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PREFACE

Although we almost invariably listen to music in rooms, there is gene-
rally little communication between the disciplines of acoustics of

music and room acoustics. It seems that this lack of communication re-
duces the possibilities of our arriving at a good understanding of the
basic phenomena underlying the communication of music. On April 26,
1975, a seminar was held at the Royal Institute of Technology (KTH) in
Stockholm, organized by the Royal Academy of Music, the Center for Human
Technology and the Center for Speech Communication Research and Musical
Acoustics, KTH. The purpose was to promote a closer relationship between
the fields of acoustics of music and room acoustics by reviewing the
state of knowledge in each of these two areas and by exposing important
but as yet unsolved problems. The papers given on that occasion are

now published in the present book. The editorial team decided that the
papers be published in an international language as they do not seem to
possess only a strictly Swedish interest. The lack of interaction bet-

ween acoustics of music and room acoustics is undoubtly international.

Apart from this book (and the impact which it will hopefully have on
future research), the seminar also resulted in the formation of a Commit-
tee for the Acoustics of Music (Musikakustiska n&mnden) under the auspi-
ces of the Royal Academy of Music. Its members, nominated by the Acade-
my represent acoustics of music, psycho-acoustics, room acoustics and
sound reproduction. The aims of the Committee are (1) to promote rese-
arch, education and dissemination of information in acoustics of music,
(2) to promote contacts between the disciplines of acoustics of music
and room acoustics and (3) to assist with advice whenever possible. The
editing and publishing of the present book has been one of the first

tasks of this committee.

This book is published by the Royal Academy of Music. Si Felicetti of

the Department of Speech Communication, KTH, has assisted in the editori-
al work and Robert McAllister has helped us in checking the English trans-
lations. Hakan Sjogren has made the grammophone records of the sound
examples. The assistance of these persons is greatly acknowledged by the
Academy and by the Committee.

Stockholm December 1976
Johan Sundberg
President of the Committe for Acoustics of Music



ANALYSIS AND SYNTHESIS OF TIMBRES
by
M. V. Mathews, Bell Laboratories, Murray Hill, New Jersey, USA

In the last decade much progress has been made in understanding some
aspects of music. New methods from speech science, from computer sci-
ence, from psychology as well as the traditional methods of physics

have been focused on music. I would like to show you some examples of
this work starting with the study of timbre. The general approach is
called analysis by synthesis which was adapted from the speech sciences
and developed by G. Fant, K. Stevens, and others (see e.g. FANT, 1959
and STEVENS & HOUSE 1972). It starts out with the analysis of the timb-

re either by physical analysis of the instrument itself, for example

the vibrations of a violin, or by signal analysis of the sound wave,

for example by Fourier analysis. These analysis techniques, in general,
give too much information: important information and nonessential in-
formation. The problem is to sort these out. This is done by synthe-
sizing approximations to the sound using only the features that are be-

lieved to be important and then by listening to the sounds, the ear be-

ing the last judge of whether an adequate approximation to the timbre

has been achieved. 1In this way, we arrive at a simple description of

the sound.

Let me illustrate this by a study of the trumpet, done by Jean Claude
RISSET (1969). Fig. 1 shows an acoustical analysis of the trumpet.
Here we have the various overtones of the spectrum measured and plotted
as a function of time. Risset noticed that in the middle of the sound
the high frequency overtones are large and the low fregquency overtones
are small, and at the beginning and the end of the tone the low frequ-
ency overtones are relatively large. This observation is not obvious;

it took a lot of study on Risset's part, but it proved to be the essen-
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Fig. 1 Acoustical analysis of trumpet timbre. From RISSET & MATHEWS
(1969), Physics today, copyright@ American Institute of Physics.

tial simplification which describes the timbre of the trumpet. This
simplification is shown in Fig. 2, where we simply plot the amplitude

of the harmonics as a function of the amplitude of the fundamental. The
highest harmonic shown, G7, becomes very large when the fundamental is
large but is zero as long as the fundamental is below an amplitude of
about 40. The second harmonic is zero up to an amplitude of 25 and then
it rises at a smaller rate. These simpler curves characterize an essen-

tial aspect of the trumpet sound.
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Fig. 2. Functions relating amplitudes of higher harmonics in the

trumpet to the amplitude of the fundamental.
The features of these curves were put into a synthesis program. A
schematic of the program is shown in Fig. 3. The fundamental and all
the harmonics are generated separately with oscillators. The oscilla-
tors are shown as semicircular boxes with two controls, the amplitude
control is on the left side and the frequency control on the right. At
the top of the diagram is an attack and decay generator which controls
the build-up and decay of the fundamental. A little overshoot is provid-
ed at the beginning of the note. The fundamental amplitude is converted
into the amplitudes of the various harmonics by implementations of the
functions which you saw in Fig. 2. These amplitudes modulate the various

harmonics.

The essential judgment, of course, is: How does this sound? (Sound
example.) The first sound example consists of ten notes. Five of these
notes have been played with a real trumpet, five of them have been synt-
hesized with this program. The order is TCTCCTCTTC. The average person
can get only slightly better (60 %) than a chance score in separating the
real and synthetic tones. So, we feel we have an understanding of the tone
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Fig. 3. Schematic of computer program to synthesize brass tones.

of the trumpet. This has been confirmed by further studies of W. WORMAN,
A. H. BENADE (1973). They have shown that the characteristic of having
more high frequency energy at high amplitudes is a function of the lips
of the trumpeter and the way they vibrate and, indeed, is a characte-
ristic of all instruments that are blown with the lips and also charac-

teristic of the wood-wind instruments that use vibrating reeds.

Our understanding of the characteristics of the trumpet tone allows us
to make brass sounds in ways that are very different from the normal
trumpet. A striking example is the use of frequency modulation to
produce brass sound. Frequency modulation techniques have been deve-

loped by John CHOWNING (1973).

Figure 4 shows the frequency modulation instrument, again as a computer
simulation. This is a more efficient program than the preceding program

since it requires fewer oscillators.

Frequency modulation involves the change of the frequency of a carrier
oscillator by a modulation signal. The carrier oscillator is shown at
the bottom of Fig. 4. Above it, is the modulation oscillator that
changes the frequency of the carrier. The constant k determines the
ratio of the carrier frequency to the modulation frequency. If k equals
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Fig. 4. FM instrument

1, the carrier frequency equals the modulation frequency. This is an
unusual situation in frequency modulation, but one that is of great
musical interest because it produces a harmonic spectrum such as is
produced by many normal music instruments. The bandwidth of the spect-
rum depends upon the amount of modulation which is determined by the
function c(t). We can easily change the amount of modulation and thus
make a larger bandwidth with more high frequency energy in the middle
of the tone which we know is essential for the trumpet quality. This

is indeed how we make a brass sound.

What spectra and sounds are obtained for noninteger values of k? If
we make k an irrational number, we get a nonharmonic spectrum. Non-
harmonic spectra are characteristic of percussion instruments: drums,
wood blocks, and so forth. Again, the same kind of control on the

bandwidth is possible. The second sound sample (Sound example) con-

tains both percussive sounds and brass sounds which have been made by

this technique by Dexter Morrill working at Colgate University.

I want next to turn to a different kind of a timbre which instead of
being related to an instrument is related to a property of our hearing.
It concerns frequency and pitch. Frequency is a physical parameter--
cycles per second of a sound wave. Pitch is a perceptual parameter--
one can usually compare two sounds and say one has a higher pitch than

the other. In most cases, if we increase the frequency, the pitch



becomes higher as shown in Fig. 5a. But there is a pecularity about
this relationship: pitches that are produced by frequencies exactly
one octave apart are somehow closer together in our perception than
they are in the frequency scale. If we not only change the frequency,
but also change the harmonic content of the spectrum, the relationship
between frequency and pitch need not be this simple curve that is shown
in the preceding figure but, rather, some unknown curve which in Fig.
5b is depicted as an increasing spiral.

Pitch a Pitch b

1

/(Frequency

»
»

Spectrum

»
L4

Frequency

Fig. 5. Relationships between frequency and pitch.

