaction is represented by Hertz's law, which is 
a classical result in the general theory of elasticity 
(Landau et aI., 1967). The mallet is reduced to a 
point mass, and the flexural waves of the stick are 
neglected. The motion of the mallet is described 
by the second Newton's law. 

The wave propagation in the wooden bar is 
reduced to the 1-D modeling of the vertical 
bending wave. The cross-section of the bar is 
generally assumed to be constant. However, in a 
limited number of cases, a variable section has 
been considered and implemented. The bar 
material is represented by three main parameters : 
density, Young's modulus and viscoelastic 
constant. The other elastic constants are 
neglected. The boundary conditions of the bar are 
approximated by "free ends": Some preliminary 
experiments were also conducted with the 
assumption of simply supported ends. The basic 
continuous equations of the model are presented in 
Table 1. 

4. Numerical formulation 
By using central finite differences schemes, it is 
possible to replace the continuous equations in 
Table I by recurrence equations (Chaigne, 1992). 
Thus, the current value of the mechanical variable 
(displacement, velocity, force, ... ) under 
computation is written into a file at each time 
step. Once the sound duration (i .e. the number of 
time steps, for a given sampling frequency) has 
been selected by the user, this file can be heard, 
after appropriate digital-to-analog conversion. 

In most cases, the numerical formulation of 
continuous equations provides us with an 
approximate solution. Thus, one goal is to select a 
numerical scheme leading to a reasonable degree 
of approximation. In musical acoustics, this 
means, for example, that the estimated 
eigenfrequencies must be close to the real 
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Table I : Basic equations for the xylophone bar of constant section 

(3.1) 

Wave propagation (3.2) 

f(x,xo,t) : force density term proportional to F(xo,t) 

Motion of the mallet (3.3) 

Boundary conditions 
a2 a3 

--{=o and -{=O for x=o and x =L ax ax (3.4) 

eigenfrequencies of the vibrating system within 
about 1%, which corresponds roughly to the 
averaged sensitivity of the human ear. In addition, 
the numerical algorithms must fullfill stability 
conditions. As a consequence, the number of 
spatial steps cannot be selected independently 
from the sampling frequency. For the 1-D bending 
wave equation of a bar with free ends, the stability 
condition yields : 

rtf. (4.1) 
h (l + Tl f. / E) 

For this numerical scheme, it can be shown 
(Chaigne, 1992) that the degree of accuracy 
increases with the number of spatial steps. 
Therefore, one should select in practice N "'" N max 

For typical values of the parameters (see Table 
II), the length of each elementary segment of the 
bar will be approximately !u = 1 em. Finally, as 
far as the estimation of the eigenfrequencies is 
concerned (numerical dispersion), it has been 
shown that the sampling frequency ie must 
simultaneously be about 10 times greater than the 
highest eigenfrequency in the spectrum imax ' and 
about 10 times smaller than the ratio E/Tl . In 
practice, a sampling frequency of 192 kHz was 
selected, which fulfills both previous conditions. 

5. Measurements on real instruments 
The physical parameters (see Table II) can be 
viewed as "control" or "input" parameters for the 
synthesis. In other words, these "input" 
parameters account for the type of mallet, the 
player's action, the bar material, and the geometry 
of the complete instrument, respectively. At first, 
the aim of our simulation is to reproduce closely 
the waveforms obtained on real instruments. 

Therefore, measurements were performed on a 
given xylophone, in order to start by using 
realistic values for the parameters. In the future 
use of the simulation program, nothing should 
prevent us to deviate from this constraint and to 
explore more widely the parameters' values. 

As mentioned in Section 3, one has to measure 
three parameters for defming a model of the bar 
material. Measurements of the density are 
straightforward and will not be detailed here. 
Since this parameter is known, an estimate for the 
Young's modulus E can be derived from 
measurements of the longitudinal frequencies. 

Xylophone sounds can be roughly described by 
an initial blow with a rapid increase in magnitude, 
resulting from the bar-mallet interaction, followed 
by a slower decay where the bar vibrates freely. In 
this latter regime, the damping of the vibrations 
are mainly due to internal losses, in the absence of 
tube. Experiments were performed on various 
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wooden bars, showing that the damping factor 
(i.e. the inverse of the time constant) varies as the 
square of the frequency (see Fig. 2). In order to 
account for this result, it was decided to introduce 
a viscoelastic coefficient 11 in the bending wave 
equation. This coefficient is then simply derived 
from the slope of the regression line in Fig. 2, 
where each point is obtained through 
measurements of the partials' decay times. 
The modeling of the mallet involves two different 
tasks. First, the validity of the Hertz's law has 
been successfully tested by comparing theoretical 
and experimental values for the duration and the 
maximum of the force impulse. In addition, a 
theoretical expression for the derivation of the 
mallet's stiffness K from measurements of both 
the mallet velocity at the time of contact and the 
maximum of the force impulse has been obtained 
(see Eq. (5.2) below). These preliminary 
considerations form the basis of an upcoming 
paper (Doutaut et aI., 1994), and will not be 
developed further. The formula used here is 
written: 

F 2
.
5 M M 

K =0. 72 I.; 3 where !l m b (5.2) 
!l Vmo Mm + Mb 

6. First results of the simulations 
For the numerical experiments presented in this 
section, selected parameters such as the type of 
mallet, the initial mallet velocity and the boundary 
conditions were changed at a time, and their 
influence on the simulated tones were investigated. 
The main output variable is the bar velocity for a 
point situated near the center of the bar. The 
synthesized tones can be compared with those 
obtained by means of a velocity sensor, but not 
with the sound recorded by a microphone. 
Although for most of these simulated "velocities", 
the type of instrument can be recognized without 
ambiguity, some auditory differences between 
these signals and the sound pressure still remain. 
It is likely that the origin for these discrepancies 
are mainly due to the fact that the human ear 
"integrates" in some sense the vibrations generated 
by all parts of the instrument, and not only by one 
single point. In addition, another important fact to 
be mentioned is the influence of the room. The 
authors have noticed that real xylophone sounds 
are perceived differently, depending on they are 
recorded in a dead room or in a more reverberant 
room. These differences may alter the judgment of 
the listeners, with regard to the subjective 
evaluation of mallet's mass and stiffness, for 
example. At this stage, a careful comparison 
between velocity and sound pressure waveforms 

remains to be done . 
Figure 3 shows a comparison between two 

limiting cases for the boundary conditions. The 
bar and mallet parameters are derived from 
measurements performed on a Padouk bar struck 
with a boxwood mallet's head. The note is played 
forte , with an initial mallet velocity of 3.0 mls. 
One can see that the temporal evolution of the two 
tones are significantly different. A initially rapidly 
decreasing wavefonn followed by a slower decay 
after about 100 milliseconds can be observed in 
the "free ends" case, whereas the "simply 
supported" case exhibits a smoother and more 
regular decay. These differences are clearly heard 
by the listeners (Sound Example Nr 1). Also the 
corresponding spectra look rather different: the 
slope of the spectral envelope is steeper in the 
"simply supported" case than in the "free" one. In 
addition, one can observe that the distance 
between consecutive peaks is smaller in the "free" 
ends case, which is in agreement with the theory 
(Fletcher et aI., 1991). 

Professional percussionists use a great variety of 
mallets, even during the execution of a single 
musical piece, in order to vary the tone color. 
Fig. 4 shows an example of the ability of our 
simulation program to account for differences due 
to the exciter. Here, the same bar is struck 
respectively with two different mallets. The head 
of mallet A is made of rubber, whereas the head 
of mallet B is made of a harder material 
(boxwood). In addition, the effective mass of 
mallet A is about 50 % greater than the one of 
mallet B. All other parameters are identical for 
both cases. It can be seen in Fig. 4 that the type of 
mallet significantly influences the spectrum and 
the temporal evolution of each sound (Sound 
example Nr 2). The spectrum in the B-case 
exhibits more energy above 5 kHz than in the A
case. This is mainly due to the fact that the force 
impulse in the A-case is broader than in the B
case. The dash-dotted lines superimposed on both 
spectra represent the spectral envelope of the 
force. 

7. Conclusion 
The numerical simulations of xylophone bars 
presented in this paper still suffer from major 
shortcomings. Some improvements need to be 
implemented, in order to account for the fme 
tuning of the bar that always exists in real 
instruments. Since this tuning involves rather 
great accuracy in the cutting of the arch, it is 
likely that the spatial resolution of the model will 
have to be improved. The next step will be to 
explore further numerical schemes for being able 
to predict the bar thickness h(x) for given values 
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Figure 3 : Influence of the boundary conditions. 

of the eigenfrequencies. Another priority for 
future work is the modeling of the sound pressure, 
for a given velocity profile of the bar. This implies 
to give a discrete formulation for the radiated 
sound, including the propagation of sound waves 
in the tube. 
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Table II : Typical values for the parameters used in the simulations. 