Two points that are an octave apart are quite close together on this
spiral. If we synthesize a particular spectrum, perhaps we can get
this spiral to collapse so we can create the pitch paradox of a sequence
of tones in which each tone has a higher pitch than its predecessor,

but actually every twelfth tone is identical. (Sound example.) The

third sound example is this sequence. It was done by the psychologist,
Roger Shepard, Stanford University. Figure 6 shows how the spectrum
was formed. The spectrum of the first tone is shown at the top of the
figure and has only octave components. Thus, not all the overtones are
present. The second tone in the series is shown in the middle diagram.
All the components have moved up a 12th of an octave, but the amplitude
of the components are adjusted according to the dotted envelope, so
that the high frequency component is smaller and the low frequency com-
ponent is bigger. By the time we get to the 12th tone of the series,
the high frequency component is so small that you cannot hear it and
the low frequency component is almost as big as the second component

in the first tone. When we move up exactly one octave, we can take

out the highest component and put in a very small low frequency com-
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ponent and you do not hear these changes. So, we have formed a circle

of tones of ascending pitch and gotten back to our starting point.
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Fig. 6. Spectrum of tones for ever-ascending pitch paradox.

Risset has done this on a continuous basis, as demonstrated in the

fourth sound example (Sound example). The continuous illusion is

harder to make and you can perhaps hear the components come in and
go out in that illusion, but the pitch always descends. K. Knowlton
at Bell Telephone Laboratories has applied a similar process to rhythm.

The fifth sound example (Sound example) is a rhythm that apparently gets

faster and faster, but actually repeats.

Next I want to turn to some studies of the violin. The original study
of the trumpet was based on an acoustic analysis of the trumpet signal.
These studies have been based on a physical analysis of the violin, or
at least started with a physical analysis of the violin body. Further

work on the violin has been done by Erik Jansson, see JANSSON & al. (1970).
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The modes of vibrations of the violin body have been known to be impor-
tant for a long time, but they are very difficult to study as Jansson's
work clearly shows. They are difficult to study because it is hard to

do experiments with pieces of wood.

Fig. 7. Violin without body. From MATHEWS & KOHUT (1973), Journal
of the Acoustical Society of America.
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It takes a long time to change the shape of the wood, and making a
violin is very much an art rather than science. I had the idea that
we might simulate the resonances of a violin with electric circuits
which are easy to make and easy to adjust and see how the sound of the
instrument changes as we change these electric circuits in well-known
ways. In order to do this, I constructed a violin without any body,

as shown in Fig. 7.

Except for the absence of a body, this instrument is a normal violin
and is played like a normal violin. The output of the violin strings
is taken electrically as shown in Fig. 8 and fed into a set of resonan-

ces.

TAILPIECE

BRIDGE-
METAL NUT

MAGNETS

FINGERBOARD

SKETCH OF EXPERIMENTAL VIOLIN WITH ELECTRICAL RESONANCES

Fig. 8. Circuit schematic for violin tone studies. From MATHEWS &
KOHUT (1973), Journal of the Acoustical Society of America.
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Physical analysis tells us that the violin has a lot of resonances,

30 or 40, which I constructed and then I tried various experiments,
with different frequencies and different Q's (damping factor) for the
resonances (MATHEWS & KOHUT, 1973). The frequency response of the
resonances is shown in Fig. 9 for four different values of Q. In Case
No. I, we have a very low Q; a Q of zero, which eliminates the resonan-
ces completely. 1In Case No.II, we have a medium Q which turns out to
be the best, and in Cases No.IIIand IVwe find that too high Q's, to our
surprise, sound inferior. Case No. I sounds harsh and unresponsive,
Case No.II sounds the best, and Case No. IV sounds nasal or pinched, a

characteristic that real violines sometimes suffer from.
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Fig. 9. Frequency response curves for four different values of Q's

of violin resonances. From MATHEWS & KOHUT (1973), Journal
of the Acoustical Society of America.

Sound example six is a scale repeated three times using, respectively,
Q's No. I, No.II, and No.IV (Sound example).
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The harshness produced by an absence of resonances is hardly surprising,
but the prominence of the pinched sound of No.IV is an interesting dis-
covery. It says that the best violin is not the one that has the strong-
est resonances, but rather the one which has the right sized resonances,
i.e., the best violin has an intermediate value of resonant Q. It means
that a secret of making violins may be tuning or adjusting the Q's of

the resonances to the correct value.

My own theory, in no sense proved, is that this adjustment is done with
the varnish of the violin which is a sticky substance that tends to
reduce the Q. Perhaps the violin maker starts at a Q that is too high
and keeps adding varnish until he reduces the Q to what he wants. How-
ever, my field is electronics. The realm of physical violin making be-
longs to Jansson and other people, so they have to answer this sort of

question.

How good is the electronic violin? Sound example seven is a duet in

which one of the violins is the electronic violin with the Case No. II
resonances and the other violin is a normal acoustic violin (Sound
example) .The electronic violin is the first violin to be heard. I be-
lieve these two violins blend together very well and there is no real

problem to use them together.

We can approximate the sounds of normal violins, but we can also appro-
ximate the sounds of very abnormal violins using some of the other tech-
niques that we know. One interesting possibility is to put a variable
frequency resonance into the violin. Violins have many resonances, but
they are all at fixed frequencies. Why is a variable resonance of in-
terest? There are only a few instruments that have variable resonances,
but they are very important instruments. The human voice is the main
example, so that putting a variable resonance in a violin gives it some
of the qualities, some of this expressivity, which is associated with
the human voice. This has been done and is shown in Fig. 10. We use
the violin strings as before, we throw away all of the violin resonances,
we put in an amplitude detector which simply measures the amplitude of
the string vibration and we use this amplitude to control the frequency

of a variable frequency resonant filter. This has been used to make
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some rock music by Michal Urbaniak, a Polish violinist (Sound example).

Sound example eight is taken from one of his recordings. The violin

is the solo voice, but it sounds so different from a normal violin that

it is hard to recognize.

Another possibility is to combine the techniques which we used for the
trumpet with the violin. Figure 11 shows how we can produce a brass
timbre from violin strings using a variable low pass filter. Sound

example nine is a sample (Sound example).

The last extension of the violin is an instrument which I call a super-
bass. It is of interest because it depends on a characteristic of the
human ear and its perception mechanism. The ear has what have been
called critical bands of hearing (STEVENS, 1951). The property of these
bands which we must take account of is: if more than one strong overtone
falls in each critical band of hearing, the timbre that is so produced
tends to be perceived as harsh. Low frequency tones have the overtones
closely spaced together, thus low frequency sounds tend to be harsh.

The violin resonance curves which appear in Fig.9 are irregular; this
irregularity reduces the likelihood of having two strong adjacent har-
monics and thus reduces the likelihood of having two strong harmonics in
the same critical band of hearing. I believe that this property of
violin resonances is no accident. I think violins and cellos and bass
viols have been developed over the centuries to get smooth timbres and

this led to creating irregular resonance patterns.

In sound example ten (Sound example) I have lowered the frequencies
of the violin resonances by two octaves. Since violin strings do not
vibrate at a low enough frequency, I have used an oscillator which is
controlled by a computer to generate the melody for the example which
is excerpted from a composition of mine called "Elephants Can Safely

Graze".

The last sound example (Sound example) is of computer synthesized

singing taken from a mini-opera "Mar-ri-ia-a" by Joseph Olive. Techni-
ques of speech synthesis have been highly developed. Much of the prima-
ry work has been by Fant and others here in Stockholm (FANT, 1973). The

speech techniques can also be applied to produce singing and one can
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achieve great control over all the singing parameters. The methods

used were linear predictive synthesis and word concatenation (putting
words together). These techniques make speech. What has one to do to
convert speech into singing? In general, oné has to throw away the
so-called prosodic features, pitch, loudness, and duration of the speech,
and impose the pitches, loudnesses, and durations which are appropriate

to the music.

This particular mini-opera concerns a girl scientist who is lonely and
builds a computer to talk with her. The computer falls in love with the
girl, she responds for a while and then she becomes frightened of their in-
cestuous relationship and takes the computer apart. TI'll play a few of
the computer's first words followed by a duet. The computer is perform-
ed by a DDP-224 machine at Bell Telephone Laboratories, the scientist is

sung by Alexandra Ivanoff, a soprano. The libretto is in the appendix.