BAR (Padouk) b = 3.7 em L = 25.4 em 
E = 2.1109 N/m2 11 = 5.0 103 N.s/m2 

MALLET K = 107 N I m 1.5 (soft) 
Mm = 17.4 g (heavy) 
Vmo = 3.0 m/s (forte) 

SAMPLING fe = 192kHz 

579 

h = 1.92 em Xo = L/3 
P = 710 Kg/m3 fl = 524 Hz 
K = 108 N/ml .5 (hard) 
Mm = 11.2 g (light) 
Vmo = 1.5 m/s (mezzo-forte) 
N = 23 
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Musical noises synthesis using random Formant 
Waveforms 
G Richard, C d'Alessandro & S Grau 

Abstract 
In this paper, we propose a new method for the synthesis of musical noises. Musical noise means here the 
stochastic component of musical instrument sound: breath noise for wind instruments, attack noise etc ... This 
method, based on random Formant Waveforms, was originally developed for speech noises synthesis 
(d'Alessandro 1990). A synthesis scheme using random timed formant waveforms is proposed, based on the 
statistical properties of natural musical noises. Musical noises are obtained using a modified version of the 
analysis/synthesis system proposed by X. Serra (Serra & Smith 1990) for decomposing sound into a deterministic 
part and a stochastic part. At the analysis stage, the first order statistics (gaussian noise/non gaussian noise) and 
the second order statistics (spectral maxima) of the original signal are computed. At the synthesis stage, the 
stochastic part is computed in three steps: 
• a set of Poisson points is defined for each region of spectral maximum; 
• Formant Waveforms are generated according to the (deterministic) acoustic parameters and according to the 
(random) Poisson points; 
• the signals obtained in each region are then summed together; 
This method gives very good results for the synthesis of musical noises, and this type of processing can be use for 
improving additive synthesis. 

Introduction 
The synthesis of noise has recently become a 
focus of interest in several domains: e.g. speech 
synthesis (Hermes (1991)), musical instruments 
synthesis and computer music (Cook & al. 1990, 
Chafe 1990). 

Real sounds are often a mixture of a noise and 
a quasi-periodic component. Noise is a general 
term for different types of signals including 
transients (e.g. bursts in speech or attacks in 
musical instruments), steady noises (unvoiced 
fricatives in speech or breath noise in flutes), 
modulated noises (voiced fricatives in speech or 
friction noise in strings). A well-known problem 
encountered in the synthesis of noise is the lack of 
perceptual fusion between the quasi-harmonic and 
the noise component: they seem to come from 
different sound sources. Recents studies showed 
that this perceptual separation was a consequence 
of the weak coherence between these two 
components in time domain (Laroche & al. 1993, 
Chafe 1990). Methods for noise synthesis 
allowing for a precise control both in time and 
frequency are therefore needed. ill this paper, we 
shall develop new approaches for granular noise 
synthesis: the noise signal is considered as a sum 
of random time-frequency atoms. This approach 
appears well-suited for analysing and 
synthesizing various types of noises, as Gaussian 
filtered white noise, modulated or transient noises. 
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The paper is organized as follows. Section 2 is 
devoted to the description of the Random Formant 
Wave-Form (RFWF) synthesis method, and its 
application to filtered Gaussian white rtoise 
generation. In Section 3, another method is 
presented, where the RFWF are synchronized with 
the maxima of the signal envelope. Section 4 
shows the application of random waveform 
synthesis using sampled waveforms. Section 5 
proposes some conclusions. 

Random formant wave-fonn synthesis 
A wide variety of sounds (including music and 
speech) can be accurately represented by an 
excitation source / resonant filter model. Parallel 
decomposition is generally preferred for noise 
synthesis, because it allows for a precise control 
in the spectral domain. Moreover, there are no 
interferences between parallel sections in the case 
of a random excitation. The Formant Wave-Form 
(FWF) synthesis method (Rodet, 1980) was 
initially introduced for voiced speech synthesis. It 
is a time-domain method for parallel-formant 
synthesis: the FWF, representing the impulse 
responses of the parallel sections, are computed 
and added in the time domain. The times of arrival 
of the FWF define the virtual excitation source. In 
the original implementation by Rodet, the FWF 
were periodically generated in order to obtain 
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Figure 1. low density synthesis example 

periodic sounds, as voiced speech, singing voices 
or various musical instruments. In a previous 
work (d'Alessandro, 1990), we experimentally 
demonstrated that unvoiced speech can be 
synthesized using FWF generated at random 
points in time. In each fonnant region, a random 
point process is defined and FWF are computed 
according to this random virtual excitation. Figure 
2 gives an exemple of low density RFWF 
synthesis, using only one fonnant. It must be 
pointed out that the fonnant parameters are fixed, 
and that only the times of arrival of the FWF are 
set at random. 

If the random points are independant, one can 
show (Richard & al., 1992) that the spectrum of 
the synthetic noise is imposed by the detenninistic 
FWF parameters. One can demonstrate that the 
noise obtained becomes Gaussian if the density of 
random points is large enough compared to the 
effective duration of the FWF. In other words, to 
obtain a Gaussian noise using RFWF, it is 
necessary to add for each sample of the synthetic 
signal a large number of FWF. 

Thus, for high density RFWF, output signal is 
Gaussian and its power spectral density is 
imposed by the FWF parameters: it is equivalent 
to filtered Gaussian white noise. The main idea is 
that for band limited processes, the random 
amplitudes of white noise may be replaced by 
random times of arrival. The only random 
parameters in this synthesis process are FWF 
times of arrival. Sound example 1 illustrates the 
transition between periodic FWF and RFWF: the 
fundamental frequency FO is increased from 6 up 
to 1000 Hz, and then the periodic virtual 

Figure 2: formant filtered signal with its 
envelope and the corresponding point process 

excitation is gradually randomIzed. 
This method is implemented in an analysis

synthesis framework. The deterministic formant 
parameters (amplitude, bandwidth and center 
frequency) are estimated on the linear predictive 
(LP) spectrum. For each formant area the density 
of random points is set according to the bandwidth 
of the considered formant in order to get a 
synthetic Gaussian noise. Then the bandpass 
signals are added together. Utterances of 
whispered speech processed by this analysi~~ 
synthesis system are given in sound example 2 
(male and female voice, natural whispered 
speech and the corresponding synthetic version). 

Continuous Gaussian noises or transients are 
well synthesized using the preceding method. 
Though, it is not possible to know the exact 
locations of impulses, which are defmed by a 
probability law. It is therefore difficult to take into 
account the precise time structure of noises, which 
is a crucial point for synchronizing the noise 
component and the quasi-harmonic component of 
sounds. 

Synchronization with the envelope 
maxima 
For noises that are strongly time-modulated, it 
appeared necessary to synchronize the RFWF and 
the envelope of the signal. In this case, the point 
process is not any more defmed by a probability 
law but it is given by the location of the maxima 
of the time varying low-pass filtered envelope. 
Figure 2 gives an example of the signal obtained 
in a formant branch, together with the 
corresponding envelope signal and the impulses 
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Figure3: General block diagram of the 
analysis/synthesis method based on exact 
maxima location 

deduced from this envelope. 
The general scheme of the analysis/synthesis 

method is described in Figure 3: the time varying 
envelope of the noise signal is computed using 
Hilbert transform and is low-pass filtered; the 
maxima of this envelope are then extracted and 
define the point process; the deterministic formant 
parameters are estimated as in the previous 
method; FWF are generated according to the 
formant parameters and to the point process. The 
excitation time parameter (Tex: defined as the 
duration between the beginning of the FWF and 
its envelope maximum) is a constant. The FWF 
initial phase is set as a function of formant ce~ter 
frequency to insure that the FWF. m~a 
coincide with the exact envelope maxuna. This 
process is depicted in Figure 4. Keeping the 
amplitude of the envelope maxim~ re~ults in a 
better description, as the synthenc Slgnal has 
exactly the same maxima values than the original 
one. Figure 5 displays an example of noise signal 
and its corresponding synthetic signal: it is 
noticeable that the maxima locations of the 
synthetic signal correspond quite well to those of 
the original signal. 

For actual musical sounds, the noise 
component was obtained using a modified version 
of the Serra & Smith (1990) algorithm, based on 
sinusoidal coding (Mc Aulay & Quatieri (1986)). 
This algorithm performs a decomposition of the 
signal in a quasi-harmonic component and in a 
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Figure 4: The initial phase is set as a function of 
formant center frequency. The excitation time 
parameter (Tex) which defines the time 
between the beginning of the FWF to the 
maximum of its envelope is kept constant. 

noise component. An analysis of trumpet sound is 
presented in Sound example 3 (1. natural sound, 
2. quasi-periodic signal, 3. noise signal). Sound 
example 4 gives three versions of the noise 
component (1. original noise component, 2. noise 
component synthesized using the classical LP 
filter with a Gaussian white noise excitation, 3. 
noise component synthesized using envelope 
synchronized RFWF). The texture of the noise is 
clearly better modelled with our method. In Sound 
example 5, the quasi-harmonic component and 
noise component are added (1. original noise 
component, 2. noise component synthesized using 
the classical LP filter with a Gaussian white noise 
excitation, 3. noise component synthesized using 
envelope synchronized RFWF). Again, the fusion 
of the two sources seems better with our method, 
when compared to the LP synthesis. 

Random sampled waveform synthesis 
Many natural sounds can be described as the sum 
of a large amount of random independant sound 
sources: this is the case in musical instruments at 
a small time-scale. The synthesis methods 
presented above also used small time-scaled or 
microscopic time-frequency atoms . In order to 
obtain various sound effects, these previous 
methods can be extended by using natural 



w 
o 
:J 
I
H 
--.J 
0.... 
L 
« 

ORIGINAL NOISE SIGNAL 

SYNTHETIC NOISE SIGNAL 

TIME (s) 

Figure 5: Original noise signal and its 
corresponding synthetic version: the two 
signals have the same maxima locations 

sampled waveforms, instead of FWF. This is the 
way to obtain effects as rain, water fall, crowd. 
noise, animal herds, etc ... For low densities, each 
waveform is clearly audible, giving the impression 
of a small population of sound sources. By 
increasing the densities, the signal becomes 
gradually Gaussian, and gives the impression of a 
large population of sound sources. Sound example 
6 Was synthesized using sampled sung vowells tal 
(9 different waveforms). In the first version, only 
one point process was computed for each sampled 
waveform. In the second version a large number 
of random point processes with various densities 
and amplitudes are used for each sampled 
waveform. Sound example 7 is generated with 
hand claps (23 different waveforms). The first 
version is generated with low densities point 
processes, the second version with high densities. 
It must be emphasized that only a few sampled 
waveforms are needed to generate such examples 
of very large population. 