I have discussed a few examples of musical understanding that we achieve
from scientific studies. There are many more that I have not mentioned:
composing algorithms, sound in space, real-time computer music, and the
sound catalogue, to name a few. Progress has been made in all these

areas.

To summarize, I would like to repeat the advice of a pianist friend. To
play well, ha said, you must first imagine the music inside your head,
then you must make your fingers follow your imagination. Our present
scientific and technical expertise can improve existing instruments and
can create new instruments which will be more obedient to the imagina-
tion of the musician. Understanding the imagination of the musician is
a far more difficult task, but new tools in psychology and linguistics
can make progress here too. What is needed is a close cooperation of
first-rate musicians and first-rate scientists so that the really im-
portant musical problems can be studied by the most powerful scientific

methods.
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RHYTHM RESEARCH IN UPPSALA
by

Ingmar Bengtsson, Department of Musicology, Uppsala University and Alf

Gabrielsson, Department of Psychology, Uppsala University, Sweden.

Abstract

This paper is divided into three parts. Part I, Rhythm research - pro-
blems, methods, goals, contains a discussion of the rhythm concept, a
brief review of earlier research, and an exposition of general goals

for empirical research on musical rhythm. Parts II and III present two
research projects going on in Uppsala, one of them dealing with investi-
gations of rhythmic performance (part II), and the other one dealing

with investigations of rhythm experience (part III).

PART I:

Rhythm research - problems, methods, goals

The concept of rhythm has been the subject of many treatises and dis-
cussions since the time of ancient Greece and onwards. It has been
used and continues to be used for designating a variety of widely dif-
fering phenomena. Besides in music and dancing it is thus often spoken
of rhythm in poetry and prose, in art and architecture, in theatre and
film, in physiology and various fields of science. No wonder then that
there is still no generally accepted definition of "rhythm", although
the attempts at definitions may be counted in hundreds. Many examples
of definitions and of the wide-spread use of the term are given in an
unpublished paper by BENGTSSON (1967) and in BENGTSSON & al. (1969).

In the present paper the discussion will be limited to rhythm in con-

nection with music (and sometimes dancing).

Rhythm is generally considered as one of the basic elements in music.
There are innumerable discussions on definitions and explanations of
musical rhythm, on the relations between rhythm and other elements in

music, on rhythm characteristics in the music from various time epoches
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or in various cultures, on training and education in rhythm etc. In
most of this literature there are very differing opinions about the
meaning of rhythm, and the term is often used in a vague or suggestive
way. This also holds for many related concepts such as "meter", "tempo“,
"accent", "stress", and others. 1In actual music practice such terms
are often used and understood in an "intuitive" way, which often seems
to work in a satisfactory way. However, attempts at more rigorous de-
finitions of these concepts - for the purpose of including them in a
real "music theory" (still lacking) and in practical-pedagogical appli-

cations of such a theory - are obviously met by many obstacles.

To find a way out of this confused situation is no easy undertaking.
There is need of an analysis concerning the use and the meaning of the
rhythm concept as well as of empirical investigations on rhythm pheno-
mena in connection with music. Some attempts in this direction are de-

scribed in the following.

Proposed meaning of "rhythm"

From the survey of rhythm definitions and rhythm research in BENGTSSON
& al. (1969; abbreviated to BGT in the following) it is obvious that

the rhythm concept is used in very ambiguous ways. Thus rhythm some-

times refers to perceptions/experiences or responses in persons listen-

ing to nwusic or sound sequences of some kind. This seems to be a legi-
timate use of the term (see below). In other cases, however, rhythm

seems to refer to properties of the sound stimuli, that is, to physical-

acoustical phenomena (for instance, talking about "the rhythm in a sound
sequence" per se, independently of a listening subject). In still other
cases rhythm somehow refers to properties of the musical notation (for

instance, speaking about "the rhythm in a sequence of note-signs").

It seems reasonable to discard the two last-mentioned ways of using the
rhythm concept. What is probably meant is that a sequence of sound sti-

muli may give rise to a rhythm experience/response in a listener - or

that a sequence of note-signs somehow (for instance, by means of an ac-
tual or imagined performance) may give rise to a rhythm experience/re-
sponse. Instead of talking about rhythm in the sound stimuli or in the

note-signs it is more correct to speak of factors or properties in the
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sound stimuli or in the notation which may give rise to or otherwise be

related to rhythm experience/response.

In our opinion the rhythm concept should in principle be reserved for
denoting psychological phenomena: "One may speak of rhythm in terms

of a response having experiential behavioral, and physiological aspects

and complex relations between these. The aspects may be analytically
separated but belong to one and the same 'general response'" (BGT, 1969,
pp. 57-58, translated from Swedish). The experiential aspects of the
rhythm reaction refer to various perceptual, cognitive, and emotional
variables (for instance, the rhythm may be experienced as "rapid",
"moving forwards", "dancing", "complex", "marked", "uniform", "vital",
"calm" etc.). The behavioral aspects refer to more or less overt move-
ments, such as swaying of the body, "beating the time" with hands or
feet, even dance movements. The physiological aspects may be such as
changes in the breathing, in the heart rate, in muscular tension etc.
There are no sharp limits between the different aspects (this is partly
a matter of definition varying with different psychological "schools"),
and they are interrelated in very complex ways. The separation into
different aspects is mainly intended for purposes of analysis. In rea-
lity the rhythm response may be thought of as a "whole", where the per-

son in question is not usually aware of the parts.

Rhythm responses may be elicited by sound sequences (musical or not)
with certain characteristics which are adequately described in physical
terms like the durations of the sounds, their amplitudes, frequencies,
spectra etc. Sound sequences may thus serve as stimuli for rhythm re-

sponses, and it is an interesting and important question which relations

there are between various properties of the sound sequence stimulus and

various properties of the rhythm response.  In an analogous way sequen-

ces of note-signs may serve as stimuli and could be subjected to studies
regarding their relations to rhythm responses. This latter point will

not be pursued further here (for some comments see BGT, 1969, p. 58 and
62-63). Of course, rhythm responses may also occur in the absence of

such overt stimuli, for instance, by means of imaginingthe sound of a piece
of music. Such "internally generated" rhythm responses also present

interesting questions but will not be treated here.
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The distinction between stimulus level, notation level, and psycho-
logical level also applies to a number of related concepts. For in-
stance, "accent" should refer to the psychological level, that is,
perceived accent. There is strictly no "accent" in the sound stimuli per
se - however, certain properties of the sound sequence (such as the in-
tensities, durations, frequencies etc. of the different sounds) may give
rise to a perceived accent on certain elements in the sequence. The
question might then be posed which relations there are between such sti-

muli properties and the perceived accent(s).

The necessity of distinguishing between what is notated and what is
experienced/perceived is often evident in connection with the concept
of "measure" or "bar". Consider, for example, a well-known theme from
the finale of Schubert's last symphony in C major, Fig. 1. The notated
measure (Mn) is in 2/4 time. As indicated in the figure, however, the
"perceived measure"(Mm) may correspond to two or four (perhaps even
eight) notated measures. Which case occurs may depend on the actual
performance, that is, on various properties of the sounding stimuli, as
well as on the "attitude" taken by the listener. More examples are
found in BENGTSSON (1966, 1975).

MV' VM?=4Mn
Y VY \A 2 v M,=2M
O | 1 1 1 1 ! 11 1 l 1 ? n
JJ | I | |> | ; Y
Mn A>_AA_A> et>c

Fig. 1. Notation of a theme from the finale of Schubert's last C major
symphony. The length of the notated measure (M_) does probably
not coincide with the length of the perceivedméésure (Mp) -
Rather the perceived measure corresponds to two or four no-
tated measures (My = 2 Mn or My = 4 Mn).

It is not to be expected nor requested that the terms and distinctions
discussed above should be used in the everyday conversation between
musicians. It seems preferable, however, to use them in professional

and scientific texts to avoid much unnecessary confusion. To simplify
this it has been proposed that the intended meaning of concepts like rhythm,
accent, tempo etc. be made by means of various indices or prefixes

(for examples, see BGT, 1969; BENGTSSON & al., 1972; GABRIELSSON, 1973a).
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"Rhythmf'or'"s-rhythm“ may denote the sound sequence eliciting a rhythm

response. "Rhythmn" or "N-rhythm" may refer to notations (that is,
"notated rhythms“).“Rhythm(p" or simply "rhythm" without any index may

refer to the rhythm response/experience. In a similar way “measuren"

means "notated measure" and "measure means "perceived measure"

(see Fig. 1).

Empirical investigations of rhythm

Experimental investigations of rhythm began shortly after the emergence
of scientific psychology in the latter half of the 19th century, and a
large number of research reports appeared during the decades around 1900.
After about 1920, however, the interest for rhythm research seemed to
decrease, and in today's psychology rhythm questions are rarely discus-
sed. A detailed historical account of this research from about 1875

to the late 1960's is given in BGT (1969).

The following enumeration gives some hints of investigated phenomena:
"subjective rhythmization" (the fact that one tends to hear a rhythm
even in a wholly uniform series of sounds); perception of accent and
its relation to various factors in the sound sequence; perception of
grouping of sounds to "unities" of some kind; the relative importance

of temporal relations and intensity relations in the sound stimuli for
eliciting rhythm responses; the role of motor/kinaesthetic components

in the rhythm response; the performance of various "rhythmic structures"
and so on. In most of these investigations the sound sequences used

as stimuli were rather "un-musical" (far too simplified to represent
actual music or approximations of that). The most "realistic" studies
were experiments on performance characteristics, that is, musical perfor-
mances were registered by means of various technical equipment to give
information about the durations, intensities, frequencies etc. of the
tones in the performed music. These studies convincingly illustrated
how highly flexible and variable actual musical performance is in re-
lation to the norms implied by the musical notation system: the
(seemingly) exact durational relations between different "note-values"
(half-notes, quarter-notes etc.) have no counterpart in actual perfor-
mance, the metronomic tempo indications are followed in very approxi-

mate and continuously varying ways, tones following each other in no-
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tation may actually "overlap" each other, deviations from "correct pitch"

are very frequent etc.

In order to advance the research on musical rhythm it seems necessary
to combine earlier approaches in a more effective way. Questions about
performances and questions about rhythm responses/experiences must be
considered in connection with each other. As regards methods, there
must be a continuous interplay between "naturalistic observations" of
performances and well-controlled experimental investigations on various
questions. The progress during the last decades concerning electronic
equipment for synthesis and analysis of sound sequences, the manifold
of methods proposed for description and "scaling" of experience dimen-
sions, and the enormous facilities for handling large amounts of data
by means of computers seem to present good possibilities for future

rhythm research. Some goals for such research are discussed below.

General goals for empirical research on musical rhythm

Some purposes of rhythm research may be discussed in connection with

Fig. 2.

PHYSICAL LEVEL, PSYCHOLOGICAL
STIMULUS LEVEL
SOUND RHYTHM

SEQUENCES, R T — .
MUS 1C RE SPONSE
FEED -BACK

Fig. 2. General framework for empirical rhythm research.

A distinction is made between the physical level or stimulus side on
one hand and the psychological level (to which the rhythm response be-
longs) on the other hand - compare the discussion above about "meaning
of rhythm".

The stimuli are, generally expressed, sound sequences of some kind. In
much earlier research they were generated mechanically by means of me-
tronomes, pins on rotating cylinders, and the like. Nowadays there are
good possibilities for electronic synthesis of sound sequences with

well-controlled characteristics. And most natural of all, the stimuli
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are represented by music of some kind as performed by a musician or a
group of musicians. Music stimuli may be taken from existing recordings
(gramophone records, tape recordings), or new recordings can be made.
New recordings are necessary if it is desirable to control or have know-

ledge about the conditions under which the performance takes place.

The sound sequences may give rise to rhythm responses in listeners, and
a general goal for rhythm research is then, as noted earlier, to find

out which relations there are between various properties of the sound

sequence stimulus and various properties of the rhythm response. Such

relations between physical stimuli and psychological responses are often

called psychophysical relations. However, in order to be manageable

this very general question has to be split up into a number of more spe-
cific questions, some of them pertaining to the stimulus conditions,
some to the psychological‘responses, and still others to the more or
less specific relations between stimuli and responses. The rest of this
paper may be said to present various such questions within the general

framework summarized in Fig. 2.

Rhythm versus non-rhythm

A first question might be: Which are the characteristics of a rhythm

response as opposed to a non-rhythm response? Some suggested characte-

ristics for a rhythm response are perceived grouping (the sounds in the
sound sequence are not perceived as separate elements but are "organized"
into groups of sounds), perceived accent on certain elements in the sound
sequence, and perceived regularity of some kind (for instance, regular
occurrence of accentuated elements or the regularity implied by the pulse
rate, that is, the tempo). Further the rhythm response takes place as

a more or less immediate response to the sound stimuli in question and
lies within "the psychological present", that is, the psychological
"now", which has a duration of some seconds depending on many various
conditions. (It seems doubtful to speak of rhythm outside the psycholo-
gical present, for instance, when talking about "the rhythm of the move-
ments in a symphony" and the like.) The above-mentioned characteristics
obviously refer mostly to rhythm experience. As regards characteristic
behavioral and physiological aspects of the rhythm response the know-
ledge is rather diffuse. For some further comments see BGT (1969,

pp. 58-61) or BENGTSSON & al. (1972).
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In an analogous way, one may ask which are the necessary characteristics

of a sound sequence to elicit a rhythm response. This is about the same

thing as asking which stimuli conditions are necessary for perceived
grouping, perceived accent etc. to appear. Several investigations in-
dicate that if the duration separating the elements in a sound sequence
exceeds 2-3 seconds there will in most cases be no perceived grouping

or rhythm experience. Consequently the duration separating the elements
should be lower than this, and there is ample evidence that the shorter
this duration is (within limits), the more elements the perceived group
will include. The total duration of the group must lie within the psycho-
logical present, the upper limit of which is very difficult to determine,
however. As regards perceived accent many investigations indicate that
it is related to many different stimulus variables as durations, intensi-
ties, frequencies etc. of the elements in the sound sequence - or perhaps
rather to the relations in durations, intensities, frequencies etc. be-
tween the elements as well as to more complex variables loosely called
"melodic and harmonic factors". As noted above, however, perceived
grouping and accent may occur even in the case of a wholly uniform se-

quence of sound stimuli!

The above results were for the most part obtained with short "click
sounds" as stimuli, while tones in music as a rule are more continuous
(as in legato performance). However, similar phenomena appear for music,

too. For instance, in many organ works based on a chorale melody each

tone in the cantus firmus often extends for several seconds, and it may

be very difficult or even impossible to perceive these tones as "grouped"

together in a melody.

Rhythm responses and their relation to the (musical) stimuli

The problems briefly discussed above concerned characteristics of the
rhythm response as opposed to a non-rhythm response. Next we will pro-

ceed to the problem how to investigate and describe various kinds of

rhythm responses and how to find out what it is in the sound sequence

stimulus that brings about such different rhythm responses. We will

mainly be concerned with the experiential aspects of the rhythm re-
sponse and so the term rhythm experience will be used as often as rhythm

response. Some examples may make the problem more concrete:
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Wherein does the specific rhythmic character of a Viennese waltz from
the Strauss dynasty consist? How could this type of rhythm experience
be described? And how do the musicians actually play to bring about

this well-known and charming rhythm?

How to describe the specific rhythm character of a "polska" from Dale-
carlia in Sweden with all its "ornaments" and other intricate features?
And what is it in these fiddlers' performance that gives rise to this

unmistakable rhythm character?

Which are the rhythm characteristics of various dance types such as
waltz, foxtrot, tango, samba, hambo, menuett, rock'nroll and many others?
Is it possible to construct some kind of system for a convenient descrip-
tion of their different rhythm characters? And how are these dances

actually played to supply these characters?
Som other examples in more condensed form:

It is often said that there are typical and prominent rhythm characteris-
tics in the music of different composers (for instance, Stravinsky or
Bartdk in our century). It is sometimes stated that music from diffe-
rent periods have different rhythm characters, for instance, that music
from the Baroque era has certain rhythm characteristics different from
those in, say, the Vienna classicism. Jazz music is said to be more or
less "dominated by rhythm" - however, even during the short history of
jazz there have appeared rather different rhythm characters (dixieland,
swing, bebop etc.). Music listeners often learn to recognize specific
rhythm characters associated with a certain performer, a certain or-
chestra etc. From ethnomusicology we know that musical rhythm is often

qguite different from what is common in Western music.