Conclusion 
This paper presents new methods for the analysis 
and synthesis of musical noises, including 
transient noises, noises in the steady portion of a 
sound, modulated noises etc ... These methods are 
derived from Formant Wave Form (FWF) 
synthesis, a technique initially developped for 
voice synthesis. Musical noises are synthesized by 

generating FWF at random according to a point 
process either bui lt from a probability law or 
deduced from the maxima of the time-varying 
envelope of the original signal. These methods 
appeared well suited to different types of noise 
(including speech noises, noise components of 
musical sounds, noises produced by large 
populations of sound sources). When 
synchronized with the envelope maxima, the 
synthetic noise perceptually merges with the 
quasi-harmonic component better than filtered 
white noise. 
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A generalized excitation for real-time sound 
synthesis by physical models 
D Rocchesso & F Turra 

Abstract 
In real-time environments, synthesis by physical models is best achieved using the excitator-resonator scheme, 
where a musical instrument is divided into two basic dynamic systems: a non-linear excitator and a linear 
resonator. In this paper we focus on the non-linear block and provide a general structure that could be useful for 
representing excitation in a large family of musical instruments. Inside our scheme we maintain a dynamic part 
(i.e. with memory) which is responsible for a rich behaviour in many different playing situations. In order to 
obtain this dynamical behaviour we have to compute a non-linear function of several variables (typically three) at 
the sampling rate. Although it is possible to compute this function using Taylor series in particular cases, we 
preferred a table look-up approach, even if it is difficult to implement a multidimensional matrix on a DSP. Our 
approach has two main advantages: the first is that the computational burden is relatively low, the second is that 
we can change the excitator characteristics only by changing a table, and with no change in the DSP code. The 
memory required by our table depends on the kind of non-linear function we are dealing with. In the case of 
smooth functions (e.g. reeds) we can use about eight KBytes memory with no audible effect due to discretization. 
Our structure is a good representation of the actual instruments in the case of the reed; for these instruments we 
show that the inertance acts like a low-pass filter and can be taken off the excitator. On the other side, we 
included the effect of Reynolds number for turbulent motion simply by adding a signal-dependent pulsed noise to 
the driving pressure. Despite of its simplicity, our model can be controlled through many physically meaningful 
parameters, allowing an effective interaction with a player and a wide timbral range. 

1. Introduction 
Starting from a model of clarinet widely tested in 
literature (Mc Intyre et al., 1983), it's possible to 
obtain general computational schemes for wide 
instruments families, applying physical models 
representation. That base model was implemented 
to verify it and to study its possible 
improvements, using a board containing a digital 
audio signal processor, operating in fixed point 
The result was a real time realization, suitable for 
an interactive use, which amounts to a workbench 
for studying a model of clarinet. The whole work 
was done using the assembly language of the 
processor, in order to obtain a high level of 
parallelism. 

In this model the musical instrument, that is 
the clarinet, is divided into two blocks: an exciter, 
the reed, which is a non-linear system, and a 
resonator, the bore, which is a linear system and 
which is divided into a cylindrical tube and a 
flare, the bell (paladin, Rocchesso, 1992). These 
two blocks are connected in a feedback structure, 
and the variables interacting between exciter and 
resonator are the incoming and the outgoing 
pressure waves, travelling inside the tube 
(figure 1). 

EXCITER RESONATOR 

Figure 1,' Clarinet model 

In a rough approximation the tube behaves as 
a 10ssless waveguide, and can be simulated by a 
simple delay line (Smith, 1987). The bell behaves 
as a couple of filters, reflecting low frequencies 
back into the tube, with a sign change, and 
transmitting high frequencies outside. 

2. The Excitation 
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In an early realization a static reed model was 
adopted, where the air flow depends only on the 
pressure difference on the reed, and can be 
obtained by a table lookup (Borin et al., 1990). 
The input variables are incoming pressure and 
mouth pressure. The output variable is the 
outgoing pressure, obtained by addition of the 
incoming pressure and the product of the air flow 



and the acoustic ilnpedance of the tube. We also 
experimented the solution proposed by Smith, 
using a lookup table containing reflection 
coefficients and so getting some benefits on the 
precision without varying the dimension of the 
table (Smith, 1986). 

The base model was gradually enriched. The 
first ilnprovement consisted in using a dynamic 
model of the reed, i.e. with memory (Keefe, Park 
1990). In this model a differential equation 
represents reed dynamics: 

1 d .. . 2 2H -. rp = X + g,X + (1) oX - (1)0 (1) 

f.i 

where x is the distance of the reed from the layer, 
dp is the pressure gap on the reed, ~ is the reed 
density, g, is the reed stiffness, 00() is the reed 
resonance and H is the reed opening at rest. The 
reed position at every time sample is obtained 
solving this equation by means of back finite 
differences. A special block controls the non
linearity introduced by the closed reed situation: 
when the reed beats on the mouthpiece, it nullifies 
reed velocity and reed acceleration (we assume 
anelastic bump). The information relative to reed 
velocity, in this quantized mOdel, is brought by the 
reed position at the previous sample instant. 

Air flow calculation is based on an 
experimental law for wind instruments, which 
gives a relation between the reed position x, the 
pressure gap on the reed dp and the air flow uf 
trough the reed narrow. In the case of the clarinet 
that law is: 

where A is a physical constant typical of 
woodwinds. In this equation air inertance should 
be added, but its effect is the same as a lowpass 
filter, and it can be included in the effect of 
resonator filters. The air flow provided by the 
former equation must be added to the air flow 
pushed by the reed in its movement: 

Utot = uf -Se.f{ ,x. (3) 

Seffis the effectual reed surface, given by: 

(4) 

where S is the actual reed surface and H is the 
distance between the embouchure and the reed 
when it is steady. The relation that links the 
pressure waves is: 

dp = 2Pr - Po +Zo' Utot ' (5) 

where p, is the pressure wave reflected by the 
tube, Po is the blowing pressure, and Zo is the 
characteristic ilnpedance of the tube. All these 
relations are summed up in a non linear equation, 
which can be solved by numeric methods: 

(6) 

The values of air flow relative to given values 
of pressure gap, reed position and reed Velocity 
are written in a three-dimensional look -up table. 
Figure 2 shows a view of air flow variation (Zu), 
depending on pressure gap (dp) and reed 
displacement (x), for a given constant value of 
previous step reed displacement (xl). 

The three-dimensional look-up table was 
ilnplemented on DSP using three tables. The 
minllnum dimension needed, for having no 
advisable loss of sound quality, is of 8 kwords. 
A second ilnprovement of the model, which 
brought a dramatic increase of realism, was the 
introduction of a noise generator. In fact, the 
sounds produced by actual instruments are not 
exactly periodic, but they contain a noise 
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Figure 3: Block scheme of dynamic reed and noise generator 

component That noise is a minimwn part .of 
sound, but it is a very significant part, and Its 
absence can give a sensation of artificiality. In a 
woodwind instrument, the noise is caused by 
turbulent air motion, producing random pressure 
variations, depending on flow velocity and reed 
displacement. A noise generator model, developed 
for hwnan voice (Sondhi, Schroeter, 1987) was 
adapted to clarinet, applying it to the narrow 
produced by the reed. In that model rem~ble 
simplifications may be introduced, neglectmg !he 
dependence on reed position and approximatmg 
the internal resistance of the noise generator as a 
constant, so that it can be included in tube 
impedance. A comparison between original model 
output and approximated model output showed 
the validity of simplifications. The nOISe pressure 
is, after all, a pseudo-random number having .a 
non linear function of air flow as its envelope. Air 
flow is filtered by a lowpass filter, to ensure 
stability. In figure 3 a block scheme of the model 
of dynamic reed with noise generator is shown. 
The variables shown in the picture are the mouth 
blowing pressure (Po), the pressure gap on the 
reed (dp), the reed position at present time (x) ~d 
one or two samples before (xl, x2), the nOISe 
pressure (pn), the incoming pressure wave (PO, 
the pressure wave reflected by the tube (pr) and 
the air flow (Zu) nonnalized to pressure 
dimensions. 
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3. The Resonator 
As it was seen in the introduction, the resonator 
was modeled as the series of a delay line and a 
low-order low pass filter. . 

Our clarinet model was enriched by adding a 
hole, that can be gradually closed and moved 
along the tube. For the hole, we adopted a model 
which takes into account the effects of a key (or a 
finger) positioned above hole aperture (plitnik, 
Strong, 1979). The hole behaves as a 
discontinuity of the tube and produces, on a 
travelling pressure wave, a reflected wave and two 
transmitted waves, into the tube and into the hole. 
This kind of junction is simulated adopting a 
lattice scheme (Borin et al., 1990) and introducing 
a lowpass filter to realize the frequency dependent 
reflection coefficient r. As r depends also on 
distance between the key and the hole, filter band 
is made variable: the gradual hole closure 
corresponds to the gradual closure of the filter. 
The reflection coefficient is negative, so the 
scheme contains also a sign change. 

The hole can be moved along the tube by 
varying the length of both the delay lines 
simulating the tube, as illustrated in figure 1. 