In all these cases the same principal questions can be raised: In which
way can such various rhythm characteristics - associated with composers,
performers, historical epoches, musical genres etc. - be adequately de-
scribed? And how are these different rhythm characters related to the
sounding music - what is it in "the music stimulus" that brings about

the different rhythm characters?
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In terms of Fig. 2 we are asking, on the psychological level, for some
kind of descriptive system to enable us to adequately and comprehensibly
describe various forms of rhythm responses/experiences ("rhythm charac-
ters"), and, on the physical level, for which features in the sound se-
quence stimuli which give rise to the various rhythm responses. Or,
once again, which psychophysical relations are there between different
properties of the sound sequence stimuli and different kinds of rhythm
responses? There is also an important feed-back link entering here,

see Fig. 2, referring to the fact that the performing musician not only
produces sounds - he also listens to them and gets, among other things,
a certain rhythm response/experience from his own playing which may
modify his performance in various ways so as to "optimize" the rhythm
response. It is a sort of control mechanism like that occurring in
‘speech - a speaker listens to his own voice to check that his speech
is congruent with his intentions. The feed-back link may also be under-
stood in a more general way, viz. including the responses of present
listeners. Their responses, inwhich ever form they appear, may also

affect the musician's way of performing, often profoundly so.

It must be added that the rhythm response is also related to various
factors associated with the listener himself. The fact that different
individuals may differ widely in their rhythm response to the same music
points to the importance of earlier experiences. A listener accustomed
to Western art music often has considerable difficulty "grasping" and ap-
preciating rhythm characters present in music from other cultures or in
folk music from various countries, including his own. For instance,
many Swedes apparently find the rhythm in a "polska" from Dalecarlia in
Sweden very strandge, while people acgquainted with this type of music

may enjoy it in a very intensive manner. It seems obvious that the
rhythm response, as well as the response to music in general, can be
highly modified by learning. The same principle is also found as re-
gards a musician's ability to perform various kinds of music in a way

that creates the "proper rhythm character" of the music in question

(see below) .

The goals for rhythm research discussed above apparently require a long-
term project, including necessary economical resources, to be attained.

In the following we will report some different approaches followed in
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the Uppsala rhythm research. Two major avenues of investigation may
be discerned, althoughthey in fact overlap each other: one project
mainly dealing with studies of performances, and one project mainly

dealing with descriptions of rhythm experience.

PART ITI:

Investigations of rhythmic performance

This project was started already in the late 1950's by Bengtsson who
gives a detailed account of its background and development in BGT (1969).
Observing the confused terminology regarding rhythm, meter, tempo, accent
etc. in musicology and the prevailing tendency of many musicologists to
study rhythm phenomena mainly in notations of music, Bengtsson concluded
that it was necessary to study rhythm phenomena in connection with
"living music", that is, "'living music' both in the meaning of sound
sequences produced by behaviors of performers and in the meaning of re-
sponses in listeners" (BGT, 1969, p. 51). As noted earlier, the sound
sequences used in experimental investigations by psychologists were for
the most part musically un-interesting. Furthermore, the interchange

of ideas between musicologists and psychologists has been very meagre.

The initial problem may be described in the following way. Listeners
often make more or less evaluative judgments concerning the experienced
rhythm in various types of music or in different performances of the
same music. For instance, a certain performance is described as "very
rhythmical", "lively", "engaging" etc., while other performances may

be characterized as "un-rhythmical", "mechanical", "dead" etc. Such
statements often refer to certain music genres, for instance, dance
music or folk music for which the way of performance often varies with
geographical regions. Some musicians are capable of playing the music
in guestion in a self-evident manner to ensure its proper rhythm charac-
ter, others are not - but those others may be superior when it comes

to performance of another kind of music. The musician who succeeds in
rendering "all types of music" with its proper rhythm character is a
rare bird indeed. Most musicians have a limited vocabulary in this

respect.
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The Viennese waltz is a well-known example. The way of playing the "three
beats per measure" to bring about the typical Viennese waltz rhythm

is an art which is certainly not shared by all musicians or orchestras
trying to perform the Strauss waltzes. There is an abundance of similar
examples. Skilled performers of Western art music seldom succeed in
playing jazz music with the proper "swing" or dance music of some kind
to give that irresistible need of dancing or moving to the music.
Europeans playing Latin American dance music or singing negro spirituals
often sound very strange compared to native performances of this music.
And for an outsider to learn to play a "polska" from Dalecarlia in that
highly characteristic and self-evident way of the local fiddler

requires lots of listening and training to succeed, if ever.

The main problem for the research project may then be formulated as

follows: Which are the relevant and important features of the sounding

music which give rise to such typical and often easily identified rhythm

characteristics? In other words: How do the musicians actually play to

bring about these characteristics?

In terms of Fig. 2 the main part of the project is thus centered on an
analysis of the actual stimulus, the performed music. It is presupposed
that the selected performance elicits the "proper" rhythm response, that
it is a representative example of a good performance of that kind of
music, as judged by experts or other people acquainted with that type

of music.

The SYVAR-D hypothesis

In accordance with some earlier suggestions and some data it may be hy-
pothesized that an important stimulus factor for the eliciting of vari-

ous rhythm characters is to be found in some kind of systematic varia-

tions as regards tone durations (SYVAR-D). In all musical performance

there are certain random variations as well as certain systematic varia-
tions. Random variations are unintended and occasional (for instance,
due to technical imperfections). Certain kinds of systematic variations
are made in a deliberate way to emphasize or point out various structu-
ral or "expressive" properties of the music in question, for instance,
by means of tempo changes (rubato, ritardando etc.), dynamic changes,

intonation etc. However, there are probably also often other kinds of
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systematic variations of which the performer is not so aware. These
are in general a result of continued experience with the music in
question. The performer has grown up in a certain musical tradition
and/or has been educated in a certain performance conventions, e.g.
how to play a Viennese waltz, a "polska" fromDalecarlia, how to make it
"swing" in a piece of jazz music etc.) and in general knows that he
adopts a special way of playing a piece of music - but he is seldom

capable of explaining how he actually makes it.

These "special ways of playing" such "rhythmic dialects", might show

up in the form of systematic variations as regards the duration vari-
able. Systematic variations - in relation to what? Some kind of norm
or reference is necessary to make the concept meaningful. For much
music an easily available and well-known reference would be the dura-
tion relations commonly implied by the conventional musical notation.
That is, a tone notated by a haif-note would be twice as long as one
notated as a quarter-note, the latter one twice as long as a tone indi-
cated by an eighth-note etc., all measures in the same meter are equally
long and so on. The durations of the various sound events in a perform-
ance could thus be studied with this "rational-mechanical" norm derived
from the notation as a reference basis: do the duration relations in
the performance agree with or do they show any kind of systematic varia-

tions (deviations) in relation to this "mechanical" norm?

To take an example, consider the beginning of Mozart's piano sonata in
A major (Kbchel 331), Fig. 3.

Fig. 3. The melody part of the beginning of Mozart's piano sonata in
A major, Kochel no. 331. The "brackets" above the notation
refer to different levels (eighth-note level, half-measure
level, measure level, level of two measures) as discussed in
the text.
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There are lots of performance questions which could be discussed for
this example. Only some few of them will be mentioned here to illu-
strate the concept of SYVAR-D.

SYVAR-D may show up on different levels as indicated in the figure.

For instance, the JTTT] notation in bars 1, 2, 4 and 5 would imply a
duration relation of 3:1:2 if strictly followed. Will this actually
happen in a performance or will there perhaps be any systematic deviation(s)
from that norm (as one single example, making a "soft punctuation" so
that the tone notated as "punctuated eighth-note" is somewhat shortened
and the second tone notated as "sixteenth-note" is somewhat lengthened
in relation to what the notation seems to say - or perhaps the second
tone is 1lenghtened at the expense of the third tone)? fﬂmaJr nota-
tion in the second half of the same bars would imply a 2:1 relation in
duration. Will this be the case in the performance or not (it might

be expected that this relation is affected by the performer's intention
to have the last tone appear as the ending of a musical phrase or as

"up-beat" to the following?

On the next level it may be asked whether the m notated first half
of the measure and the J:’ notated second half will be equally long in
the performance. A systematic deviation in a direction towards "somewhat
longer first half" is possible, as well as its opposite, resulting pro-
bably in differently experienced rhythm characters. On still higher
levels one may ask whether all notated measures are made equally long,
if groups of two notated measures or four notated measures are per-
formed equally long in duration etc. The reader may supply his own

suggestions in more examples.

It seems reasonable also to expect that the SYVAR-D's may be dependent
on the tempo. They may appear most obviously in a "proper" tempo
region, while they may be less pronounced or "destroyed" in too slow

or too rapid tempi.

Of course, there may be quite different types of SYVAR-D's for diffe-
rent rerformers or even for different performances by the same person.
This implies that it is necessary to get data from several performances

to see whether consistent SYVAR-D's appear in one form or another.



- 33 -

The SYVAR-D hypothesis puts the duration variable(s) in focus in the
search for stimulus variables critical for the eliciting of certain
rhythm characters. It is probable, however, that other variables are
of importance, too - for instance, intensity, frequency, spectrum or
more or less complex constellations of all mentioned variables. There
may thus be SYVAR in many different respects depending on many various
factors (for instance, which instruments are used). For the present,

however, the main interest is devoted to the duration variable.

Obviously the "rational-mechanical" duration relations derived from
the notation are not applicable for all music: there is much un-notated
music and even if notations are tried for such cases they often raise so
many problems that their relevance for investigations of SYVAR-D is
dubious. In such cases other norms have to be found by means of succes-

sive comparisons and/or various statistical procedures.

The concept of duration is in itself ambiguous. With regard to the

successive events in a sound sequence one may distinguish between

a) the duration from the beginning of a sound to its end, called
"duration in-out", Dio

b) the duration from the beginning of a sound to the beginning of the
next sound, "duration in-in", Dii and

c) the duration from the end of a sound to the beginning of the next
sound, "duration out-in", Doi.

Dio and Dii may coincide or not depending on whether there is a "no sound

duration” (Doi) between the successive sounds or not. It is also pos-

sible that Dio is longer than Dii in the case that successive sounds are

overlapping. In most cases Dii is probably the most reasonable unit to

use for SYVAR-D investigations. However, in many cases the Dio/Doi re-

lation may be of considerable importance so all three measures must con-

tinuously be observed. These questions are discussed further in BGT

(1969 pp.101-102) and briefly in BENGTSSON & al. (1972).

Sound analysis equipment

To enable accurate registrations of performed music or other sound se-
guences various electronic devices for analysis of sound sequences have
been developed in cooperation with physicists in Uppsala. The first and

most frequently used analyzer was christened with the Swedish girl name
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"MONA", hinting at its use for analysis of monophonic sound sequences.
MONA may be called a "melody writer" which presents an accurate ana-
lysis of the monophonic music in terms of frequency and amplitude
variations over time. For analysis of polyphonic music another ana-
lyzer christened "POLLY" has been tried in several variants. Its
construction has met with many technical difficulties and so POLLY has
as yet been used only for pilot studies of various kinds. Detailed
descriptions of MONA, POLLY, and some other apparatus, including many
illustrative figures are 'given in BGT (1969 pp. 87-93), BENGTSSON & al.
(1972) , and BENGTSSON (1967 b).

The reading of the MONA registrations concerning durations presents
certain problems as to the exact marking of the beginning and the end
of each sound event. Numerous attempts have been made in various ways
to establish reasonable and reliable routines, some comments are found
in BGT (1969 p. 102) and in BENGTSSON (1967 b).

Some examples of SYVAR-D

It is fairly well-known that the specific rhythm character of a Viennese
waltz has something to do with the way the accompanying instruments
perform the "after-beats" on the second and third beat of the measure.
An early pilot study was made on the Vienna Philharmonics' performance
of the first four bars in aViennese waltz including only the accompanying
instruments before the entrance of the melody. An obvious SYVAR-D
pattern appeared: "short first beat, long second beat". That is, com-
pared to the "mechanical" norm derived from the notation, the first beat
was considerably shortened, while the second was considerably lengthe-
ned (this is also clearly heard if the recording is played at half the
correct speed). While the duration relation between the two beats would
be 1:1 according to the notation, it was in fact partly displaced to the
ratio 2:3 in the performance. It was also evident that a kind of SYVAR-D
appeared on the level corresponding to two notated measures so that the
"intended measure", and probably also the "perceived measure", may be
said to comprise two measures in the notation. This example is shown

in detail in BGT (1969, p. 97) and BENGTSSON & al. (1972).

A more recent analysis of the first eight measures of another Viennese

waltz ("Kettenbriicke Waltz" by J. Strauss senior) performed by the
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Boskowsky Ensemble (Philips SGL5757) confirms and simultaneously adds
some nuances to the picture. This analysis was made by means of POLLY
and only a fraction of the abundant data from this analysis can be pre-

sented here. The notation appears in Fig. 4 and the music i given as

sound example one (Sound example). Under the notation there is a sche-

matic representation of the performance. The upper "line" represents
the melody as played by the first violin. The two lines in the middle
(with "triangles") represent the accompanying chords appearing on the
second and third beat of each bar, the upper line corresponding to the
second violin and the lower to the viola. At the bottom, finally, there
is the bass part. The heavy solid vertical lines represent the
borderlines between the measures if they had been equally long. The
markings between the two lines with "triangles" represent the border-
lines between the three beats within the measure, if they had been
equally long. The dashed vertical lines extending from the bass part
upwards represent the entrance of the first beat in each measure for
the bass part and may thus be considered as the border-lines between

"measures" in the performance.

It is seen that this latter border-line lags behind the "rational"
border-lines for bars 2-5, while it anticipates them in bars 6-8.

This reflects tempo changes frequently occurring in Viennese waltzes:

a "slow" beginning, then acceleration, and then slower again towards

the end of the phrase. The same phenomenon can be seen if you instead
follow the entrance of the first beat of the melody part. It starts

in fact "too early", lags behind (bars 3-4) andthen anticipates the
"rational" border-lines (bars 5-8). As one might expect it also "leads"
before the bass part except for the last bars where it is slightly over-
taken by the bass.

Studying the two middle parts reveals some differences between the
performance of the second violin and the viola, see also Fig. 5. The
pattern of "short first beat" (actually a rest) and "long second beat"
appears most obviously in the viola: its second beat comes "too early"
(both in relation to the "rational" border-lines and to border-lines be-
tween first and second beat as derived from the dashed border-lines).
The duration of the third beat conforms rather well to what follows

from the "mechanical" norm (see Fig. 5), except in bars 4 and 6 (the
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Fig. 4. Upper part: Notation of the beginning of the "Kettenbriicke
Waltz" by J. Strauss senior. Lower part: Schematic represen-
tation of the performance, see text for explanation.

prolonged third beat in bar 4 is apparently made for the case of a long
"up-beat" to the following phrase). In the second violin, however, the
pattern seems more variable. The first beat is shortened, as for the viola,
while the second and third beats are both more or less prolonged, the

third beat especially in bars 2 and 4 where it may be considered as an
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"up-beat" and where the second violin actually plays the same tone as

in the melody. However, towards the end of the example (bars 6-7) the

pattern for the second violin conforms to that followed by the viola.

Fig.
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Comparison between the performance of the second violin
(solid lines) and of the viola (dashed lines).

The horisontal line in the middle (marked zero) represents
the case that all beats are made equally long (= "mechanical"”
norm) . Deviations upwards from this line mean that the cor-
responding beats are lengthened and deviations downwards that
they are shortened in relation to what would follow from the
"mechanical® norm. The deviations are expressed in pro mille
of the total duration of the first eight bars.

Looking at the duration relations for beats in the melody, see Fig. 6,

reveals that in general the first and the second beats are longer than

the third beat which is shortened (except for bar 7 where the third

beat on the contrary is longer due to a ritardando towards the end).