4. Generalizations 
The scheme here individualized presents a good 
degree of generality, because it can be easily 
suited to the simulation of other wind instruments 
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Figure 4: Evolution of the spectrum and the 
waveform of the pressure wave travelling 
inside the tube, during gradual opening of 
the hole 

(oboe, trumpet, etc.) and, with some effort but 
without structural modifications, also of 
instruments of other families (strings, etc.). In this 
latter case, the second order differential equation 
can be used to model the dynamic behaviour of 
bow hairs, while the non linear block gives the 
friction properties of the rosin (Rocchesso, 1993). 
The non linear function will be completely 
different (Mc Intyre, Woodhouse, 1979), but the 
structure of the scheme in figure 3 will remain 
unchanged. We only notice that some care should 
be taken in solving the differential equation when 
some discontinuities are obselVed in the non linear 
function, e.g. in the bowed strings. 

The choice of the table lookup for the solution 
of non linear equations, beyond making 
calculation more efficient, makes instrument 
changes easy, requiring only tables substitution. 
The non linear relation (6), seen for the clarinet, 
becomes valid for double reed woodwinds by just 
changing the exponents of pressure gap and reed 
position. By also changing the sign of the constant 
term of the differential equation (1), it is also 
possible to simulate brass instruments (Keefe, 
1990). The most interesting point is that it is 
possible, modifying the non linear equation (6) 
(i.e. changing the three-dimensional look-up 
table), to obtain new woodwinds which have 

intermediate characteristics between single reed 
and double reed instruments. 

The insertion of a hole in the resonator is able 
to produce some subtle phenomenons that can be 
encountered in real instruments, particularly 
during transition phases, and that cannot be 
obtained with simpler models. 

It is interesting the result given by this model 
when simulating the gradual opening of the hole. 
Figure 4 shows the evolution of the spectrum of 
the pressure wave travelling inside the tube, when 
the hole is closed and then open. Figure 4 also 
shows the evolution of the waveform of that 
pressure, during hole opening. The hole was, in 
this case, placed quite near the reed, to exasperate 
the frequency change (almost to the fifth 
harmonica). 

The final result is a satisfying model of reed 
instrument, where different parameters were made 
available to experiment real time variations, in 
order to make a gradual and intuitive change of 
instrument timbre possible. 
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Computer modelling of the bowed string 
JWoodhouse 

Abstract 
It is now some 15 years since an efficient algorithm was described to simulate the transient motion of a bowed 
string. Since then, there have been developments in two directions. First, the scope and sophistication of the 
models has been enhanced: many aspects of the physics of string, violin body, bow and rosin must be investigated 
to achieve understanding at a level of detail which is relevant to the concerns of good players. Second, computer 
simulation is now being used in a more thorough and systematic way to address questions of "playability": for 
example, what does a player mean when a particular instrument is described as "easy to play", or that a partiCUlar 
note is "hard to control"? These judgements seem to be crucially involved with the transient response of the 
string to particular bowing gestures, and simulation offers the only realistic tool to address such questions from a 
physicist's standpoint. A study is under way (with Prof. Bob Schumacher) using parallel computation on the 
Connection Machine at the Pittsburgh Supercomputer Center to map out regions of the player's parameter space, 
and to identify possible physical measures of "playability". Some results of this study will be shown and dis
cussed. 

An efficient model for simulating the motion of a 
bowed string has existed for some 15 years now 
(McIntyre et al 1983), but after some initial 
successes simulation has not added very much to 
our understanding of the behaviour of real strings. 
The difficulty lies in the very large parameter 
space one has to explore--one can sit at a 
computer watching individual simulations for a 
very long time, but it is hard to grasp any general 
structure in the behaviour. This paper describes a 
recent development in which a more systematic 
use of simulation than hitherto can circumvent 
this problem to an extent, and shed light on issues 
of "playability" (Woodhouse 1993b). The reason 
that progress can now be made lies in the 
availability of massively-parallel computing 
engines. By using, typically, 8192 processors of a 
Connection Machine to run separate simulations 
simultaneously, it is possible to study the 
behaviour in a two-dimensional patch of 
parameter space and see structure in the results 
which is not readily discernible from serial 
simulations. To carry this scheme through it is 
necessary to be able to classify the outcome of a 
given transient simulation automatically, since it 
is clearly not possible to examine the detailed 
output from each processor manually. The 
requirement is to recognise whether a periodic 
regime has been achieved, and if so, whether out 
of the wide range of possibilities it is the desired 
Helmholtz motion. The algorithm developed for 
this purpose is described in detail elsewhere 
(Schumacher and Woodhouse 1993). 

The rather large number of parameters of the 
problem can be divided into those associated with 
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(a) the string; (b) the instrument body; (c) the 
stick-slip friction constitutive law; and (d) the 
player's control variables when producing a 
particular bowing transient. The results to be 
presented here explore the behaviour in a subset 
of the space of player's control variables, category 
(d). It is hoped that the behaviour in this space 
reveals something about the robustness or 
structural stability of the Helmholtz motion under 
differing bowing transients. The question one 
would then like to address is "How is this 
robustness influenced by variations in the 
parameters (a) and, more particularly, (b)?" Thi's 
is the formalisation of the question "Why and how 
does it happen that one violin, or one string, is 
perceived as easier to play than another?" A series 
of investigations is envisaged, in which various 
specific aspects of that question will be 
investigated using the procedures set out here. 

The general approach to modelling 
bowed-string motion has been described in detail 
previously (Woodhouse 1993a). Results will be 
presented here for two models which retain 
reasonable simplicity while representing fairly 
realistically at least some aspects of the behaviour 
of real strings. Both models share the same 
reflection function for the short section of string 
between bow and violin bridge, which is derived 
from a model due to Cremer (1985). For one of 
our two models, the "delta/Cremer model", the 
reflection function for the other end of the string 
(the long section from the bow to the nut or 
player's finger) is simply a unit delta function, 
representing perfect reflection on an ideal string. 



be anticipated. Two mechanisms of divergence 
can be readily identified, both associated with the 
friction function. The first of these effects stems 
from the fact that the gradient df/dv is positive on 
the portion of the curve corresponding to slipping. 
When carrying out a linearised stability analysis 
of any given solution, periodic or not, this positive 
gradient acts as a "negative resistance", an energy 
source which can amplify a small velocity 
perturbation The possibility of instability, in this 
linearised sense, obviously implies the possibility 
of divergence of nearby solutions, although with 
realistic parameter values this is usually a rather 
slow process. 

A much stronger mechanism of divergence of 
solutions arises from an aspect of the graphical 
construction whereby the current state of force 
and velocity at the bowed point on the string is 
calculated (McIntyre and Woodhouse 1979). The 
possibility of frictional hysteresis involving jumps 
in these quantities has been discussed before, in 
the context of the "flattening effect". More 
important for the present purpose, hysteresis can 
obviously cause a strong divergence of solutions. 
Suppose an occasion arises during a transient 
when oa solution approaches the limit of the 
hysteresis region, then retreats from it. A small 
perturbation could cause the hysteresis limit to be 
exceeded, so that a jump in value was generated 
The stored outgoing velocity waves would then be 
changed sufficiently that the entire subsequent 
development of the solution would probably be 
different. 

The set of runs whose results are depicted in 
Fig. 2 was designed to test this suggestion. The 
two columns of the Figure show the delta/Cremer 
model (on the right) and the stiff/Cremer model 
(on the left). The three rows show runs of these 
models which differ only in the shape of the 
friction curve: the main effect of the variation is to 
change the magnitude of hysteresis, from rather 
small (top row) to quite large (bottom row). It is 
worth noting that the differences in friction curve 
between the three rows have some immediate 
physical significance to a violin player: changes in 
the bow speed produce a somewhat similar effect. 
The top row corresponds, broadly, to a high bow 
speed, the bottom row to a much lower speed 

It is immediately apparent that this friction 
curve shape has a strong effect on the behaviour 
of the system, and also that the two models give 
rather different results. When there is strong 
hysteresis, in Fig. 2(a) and (b), both models have 
a rather restricted range within which Helmholtz 
motion is found. 
The allowed region takes the form of a vertical 
stripe, suggesting that the behaviour is mostly 

governed by the value of fasym, and that the 
precise form of the bowing transient leading to 
this value does not influence very strongly 
whether the eVentual outcome is acceptable 
Helmholtz modon. There are quite well-defined 
limits on fasym, but note that these do not equate 
to the values of minimum and maximum bow 
force which have been calculated by Schelleng 
(1973) and others (see Cremer 1985). Both limits 
are set, somehow, by the process of pattern 
selection in the initial transient: more than one 
periodic regime is possible over most of the range 
of fasym considered here, and of these, the 
Helmholtz motion is being chosen only when 
fasym lies between relatively narrow limits. 

When hysteresis is less strong, in Fig. 2(c) 
and (d), the two models show rather different 
behaviour. In the stiff/Cremer model the range of 
allowed values becomes wider. There are a few 
black spots within the coloured region, but most 
transients lead to Helmholtz motion sooner or 
later. For the delta/Cremer model, the points 
where Helmholtz motion may occur are confined 
within the same general region, but a great deal of 
this region is covered by a pattern of curving 
black patches. In those regions, periodic regimes 
are found which differ from the Helmholtz motion 
in having more travelling Raman comers. We 
have christened these particular regimes "multiple 
flyback motion", and examples have been shown 
previously (Woodhouse 1993b). They are all 
characterised by a bridge-force waveform which 
looks roughly like the Helmholtz sawtooth, except 
that in place of the single "flyback" in each cycle, 
there is a cluster of 3,5, 7 or more closely-spaced 
flybacks. ° 

When hysteresis is low, in Fig. 2(e) and (1), 
the difference between the two models becomes 
rather less drastic. At low bow forces, both 
models now show a large area in which Helmholtz 
motion arises, although often with rather long 
transients. The stiff/Cremer model has a fuzzy 
vertical line at a maximum value of bow force, 
which is at a rather lower value than in Fig. 2(c). 
The delta/Cremer model again shows a significant 
area of black in the characteristic curving pattern 
which indicates multiple-flyback motion. 

It seems clear that these systernadc 
simulations can indeed shed interesting light on 
issues of "playability". Further studies in this vein 
are under way, to investigate the influence of the 
many parameters of the problem. 

Acknowledgement 
This work. would not have been possible without 
the extensive collaboration ofR. T. Schumacher. 

592 



References 
ScheUeng J C (1973), "The bowed string and the 

player," J. Acoust Soc. Amer. 53 26-4l. 
McIntyre M E and Woodhouse J (1979), "On the 

fundamentals of bowed-string dynamics," 
Acustica 43 93-108 . 

McIntyre M E, Schumacher R T and Woodhouse J 
(1983), "On the oscillations of musical 
instruments," J. Acoust Soc. Amer. 741325-1345. 

Cremer . L (1985) The physics of the violin, MIT 
Press, Cambridge MA, USA, see chapter 3. 

Woodhouse J (1993), "On the playability of violins, 
Part 1 Reflection functions," Acusdca 78, 
125-136. 

Woodhouse J (1993), "On the playability of violins, 
Part 2 Minimum bow force and transients," 
Acustica 78, 137-153. 

Schumacher R T and Woodhouse J (1993), "The 
transient behaviour of models of bowed-string 
motion", Chaos, in press. 

593 





ADDRESSES TO AUTHORS 

Agull6, J, Univ Politecnica de Catalunya, Dep. d'Enginyeria Mecanica, Diagonal 647, 08028 Barcelona, Spain 
Alarcia, A A, c/o Sabino Arana, 23-2-Izda, 480 13 Bilbao, Spain 
Alku, P, Univ ofOulu, Dept. ofOtolaryng. & Phoniatrics FIN-90220 Oulu, Finland 
d'Allessandro, C, LIMSI - CNRS, P.B. 133, F-91403 Orsay, France 
Amir, N, EE Department, Technion City, Haifa 32000, Israel 
Anderson, J M, Department of Physics, University of Northern Iowa, Cedar Falls, Iowa 50614. USA 
Askenfelt, A, KTII, Dept Speech Comm. and Music Acoustics, S-l00 44 Stockholm, Sweden 
Auregan, Y, Laboratoire d' Acoustic de 1 'Universite du Maine, Les Mans, France 
Bailliet, H, Institut National des Sciences Appliquees, Toulouse, France 
Barjau, A, Univ Politecnica de Catalunya, Dep d'Engineyeria Mecanica, Diagonal 647, 08028 Barcelona, Spain 
Barlow, C Y, Cambridge Utliv, Engineering Dept., Trumpington St., Cambridge CB2 1PZ, UK 
Battel, G U, Music Conservatory of Venice, "Benedette Marcello", Venice, Italy 
Bazant, P, Vuzort a.s. Plzenska 66,15124 Praha 5, Czech Republic 
Bennett, G, Gruthweg 11, CH-4132 Muttenz, Schweiz 
Berndtsson, G, KTH, Dept of Speech Comm and Music Acoustics, S-l00 44 Stockholm, Sweden 
Bork, I, Phys.-Techn. Bundesanstalt, Labor 1.53, D-33oo Braunschweig, Germany 
Bowe, H, Linguistics Department, Monash University, Clayton 3168, Victoria, Australia 
Bowie, J C, 219 Ferry Road, Edinburgh, EH6 4NN, UK 
Brattstrom, V, Eastmaninstitutet, Dalag. 11, 113 24 Stockholm, Sweden 
Bresin, R, Univ di Padova, Centro di Sonologia Computazione -CSC, Via S. Francesco 11,1-35121 Padova, Italy 
Camiz, P, Univ. di Roma La Sapeinza, Dipartimento di Fisica, Piazzale Aldo Moro 5, I-OOl(X) Rom, Italy 
Cardona, S, Univ Politecnica de Catalunya, Dept d'Enginyeria Mecanica, Diagonal 647, 08028 Barcelona, Spain 
Castellengo, M, Univ Paris 6, Lab. d'Acoustique Musicale, Tour 66, 4 PI. Jussieux, F-75OO5 Paris, France 
Causse, R, IRCAM, 1, Place Igor Stravinski, F-75004 PARIS, France 
Cebulla, M, Humboldt Univ, Med. Fakultltt, HNO-Klinik, Schumannstr 20/21, D-(0)-1040 Berlin, Germany 
Chaigne, A, TELECOM Paris, Signal Department, 46, rue Barrault, F-75634 Paris Cedex 13, France 
Cook, P R, CCRMA, The Knoll, Stanford, CA 94385, USA 
Dalmont, J-P, Univ du Maine, Lab. D'Acoustique, B.P. 535, F-72017 Le Mans Cedex, France 
Dan, T K, Electronics and Comm. Unit, Indian Statistical Institute, 203 B T Road, Calcutta 700035, India 
Datta A K, Electronics and Comm. Unit, Indian Statistical Institute, 203 B T Road, Calcutta 700035, India 
De Poli, G, C.S.c.- Centro di Sonolog. Comput - D.E.!., Univ. of Padua, via S. Francesco 11,35121 Padova, Italy 
Deutsch, W, 6sterreichische Akademie der, Wissenschaften, Liebiggasse 5, A-10lD Wien, Austria 
Doutaut, V, Departement SIGNAL, Telecom Paris, 46 Rue Barrault 75634 Paris Cedex 13, France 
Dudley, J D, Brigham Young University, 278 Eyring Science Center, Provo, UK 
Edlund, B, 6stervAngsv~gen 40, 223 65 Lund, Sweden 
Elliot, N, LAnga Raden 7, 111 49 Stockholm, Sweden 
Erickson, D: Dept Speech & Hearing Science, The Ohio State University, Columbus, OH, USA 
Estill, J 310 Pacific Hts Drive, Santa Rosa, CA 95403, USA 
von Falkenhausen, L, Lothar von Falkenbausen, Dept of the History of Art, UCLA, Los Angeles, CA 90024 
Fletcher, N H, Australian National Univ, R.S. Phys. S.E Canberra ACT 2601, Australia 
Friberg, A, KTH, Dept of Speech Comm and Music Acoustics, 100 44 Stockholm, Sweden 
Fryden, L, V~sterv~gen 9,1 tr, 191 51 Sollentuna, Sweden 
Fujimura, 0, The Ohio State Univ, Div of Speech and Hearing Science, Columbus, OH 43210-1002, USA 
Fyk, J, Pedagogical Univ, Inst of Music Education, Ogrodowa 3b, Poland 
Fodermayer, F, Univ Wien, Inst fiir Musikwissenschaft, Universitlitsstrasse 7, A-I0lD Wien 1, Austria 
Gabrielsson, A, Uppsala Univ, Psykologiska institutionen, Box 1854, S-75148 Uppsala, Sweden 
Galembo, A, 47 Furstadskaia Str, Apt 17, 1191123 StPetersburg, Russia 
Gauffin, J, KTH, Dept of Speech Comm and Music Acoustics, 100 44 Stockholm, Sweden 
Gilbert, J, Univ du Maine, Lab. D'Acoustique, Av. Olivier Messiaen B.P.535, F-72017 Le Mans Cedex, France 
Gong, Z, Peking Univ, Beijing Inst. of Modern Physics, Beijing, 100871, P.R. China 
Grau, S, LIMSI-CNRS, BP 133, F91403 Orsay, France 
Guettler, K, Eilins v. 20, N-1342 Jar, Norway 
Hall, 0 E, California State Univ., Physics-Physical Science Dep., 6000 1 Str., Sacramento, CA 95819, USA 
Hammarberg, B, Dept of Log & Phon, Huddinge Univ. hospital, 141 86 Huddinge, Sweden 