In comparison with that the duration relations for the accompanying

instrunients (averaged over the second violin and the viola in this

figure)

in most cases follow the pattern "short first beat" - "long
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second beat" - "intermediate third beat", except for bars 2 and 4 as
noted above. Both for the melody and for the accompaniment there is a
tendency to a SYVAR-D on the level corresponding to two notated measu-
res, especially for bars 1-4. Look at the "profile" for the melody in
bars 1-2 (Fig. 6) and then find a similar profile in bars 3-4. A similar
two-bar grouping also occurs for the accompaniment, see the profiles

for the accompaniment in Fig. 6. The reasons for a two-bar grouping

in the performance are rather evident from the notation (Fig. 4).
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Fig. 6. Comparison between the performance of the melody (solid
lines) and of the accompanying instruments (dashed lines repre-
senting the average over the second violin and the viola).
Explanations as in Fig. 5.

Much more could be discussed but the comments here may suffice to illu-

strate the general reasoning. A careful listening to the music is re-

commended and listening at half the speed may highlight certain points.

Fig. 7 and sound example two (Sound example) is taken from Swedish folk

musik in Uppland, Eric Sahlstrdm performing a "bridal march" by Gelotte
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on the "key-fiddle" (Swedish: "nyckelharpa®™).

Several measures of this piece has the notation J [7 J [1. (as in
the first two bars), and it is the mean values for the durations in

this pattern which are shown in a computation scheme above the notation.
The lower part of this scheme shows the values which should occur accor-
ding to the "mechanical" norm. Thus the first quarter-note would occupy
25 % of the total duration of the measure, each of the following eighth-
notes would occupy 12.5 % etc. Expressed in milliseconds (above the per
cent figures) this means that the quarter-note would correspond to

288 msec and the eighth-note to 144 msec (in the mean tempo used
here). The actual values in the performance appear in the upper part

of the scheme. As seen there both quarter-notes are considerably

lengthened in the performance (compared to the "mechanical" norm) so
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Fig. 7. ©Notation and scheme representing performance of a "brudmarsch"
played on a key-fiddle. See text for explanation. From
BENGTSSON & al. (1969), Svensk Tidskrift f&r Musikforskning.
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that the first and third beat in the measure occupy about 30 % and 28 %,
respectively. The second and fourth beats are correspondingly shortened
to slightly more than 20 %, and within these beats there is a "short -
long" relation between the two eighth-notes: the first one is consi-
derably shorter than the second one (both of them yet shorter than

12.5 %). On the "half-measure" level there is thus a SYVAR-D of the
type "long - short". On the "beat-level" there is on the contrary a
"short - long" pattern. It seems no doubt that these patterns are of
high relevance for the rhythm response elicited when you listen to this
music. Using half the speed makes the duration relations described
above fairly obvious for the listener. Some more comments are given

in BGT (1969 p. 98).

Fig. & and sound example three (Sound example)comes from Swedish folk

music, Evert Ahs playing a "polska" from Dalecarlia on a "spelpipa".
Listen to the music and try to follow it in the preliminary note tran-
scription inFig. 8. Of course, un—-notated music of this kind presents
many problems for SYVAR-D investigations and in fact several different
approaches could be taken for the computations. BENGTSSON (1968) has
discussed this example in detail and made computations with the tran-
scription in Fig. 8as a reference basis, that is, with a triple time
meter and the many "ornamental tones" considered as up-beats. Among
the results the most interesting was a specific SYVAR-D pattern for the
beats within measures: a "short first beat" and a "long third beat",
the second beat in most cases falling between these extremes. The
details may be studied by means of the duration values (in msec) which

appear in the transcrigtion.

Single exarples as those above can only serve as suggestions. Of course,
a far larger material is necessary in order to get statistically reli-
able data and to increase the representativity. During 1974-75 an in-
vestigation onalarger scale was performed in Uppsala. Six instrumen-
talists (pianists, flutists, clarinetists) took part in an experiment

in which they played 28 different melodies taken from various music
genres, all the way from Western art music to popular tunes and pop.
About half of these should first be played by ear, that is, without

any notation present. Then all 28 melodies were played according to

two or three different notations: one the correct or original notation,
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one or two in some other notation (no information was given as to which
notation was correct or original). All performances were recorded and
registered by means of the MONA analyzer resulting in a wealth of data,

which presently are subjected to various analyses.

One of the greatest problems for such research is the enormous amount

of data, which may be treated in many different ways and which must

be strongly reduced to include only "the important data". Unfortunately,
however, the criteria for what is "important" data are not self-evident
but have to be successively constructed on basis of various statistical
considerations, judgments from listening, and other points. Of course,
use of computers is an absolute necessity. A program for computer
treatment of duration values in music performance has been written and

is presently under revision. (BENGTSSON 1967 b, 1970; CASTMAN & al.
1970, 1974.)

. . '._ "
, :Sor5elc.5q saker Randa

Fig. 9. Notation of the tune "Sorgeliga saker h&nda".

A detailed report of the conditions and results from this investigation
will appear later. Only a single example is briefly commented upon here,
the performance of a well-known Swedish tune from the nineteenth cen-
tury "Sorgeliga saker hdnda". Its notation appears in Fig. 9. Even

such a simple example with the same two note-values in almost all
measures presents a lot of problems when interpreting the duration data
from the different performances. One thing was immediately apparent.

The 2:1 relation in duration between half-note and quarter-note is
something which appears almost exclusively as exceptions in the performances.
In average over all performances the longer tone (half-note) is about
1.75 as long as the shorter tone (quarter—-note). However, the relation
varies from as low values as about 1.35:1 to some cases around 2:1,
different for different performers and different in different measures

of the tune. Presently graphs of the type shown in Figs. 5-6 are con-
structed to study possible SYVAR-D's on various other levels in the

performances.
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Although the SYVAR project is mainly centered on analyses of performan-
ces it was clear from the outset that it also had to include judgments
concerning the rhythm responses elicited by different performances.

This is necessary in order to get an understanding of the psychophysical
relations between different performances of a piece of music and the
corresponding rhythm responses. Then another problem enters, viz. how
to analyze and describe various aspects of the rhythm response. This
problem will be treated in the following sections. Presently prelimi-
nary "listening tests" are performed for some selected performances

from the above-mentioned experiment.

An obvious way to follow up results from SYVAR analyses is by means of
synthesized sound sequences. There are by now good facilities for an
accurate generation of sound sequences with desired characteristics.
Hypotheses concerning SYVAR's and concerning the relations to the re-
sponse side may thus be investigated by generating synthesized perfor-
mances which are systematically varied in different aspects believed
to be critical for the elicited rhythm response. Here, too, it is ne-
cessary to enter into the problem of how the rhythm response could be
analyzed and described in an adequate way for such purposes. As yet
only some few syntheses have been made, mainly for demonstration pur-

poses.

PART III:

Investigations of rhythm experience

The problem how to analyze and describe the rhythm response has been
repeatedly mentioned in earlier sections - how to describe the rhythm
character of a Viennese waltz, of a "polska", of dances in general, of
music from different epoches or cultures, of music by different compo-
sers, of different performances of a piece of music etc. In terms of
Fig. 2 we now turn to an analysis on the psychological level and we
will concentrate on the experiential aspects of the rhythm response,

leaving most of the behavioral and physiological aspects aside.

Rhythm experience has been much discussed by music theorists as well

as by psychologists. 1In experimental psychology methods such as analytic
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introspection, phenomenological description, and reproduction of various
stimulus patterns have been used, in one way or another, with the pur-
pose of analyzing and describing the components of rhythm experience.
There are some interesting results but on the whole rhythm experience
has proved to be very elusive to analysis. A detailed historical

account is given in BGT (1969).

It seems no doubt that rhythm experience is a multidimensional pheno-
menon, that is, thereare a large number of different characteristics

or dimensions in which rhythms may differ. Such dimensions are often
suggested in earlier literature and research. For instance, rhythms

are said to differ in meter, in complexity, in patterns of accentuation,
in various motion characteristics (rhythms may be characterized as
"walking", "dancing", "rocking" etc.), and in emotional aspects (rhythms
may sound "vital", "engaging", "excited" etc.). A system for descrip-
tion of rhythm experience would thus probably include a number of diffe-
rent dimensions, each of which points to a relevant aspect of the rhythm
experience. Within the framework of such a system it might then be
possible to describe the characteristics of various rhythms - and to
describe experienced differences between rhythms - by referring to their

positions in the different dimensions.