595 



Hansen, U J, Indiana State Univ, Dept. of Physics, Terre Haute, IN 47809, USA 
Hanson, R J, The Univ. of Northern Iowa, Dept. of Physics, Cedar Falls, IA 50614-0150, USA 
HertegArd, S, Huddinge sjukhus, Foniatriska avd, 141 86 Huddinge, Sweden 
Hettergott, A, Koflergasse 19/1/9, A-1120 Wien, Austria 
Hirose, H, RILP, Faculty of Medicine, University of Tokyo, 7-3-1 Hongo, Bunkyo-ku, Tokyo, 113 Japan 
Hirschberg, A, Eindhoven Univ. Technology, Dept of Physics, Box 513, NL-5600 MB Eindhoven, Holland 
Hori, Y,.Medical School, Okayama University, Okayama 700, Japan 
Howard, D M, Univ of York, Dept of Electronics, Heslington, York YOI 5DD, UK 
Hurme, P, Department of Communication, University of JyvaskyUl, Finland; 
Hutchins, C, 112, Essex Avenue, Montclair, NJ 07042, USA 
Hogset, Carl, Sorhedalsvn. 78, N-0376 Oslo, Norway 
Idogawa, T, 1-14-39 Gakuencho, Higashikurume, Tokyo, 203 Japan 
Imaizumi, S, Univ. of Tokyo, RILP, Faculty of Medicine, 7-3-1 Hongo Bunkyo-ku, Tokyo, Japan 
Inokuchi, S, Dept of Syst. Eng., Fac. of Eng. Science, OSAKA University, Toyonaka, Osaka 560, Japan 
Inoue, T, Kyushu Inst. of Design, Shiobaru 4-9-1, Minami-ku, Fukuoka-shi, Japan 815 
Inouye, T, Medical School, Osaka University, Suita, Osaka 560, Japan 
Jansson, E V, KTH, Dept of Speech Comm and Music Acoustics, 100 44 Stockholm, Sweden 
Karjalainen, M, Helsinki Univ.Technology, Acoustics Laboratory, Otakaari 5 A, SF-02150 Espoo, Finland 
Katayama, S, Medical School, Okayama University, Okayama 700, Japan 
Keefe, D H, Univ of Washington, School of Music, DN-IO Seattle, WA 98195, USA 
Kergomard, J, Univ du Maine, Lab. D'Acoustique, Av. Olivier Messiaen B.P. 535,72017 Le Mans, France 
Kobata, T, Tsukuba Univ, Nagai Lab., Inst. Applied Physics, 1-1-1- Tennoudai, Tsukuba-shi, !baraki, 305 Japan 
Kondo, M, 1-17-24 Oizumigakuencho, Nerima-ku, Tokyo 178, Japan 
Koornhof, G W, Potchefstroom Univ, Information Technology, Potchefstroom 2520, S Africa 
Kruger, W, Inst.f.Instrumentenbau GmbH, Klingenthaler Str. 42, D-(0)~9657 Zwota,Germany 
Kubota, H, 3-11-1-207 Motizumi, Komaes-shi, Tokyo, 201 Japan 
Laine, UK, Helsinki Univ. Technology, Acoustics Laboratory, Otakaari 5A, SF-02150 Espoo, Finland 
Lambourg, C, Departement SIGNAL, TELECOM Paris, 46 rue Barrault 75634 Paris cedex 13, France 
Langhoff, A, Via D. Chiesa, 11,1-26100 Cremona, Italy 
Laukkanen, A.M, Univ of Tampere, lost. of Speech Comm. & Voice Res., Box 607, SF-33101, Tampere, 
Finland 
Leino, T, Tohlopinkatu 44 C12, SF-33310 Tampere, Finland 
Lippus, U, Inst of Language a Litterature, Roosikrantsi 6, Tallinn EE 0100, Estonia 
Long, J, Physics Department, Monash University, Clayton 3168, Victoria, Australia 
Lunden, P, KTH, Dept of Speech Comm and Music Acoustics, 100 44 Stockholm, Sweden 
Macomber, H K, Department of Physics, University of Northern Iowa, Cedar Falls, Iowa 50614. USA. 
Mazzola, G, Wangonstrasse 11, CH-8600 DObendorf, Schweiz 
McAllister, A, Danderyds Sjukhus, Talkliniken, 18288 Danderyd, Sweden 
Meinel, E, Inst. fOr Musikinstrumentenbau, Klingenthalerstr. 42, 0-9657 Zwota,Gennany 
Melka, A, Vuzort a.s, PlzenskA 66, CS-151 24 Praha 5, Czech Republic 
Merlier B, Studio GRAME, 6 quai Jean Moulin BP 1185, F-69202 Lyon Cedex 01, France 
Meyer, J, Physikal. Techn. Bundesanstalt, Postfach 3345, D-3300 Braunschweig, Germany 
Molin, N.E, Hogskolan i Lulelt, 951 87 Lulelt, Sweden 
Moral, J A, Dr, Alonso Moral, Jesus, c/o Sabino Arana 23-2 izda, 48013 Bilbao, Spain 
Mukherjee, B, Electronics and Comm. Unit, Indian Statistical Institute, 203 B T Road, Calcutta 700035, India. 
Muller, H A, MOller BBM GmbH, Robert-Koch-Strasse 11, W-8033 Planegg/B-Miinchen,Germany 
Naganuma, D, Teikyo University of Technology, 2289 Uruido, Ichihara, Chiba 290-01, Japan 
Nakamura, I, Teikyo Univ. of Technology, 2289, Uruido, Ichihara, Chiba, 290-01, Japan 
Nawka, T, Humboldt Univ, Med. Fakultat, HNO-Klinik, Schumannstr 20/21, D-(0)-1040 Berlin, Germany 
Niewczyk, B, Pracownia lutnicza, 61-776 Poznan, u1. Wozna nr 6, Poland 
Nord, L, KTH, Dept. of Speech Comm. and Music Acoustics, S-I00 44 Stockholm, Sweden 
Ohgushi, K, c/o Taguti, Konan Univ, Faculty of Science, Okamoto, Higasbinada, Kobe, 658 Japan 
Otcemisek, Z, VUZORT, Sound and Picture research, Projects, Prague, Czech Republic 
Pabon, P, Royal conservatory, Sonology, Juilana van Stolberglaan 1, NL-2595CA Den Haag, Holland 
Parncutt, R, McGill Faculty of Music, Strathcona Music Building, 555 Sherbrooke Str.W., Montreal, Quebec, 
H3A 1E3 Canada 
Pelorson, X, ICP-INPG, 46 av F. Viallet, F-380 31 Grenoble Cedex, France 

596 



Pitteroff, R, Corpus Christi College, Cambridge, CB2 1RH, UK 
Prame, E, KTH, Dept of Speech Comm and Music Acoustics, 10044 Stockholm, Sweden 
Rakowski, A, Chopin Academy of Music, Okolnik 2, 00-368 Warszawa, Poland 
Repp, B H, Haskins Laboratories, 270 Crown Street, New Haven, CT 06511-6695, USA 
Richard, G, LIMSI-BP 133, F-91403 Orsay, France 
Richardson, B E, Univ. of Wales, CoIl. of Cardiff, Dept of Physics and Astronomy, P.O. Box 913, Cardiff CFl 
3TH, Wales, UK 
Rocchesso, D, C.S.C. Univ di Padova, V. San Francesco, 11,1-35121 Padova, Italy 
Rodgers, ° E, Kendal at Longwood 179, Kennett Square, PA 19348, USA 
Rosenhouse, G, Civil Eng. Department, Technion City, Haifa 32000, Israel 
Ross, J, Inst of Language & Literature, Roosikrantsi 6, EE 0106 Tallinn, Estonia 
Rossing, T D, Northern Illinois Univ, Dept. of Physics, DeKalb, IL 60115-2854, USA 
Rossiter, D P, Signal Proc., Voice and Hearing Res. Group, Dept of Electronics, Univ. of York, Heslington, York, YO 
UK 
Saida, H, RILP, Faculty of Medicine, University of Tokyo, 7-3-1 Hongo, Bunkyo-ku, Tokyo, 113 Japan 
Saiwaki, N, Osaka Univ, Dept of Systems Eng, 1-1 Machikaneyama, Toyonaka, Osaka, 560 Japan 
Saldner, H 0, LuleA University of Technology, Division of Experimental Mechanics, S-971 87 LuleA, Sweden, 
Sataloff, R T, DMA, 1721 Pine Street, Philadelphia, PA 19103, USA 
Schleske, M, Franz-Marc-Str. 12, D-80oo Munchen 19,Germany 
Schumacher, R T, Carnegie-Mellon Univ, Dept. of Physics, PittSb"urgh. PA 15213, USA 
Sederholm, E, Danderyds Sjukhus, Talkliniken, 182 88 Danderyd, Sweden 
Seidner, W, Humboldt Univ, Med. Fakult1U, HNO-Klinik, Schumannstr. 20/21, D-(0)-1040 Berlin, Germany 
Shimony U: EE Department, Technion City, Haifa 32000, Israel 
Shimura, Y, RILP, Faculty of Medicine, University of Tokyo, 7-3-1 Hongo, Bunkyo-ku, Tokyo, 113 Japan 
Skalevik M, Viken FolkehOgskole, N-2800 Gjovik, Norway 
Sonninen, A, Gummeruksenk. 3B, FIN-401oo JyvaskyUi, Finland 
Stanzial D, CNR-CEMOTER, V. Canal Bianco, 28, 1-44044 Ferrara, Italy 
Stepanek, J, Vuzort a.s, Plzenska 66,15124 Praha 5, Czech Republic 
Strong, W J, Brigham Young Univ, Department of Physics, 191 ESC, Provo, UT 84602, USA 
Stulov, A, Department of Mechanics, Inst. of Cybernetics, Akadeemia tee 21, Tallinn, EE-0026, Estonia 
Sueoka, T, Staatliche Hochschule ffir Musik u. Darstell. Kunst, Wien, Austria 
Sundberg, J, KTH, Dept. of Speech Comm. and Music Acoustics, S-loo44 Stockholm, Sweden 
Sundin, N-G, RAdrnansgatan 3, 114 25 Stockholm, Sweden 
Syrovy, V, Musical Faculty of Academy of Performing Arts, Pague, Czech Republic 
Sodersten, M, Huddinge Sjukhus, Inst. for Logopedi & Foniatri, KI, 141 86 Huddinge, Sweden 
Taguti, T, Konan Univ, Faculty of Science, Okamoto, Higashinada, Kobe, 658 Japan 
Ternstrom, S, KTH, Dept of Speech Comm and Music Acoustics, 100 44 Stockholm, Sweden 
Titze, I R, Univ of Iowa, Nat Ctr. for Voice & Speech, 330 SHC, IOWA City, IA 52242, USA 
Todd, N, The City Univ, Dept of Music, Northampton Square, London ECI V OHB, GB 
Tonegawa, H, Dept. of Acoust. Design, Kyushu Inst. of Design 4-9-1 Shiobaru, Minamiku, Fukuoka-shi, 815 Japan 
Tro, J, N.T.H., Akustisk Lab. N-7034 Trondheim, Norway 
Troup, G J, Monash Univ, Physics Dept, Clayton, Vic 3168, Australia 
Turra, F, Turra, Fabio, C.S.C. Univ di Padova, V. San Francesco, 11,1-35121 Padova, Italy 
Ungvary, T, KTH, Dept of Speech Comm and Music Acoustics, 100 44 Stockholm, Sweden 
Verge, M-P, IRCAM, I, Place Igor Stravinski, F-75004 Paris, France 
Vidolin, A, C.S.C, D.E.!., University of Padua, via S. Francesco 11,35121 Padova, Italy 
Vilkman, E, Univ of Oulu, Dept. of OtoIaryng. & Phoniatrics FIN -90220 Oulu, Finland 
Valimaki, V, CARTES, Abertajankuja 4, SF-02100 Espoo, Finland 
Weinreich, G, Univ of Michigan, Physics Dept, Ann Arbor, MI 48109, USA 
van der Walt, A J, Potchefstroom University, South Africa 
Wenxue, X, Department of Physics, Peking University, Beijing 100871, China 
Widholm, G, Institut ffir Wiener Klangstil, Singerstrasse 26, A-lOlO Wien, Austria 
Winkler, W, Institut ffir Wiener Klangstil Hochschule ffir Musik und darstellende Kunst in Wien 
A-lOlO Wien Singerstrasse 26, A-lOlO Wien, Austria 
Woodhouse, J, Univ of Cambridge, Dept. of Engineering, Trumpington Street, Cambridge CB2 1PZ, UK 
Xiaomin, G, Department of Physics, Peking University, Beijing 100871, China 

597 



SOUND EXAMPLES 
(Numbers within parenthes refer to track on the disk) 

T Ungvary & P Lunden: SentograJfito (1) 
Sentograffito, is the first work in a planned series of compositions for live computer music. live 
computer music is to integrate interactive, real-time improvisation, sound distribution and non-real time 
prescriptive compostion. (The tenn prescriptive implies a kind of notation~ in the sense that it can serve to 
recreate that work in perfonnance.) 

Sonic structures fonned beforehand are combined with improvization and spontaneous manipulation 
of materials in this piece. We aimed to integrate the concept of latice oriented traditional instrumental 
stream - fixed-pitch, duration and timbre - and of the sonic continuum - pitch-, amplitude-, and timbral 
evolution. The instrumental sounds (flute, piano, percussion and string orchestra) are all sounds of a 
Proteus synthesizer and the vocal sounds are produced by the MUSSE DIG synthesizer for singing 
synthesis. The electroacustic sound material (EA-s.m.) consists of digitized natural sounds treated and 
material created by the signal processing soft/hardware system UPIC (L' Atelier UPIC, Massy, France). 

Sentograffito starts with an introduction (flute and EA-s.m.) followed by a piano improvisation 
succeeded by a slowly growing sonic process (singing, percussion, string orchestra and EA-s.m.). 
Reaching a culminative conclusion, the piece fades out · with an epilogue recapitulating the motive of the 
introduction. 

Sentograffto was made possible by the work achieved by the Kineto-Auditory Communication 
Research Group (KACOR) at KTH (Royal Institute of Technology) Stockholm, with support of the Bank 
of Sweden Tercentenary Foundation and the Swedish Research Council for Engineering Sciences. 
Technical assistance: Markku Haapakorpi, Wolfgang Musil (Wien) Michael Kieslinger (Wien). 

Synthesized singing by Berndtsson & Sundberg; Cook; Dan, Mukherjee & Datta; 
Pabon; and Titze &. Story': 
G Bennett: "Limericks" (2) . 
Synthesized perfonnance of Gerald Bennett's "Limericks", texts by C Aiken, G du Maurier and 
Anonymus (see Section Synthesis of Singing). Timing was detennined by a generative grammar of 
musical perfonnance by processing the note file with the RULLE program (J Sundberg, A Friberg, L 
Fryden "Common secrets of musicians and listeners: An analysis-by-synthesis study of musical 
perfonnance", in P Howell, R West & I Cross, ed:s, Representing Musical Structure, London: Academic 
Press, 161-197). The accompaniment was synthesized on a sampler by Anders Friberg. Editing.-and 
. mixing was carried out by Sten Ternstr(jm. 

Verse 1: Tenor synthesis by Titze & Story. 
Text by Conrad Aiken: 
There once was a wonderful wizard 
who got a fierce pain in the gizzard, 
So he drank wind and snow 
at fifty below 
and blew up a forty day blizzard. 

Chorus: Will you come up to Limerick, 
Will you come up to Limerick? 

Verse 2: Soprano IT synthesis by Cook 
Text by Conrad Aiken: 
On the deck of a ship called "The Masm" 
an old salt was having a spasm. 
Cried a lady named Chasm 
"Is that an orgasm?" 
And the old salt replied to her:"Yas'm". 

Chorus: Will you come up to Limerick, 
Will you come up to Limerick? 
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Verse 3: Alto synthesis by Pabon 
Text by George du Maurier: 
A Cologne est un Maitre d 'hOtel, 
hors du centre du ventre duquel 
se projette une sorte 
de tiroir qui supporte 
la moutarde et Ie poivre et Ie sel. 

Chorus: Will you come up to Limerick, 
Will you come up to Limerick? 

Verse 4: Baritone synthesis by Berndtsson & Sundberg 
Text by George du Maurier: 
n etait un gendarme ~ Nanteuil 
qui n'avait qu'une dent et qu'un oell; 
mais cet oell solitaire 
etait plein de mysrere, 
cette dent d'importance et d'orgeuil. 

Chorus: Will you come up to Limerick, 
Will you come up to Limerick? 

Verse 5: Soprano I synthesis by Dan, Mukherjee & Datta 
Text by Conrad Aiken: 
Animula vaguZa blandula, 
is it true that your origin's glandular? 
Must you twang for the Lord 
an umbilical chord 
like all other impropagandula? 

Chorus: Will you come up to Limerick, 
Will you come up to Limerick? 

Verse 6: Bass synthesis by Berndtsson & Sundberg 
Text Anonymous: 
There was a young boy in the choiyah 
whose voice rose highyah and highyah, 
till one balmy night 
it shot clear out of sight. 
They found it next day in the spiyah. 

Chorus: Will you come up to Limerick, 
Will you come up to Limerick? 

d 'Alessandro & CasteUengo 
1. Seven FO patterns, with the same initial phase 0, the same vibrato rate 6 Hz, the same nominal 

frequency 440 Hz, the same vibrato extent 100 cents, and with seven durations 0.5,0.75, 1, 1.25, 1.5, 
1.75, 2 cycles. (3) 

2. Two sequences extracted from the Air "0 legere Hirondelle" (Mireille, Gounod), sung by Mado Robin, 
LP Decca LXT 2898. (4) 

3. Sequence extracted from "La fille du regiment" (Donizetti) sung by Joan Sutherland, LP London OSA 
13107. (5) 

Askenfelt (A look at violin bows) 
1. Detache notes (down-bow/up-bow) played by a professional violinist using two different bows; one of 

high quality, Horst Schicker (S), and one of no value, made of birch (B). First note is E4 (S - B), 
followed by note B3 (S - B). The example is repeated twice. (6) 

2. Acceleration at the bow tip. The same cases as in SOUND EXAMPLE 1 (not repeated). (7) 
3. A short excerpt played by a professional violinist using 8 different bows ranging from high quality (S) 

to very poor (B). (8) 
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Askenfelt (Observations on the transient components of the piano tone) 
1. Separation of the string sound from the attack components. TransvelSal string velocity followed by the 

radiated sound for repeated notes on a grand piano (C4). The example is repeated three times. (9) 
2. Where does the thump enter? Comparison of the vibrations in the string and at the bridge followed by 

the radiated sound. The same notes as in 1. The example is repeated three times. (10) 
3. IDustration of strong local resonances. Vibration signals (velocity) at the bridge - metal plate - rim -

keybed followed by the radiated sound. The example is repeated twice. (11) 

Battel & Bresin 
1. Theme of the Brahms "Variations on a Theme of Paganini" op. 35: deadpan version (12) 
2. Same example as in 1, performance with rules as in table 1. (13) 

Bennett 
1. Risset: Mutations (14) 
2. Flute from Reynolds: Transfigured Wind II (15) 
3. Wishart: Vox 5 (16) 
4. Bennett: Rainstick (17) 
5. Footsteps (spatialization) (18) 
6. Decker: Northern Migrations (19) 
7. Harvey: Mortuos plange, vivos voco. (20) 

Bresin, De Poli & Vidolin 
1. Theme of Mozart Sonata K284: deadpan version (21) 
2. Theme of Mozart Sonata K284: version with rules with K=l (22) 
3. Theme of Mozart Sonata K284: version with neural networks trained with rules with K=l (23) 
4. Theme of Mozart Sonata K331: deadpan version (24) 
5. Theme of Mozart Sonata K331: version with rules with K=l (25) 
6. Theme of Mozart Sonata K331: version with neural networks trained with rules with K= 1 (26) 
7. Theme of Mozart Sonata K331: deadpan version, all voices (27) 
8. Theme of Mozart Sonata K331: version with neural networks trained with the performing style of a 
pianist, all voices. (28) 

Castellengo 
1. A minor cadential trill sung by J. Sutherland. For the first part of this trill, see Figure 1. (29) 
2. Synthetic voice computed by a parallel formant synthesizer. 
a) The M frequency modulation (F=554.3Hz; _f/F=O.14; R=7.14) Twice. (30) 
b) Musical formula inducing fusion. (31) 
c) Musical formula inducing separation. (32) 
3. A didactic example of major and minor trill, sung by a professional singer (soprano). (33) 

Dalmont & Gilbert 
Three sound examples played by a saxophonist. Note that the measurements were made with a blowing 
machine. 
1. corresponds to experiment 1 described on section 4-1. (34) 
2. corresponds to the experiment 2 described on section 4-2. (35) 
3. corresponds to the experiment 3 described on section 4-3. (36) 

Dalmont & Kergomard 
1. Four cylinders with saxophone mouthpiece. (37) 
2. Three cylinders with saxophone mouthpiece. (38) 
3. Two cylinders with saxophone mouthpiece. (39) 

Doutaut & Chaigne 
1. Boundary conditions: AA BB (twice) A: free ends, B: supported ends (40) 
2. Type of mallet: AA BB (twice) A: rubber, B: wood (41) 
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Dudley & Strong 
1. A several tone sequence from pressures in the mouthpiece (42) 
2. The same several tone sequence from radiated pressures at the bell (43) 
3. A bugle call from radiated pressures. (44) 

Gabrielsson 
1. A violinist's perfonnance of a D major triad (happy, sad, solemn. angry, soft/tender, without 

expression, twice each). (45) 
2. A flutist's perfonnance· of the melody in Figure 2 (happy, sad, solemn. angry, soft/tender, without 

expression). (46) 

Guettler (47) 
Simulated velocity of a bridge recorded during a series of five different bowing patterns: at all times the 
velocity of a non slipping bow was describing square waves with a "fly-back" period equal to TOxIL. 
Pitch flattening was obtained by prolonging the positive (quasi static) periocl successively by To'252, thus 
flattening the pitch about 7 cent each time. The initial whole period was TO = 2L/C. The simulations 
were performed with a compliant bow and a Cremer model bridge. The high frequencies were boosted 
somewhat to emphasize differences in the overtone patterns. The series is played three times. 

Hettergott 
1. Pierrot Lunaire No.7-I, rtAn unstillbarem Liebeslied stirbSI du" , as performed by esw, mte, jdg, esz, 

mth, yvm (this order). (48) 
2. Pierrot Lunaire No.7-2, rtDu niichtig todeskranker Mond", as perfonned by esw, mte, jdg, esz, mth. 

yvm (this order). (49) 

Howard & Rossiter 
1. The vowel of "spa" sung by an adult female in belt and non-belt styles (repeated once). (50) 
2. The vowel of "spa" sung in a trained and an untrained sytle by a trained adult male (repeated once). 
(51) 

Karjalainen & Valimaki 
1. The original guitar sound and the residual produced by the inverse filter (played twice); (52) 
2. The original sound and resynthesis that has been generated using the same loop filter as in inverse 

filtering and an input signal that has been truncated from the residual (played twice); (53) 
3. A short excerpt from a flamenco style piece played in real time by the guitar model that is 

implemented on a TMS320C30 signal processor. In this example the input signal to the string models 
is a recorded impulse response of the body. (54) 

Lambourg & Chaigne 
Sound synthesis with I, 6, and 15 nodes; repeated twice. (55) 

Moral & Alarcia 
J.S. Bach: Partita for Solo Flute, Aitor Amilibia Alarcia, Txistu 
1. From the beginning of third movement - Sarabande (56) 
2. From the beginning of the fourth movement - Allegro (57) 

Pabon 
(Theese sound examples are explained in more detail in the article "The phonetogram in singing voice 

analysis and synthesis"). 
1. Phonations with random modulation of source parameters: (58) 
a. TO randomly modulated at a rate of 0%, 0.5%, 1%, 2%, 4% and 8% 
b. OQ randomly modulated at rates of 0%, 0.5%, 1 %,2%,4% and 8% 
c. CF randomly modulated at 0%, 2%, 4%, 8%, 16% and 32% 
d. LO randomly modulated at levels of 0%, 5%, 10%, 20%, 40% and 80%. 
2a. OQ variation starting at 100% changing stepwise to 66%, 50%, 30%, 20%, and 10% of TO. (59) 
2b. same as in 2a with FO sweeping from 100 Hz to around 400 Hz. (59) 
3. Three short phonations with FO=196 Hz (G3), F0=392 Hz (G4), and F0=784 Hz (G5) and with the 

shimmer parameter (random variation of LO) remaining at 20%. (60) 

601 



4. Attempt to synthesize a breathy voice qUality. (61) 
a. Imitation of breathy attack. 
b. Same as a. with the closure rate (FC) parameter set to a lower value, resulting in a breaking up of the 

percept into a glottal noise component plus a separate sine tone, the fundamental. 
c. Same as a. with the closing rate set unrealistically high, such that the bigher partials mask the noise 

components. 
5. Synthesis with parameter pick-up from a phonetogram (see figure 2) so that OQ and CF are 

dynamically adjusted with FO and SPL. Vibrato was increased whenever FO and SPL reach stable 
values. (62) 

Richard, d' Alessandro & Grau 
1. Transition between periodic FWF and RWFW:fO is increased from 6 up to 1000 Hz, and then the 

periodic virtual excitation is gradually randomized (63) 
2. whispered speech synthesis (male and female voice, natural whispered speech and the corresponding 

synthetic version). (64) 
3. Analysis oftrumpet sound: 1. natural sound, 2. quasi-periodic signal. 3. noise signal. (65) 
4. Noise component synthesis: 1. original noise component, 2. noise component synthesized using the 

classical LP filter with a Gaussian white noise excitation, 3. noise component synthesized using 
envelope synchronized RFWF. (66) 

5. Addition of different noise component to the quasi-hannonic component: 1. original noise component, 
2. noise component synthesized using the classical LP filter with a Gaussian white noise excitation, 3. 
noise component synthesized using envelope synchronized RFWF. (67) 

6. Synthesis method using sampled sung voweils fal (9 different wavefonns): 1. only one point process 
was computed for each sampled wavefOlUl. 2. a large number of random point processes with various 
densities and amplitudes are used for each sampled waveform. (68) 

7. Synthesis method using sampled hand claps (23 different waveforms): 1. only one point process was 
computed for each sampled waveform. 2. a large number of random point processes with various 
densities and amplitudes are used for each sampled waveform. (69) 

Rocchesso & Turra 
1. pp tone (70) 
2. fftone (71) 
3. Tone with hole opening. (72) 
4. MIDI sequence with real-time variations of system parameters. (73) 

Ternstrom 
1. A straight tone sustained by amateur choir singer. (74) 
2. Four voices performing in a very reverberant room (The Harmonic Choir, ... ) (75) 
3. A phrase in Swedish is rendered three times by an amateur choir singer in an anechoic romn. "Det 

strMar en stjama, ftirunderligt blid, i oster pfl himlen hon SID." (a) spoken, (b) singing alone, (c) 
singing with the choir presented at a realistic level over headphones, with some airborne feedback 
mixed in. (76) 

4. The sound inside the choir: a binaural recording from microphones worn by an alto. (77) 
5. Increased separation between Self and Reference can be obtained by producing the monophonic sum 

signal of left and right (more Self) and the difference signal between left and right (no Self). The four 
phrases of the song are reproduced as: sum with choir, difference with choir, sum when singing alone, 
and difference when singing alone. The channel gains have been adjusted to achieve maximum 
cancellation of Self in the difference signal. (78) 

Todd 
Examples generated on a Yamaha SY22 synthesizer produced by a synthesis algorithm (Todd, 1992a) 
whose input is a phrase stucture and output is a list of MIDI values. The particular input was a simple 
four phrase stucture in which each phrase consisted of 16 beats. Three versions with identical intensity 
range but different tempi ranges: 
1. slow tempo (2-4 bps), (79) 
2. medium tempo (4-8 bps) (80) 
3. fast tempo (8-16 bps). (81) 

602 



Weinreich 
1. Tapped sound of fictitious violin having only a Helmholtz mode, at 260 Hz. (82) 
2. Tapped sound of fictitious violin with a Helmholtz mode at 260 Hz and one "wood" mode at 

450 Hz.(83) 
3. Tapped sound of fictitious violin with a Helmholtz mode at 260 Hz and "wood" modes at 450 and 

520 Hz. (84) 
4. Tapped sound ofBEC512 (85) 
5. Tapped sound of LCA489 (86) 
6. Tapped sound of VIL510 (87) 
7. Pizzicato ofBEC512 (88) 
8. Pizzicato of LCA489 (89) 
9. Pizzicato ofVIL51O (90) 
10. Etude in broken thirds, BEC512 (91) 
11. Etude in broken thirds, LCA489 (92) 
12. Etude in broken thirds, VIL510 (93) 
13. Etude in broken thirds on the fictitious violin having only a Helmholtz mode (as in 1) (94) 
14. Tapped sound of fictitious violin having only a high-frequency response (95) 
15. Etude in broken thirds on the fictitious violin which has only a high-frequency response. (96) 
16. Fictitious high-frequency response combined with the actual low-frequency response of VIL51O, as in 

12(97) 
17. Two-and-a-half octave scale (low G to high D) on VIL5lO, up and return (98) 
18. The highest five notes of 17, G-A-B-C-D, up and return. (99) 
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