A research project on these problems was started in the late 1960's and
was reported in a number of papers. (GABRIELSSON 1973a, 1973b, 1973c,
1973d, 1974a, 1974Db) The purpose of the project was to try to find out
some relevant dimensions of rhythm experience as investigated in diffe-
rent situations and with different methods. It was also expected that
some information would be obtained concerning the psychophysical rela-
tions between the sound sequences used as stimuli and the resulting di-

mensions. This latter point was, however, secondary in importance.

Sound sequence stimuli

The sound sequences used as stimuli will for brevity be designated
as S-rhythms, the prefix S referring to "stimulus" (S-rhythms thus mean
sound sequences eliciting a rhythm response of some kind). They Were
taken from three different categories: monophonic S-rhythms, polyphonic

S-rhythms, and real music.
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To get the monophonic S-rhythms a pianist
or a drummer was presented a number of
"notated rhythms" or N-rhythms (N referring
to notation) and was instructed to perform
these for four measures in immediate se-
quence. The performances were recorded on
tape and then used as S-rhythms in several
experiments. In all about 70 N-rhythms were
used ranging from very "simple" ones in 4/4
or 3/4 time to rather "complex" examples in-
cluding syncopations, ties, and "irregular"
meters as 11/8 time.

in Figs. 10-11.

Some examples are shown
Some few of them appear as

example four (Sound example).

The polyphonic S-rhythms were taken from an
electronic "rhythm box" of the type which

is now commonly built into electronic organs
and the like.

spectra representing various percussion in-

The "rhythm box" synthesizes

struments (bass drum, snare drum, congas,
claves, maracas, cymbals etc.) and produces
sound sequences said to represent dances as
waltz, foxtrot, tango, swing, rock'nroll,
bossanova, rhumba, samba, and many others.
The speed may be varied within a wide range.
An analysis of the produced sound sequences
shows that the duration relations follow
the "rational-mechanical" scheme implied

by the notation, that is, a sound notated
as quarter-note is exactly twice as long

as a sound notated as eighth-note etc.

Some sounding examples appear as example

five (Sound example).
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Fig. 10. Examples of
monophonic N-rhythms
used for experiments
on rhythm experience.
Unless otherwise nota-
ted, the metronomic
tempo was 108 quarter-
notes per minute. From
GABRIELSSON (1973),
Scandinavian Journal
of Psychology.

The examples representing real music were taken from recordings of

dance nusic, some 20 dance types of different origins (Viennese waltz,

Slow waltz, Swedish waltz (“gammalvals"), dixieland, swing, foxtrot,
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slowfox, mambo, cha-cha-cha, samba, rhumba, bossanova, tango, rock'n-
roll, pop, hambo, schottis, polska in two variants, and a march). Some

of these appear in highly abbreviated versions as example six (Sound

example). In general each excerpt lasted for about 1 1/2 minute.

Listeners and judgment methods

The listeners were for the most part musicians (with at least four years
of musical performance, as a rule much more) and in some experiments
also non-musicians. In order to get a description of how the listeners
experienced the different S-rhythms, the listeners were instructed to

make judgments according to one or more of the following three methods.

a) Similarity ratings. The subjects listened to the S-rhythms pre-

sented pairwise in succession and judged how similar they were to
each other. The judgments were made on a scale from (for instance)
100, denoting "perfect similarity, no difference between the two
rhythms", down to 0, denoting a "minimum similarity". The resulting
data are thus each listener's judgments of the similarity between

all S-rhythms taken pairwise as expressed on the 0-100 scale.

These data were analyzed according to a "distance model" which is
common in multidimensional scaling. (Multidimensional scaling re-
fers to methods designed for analysis of which dimensions or "com-
ponents" are included in experiences of some kind, for instance in
rhythm experience as here.) The rhythms are thought of as lying

in a space. The distances between them are estimated from the given
similarity judgments: the more similar two rhythms are judged to
be, the nearer they lie to each other in the space and vice versa.
The judged similarities between the rhythms may thus be thought of
as reflecting the distances between the rhythms in a "rhythm experi-
ence space", and the axes of this space represent possible dimen-
sions in the rhythm experience. The analysis is totally computeri-
zed.

As a simple example see Fig. 1ll. Six S-rhythms were used, and the
corresponding N-rhythms apéear in the figure. Three dimensions
were expected to appear. One of them should reflect the "duration
pattern" (N-rhythms 1, 3 and 5 with eighth-notes in the middle
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versus N-rhythms 2, 4 and 6 with eighth-notes in the beginning) and
this happened in dimension I (the horisontal axis). One dimension
should reflect the meter (N-rhythms 1 and 2 in 4/4 time versus the
others in 3/4 time), which happened in dimension II (the axis ex-
tending in "depth"). The third dimension (the height) reflected
the difference in metronomic tempo (N-rhythms 1-4 versus N-rhythms
5-6). It was also apparent from the data that different listeners
gave highly different weights to these different dimensions when
they judged the rhythms for similarity. In this experiment the
dimensions could be reasonably predicted and it served, in fact,

as a "model experiment" to test whether the method would work.

DIMENSION 3
-0
w

DIMENSION 2

DIMENSION |

11. Six rhythms placed in a three-dimensional "experience space"
resulting from an analysis of the judged similarities between
the rhythms. The distances between the rhythms (designated
by small squares) reflect the similarities between them, andthe
three axes in the space represent possible dimensions in the
experience of these rhythms. From GABRIELSSON (1974),
Scandinavian Journal of Psychology.

Adjective ratings. The subjects listened to the S-rhythms, one ata

time, and judged them on a largenumber of adjective scales. The

listener thus had a list of adjectives (in randomized order) for
each rhythm and put a number from 0 to 9 for each of the adjectives,

9 denoting that the rhythm in question had a "maximum" of the quality
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designated by the adjective and 0 denoting that it had nothing of
this quality. Originally about 400 adjectives were selected and
sent to a large number of musicians who rated them for their appro-
priateness for describing experienced rhythm. On the basis of
such ratings from 141 musicians 80-90 adjectives were chosen for

use in the experiments.

The data from such an experiment thus consist of each subject's
ratings in each of the adjective scales for all rhythms in the
experiment. These data are analyzed for their degree of co-varia-
tion (correlation) and then subjected to so-called factor analysis.
In this case factor analysis aims at reducing the large number of
adjective scales to a considerably smaller number of "fundamental"
dimensions, which thus would represent possible dimensions in the
rhythm experience. The analysis starts by computing the correlation
between the different adjectives (in average over the subjects).
Correlations between certain adjectives may indicate that these
adjectives all reflect a more fundamental "factor" (dimension),

the meaning of which can be interpreted by observing what is com-
mon in meaning for these adjectives. For instance, in Fig. 12

let adjectives No. 1, 2, 3, 6 and 7 be "intricate", "irregular",
"complex", "syncopated", and "un-uniform", respectively. A high
co-variation between them would lead to the interpretation that
they all reflect, in one way or another, a more fundamental di-
mension which might be termed "complexity" or "variation". The
analysis is wholly computerized, except for the final interpreta-
tion of the psychological meaning of the dimensions. The 80-90
adjectives used here could in general be reduced to 3-6 such funda-

mental dimensions.

Free verbal descriptions. In most of the experiments the subjects

were also asked to make free verbal descriptions in their own words
of how they experienced the rhythms (this is essentially the same
as phenomenological descriptions mentioned above). The adjectives
or other characterizing terms appearing in such descriptions were
systematized and related to the results from the similarity and

adjective ratings. In most cases these relations were very obvious.
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Fig. 12. A simplified representation of the meaning of factor analysis
on correlations between adjectives, see text for explanation.

Since it could be expected that the judgments and the results would
be dependent on the context of S-rhythms in each single experiment
as well as on many other conditions, it was decided to make a
series of moderately-sized experiments rather than a few larger
experiments. Thus, in all 22 experiments were performed, each of
them including 6-20 S-rhythms and 12-25 listeners. Detailed ac-
counts of the methods and results in each experiment are given

in the above-mentioned reports.

Resulting dimensions

In each single experiment generally three to six dimensions could be
interpreted. As expected they varied with the context of S-rhythms and
to a certain degree also with judgment methods (there were, however,
only slight differences between the results from musicians and non-
musicians). Summarizing the dimensions found in all experiments

may be grouped in three classes as shown in Table 1. They are briefly
described in the following (for more detailed accounts the reader is

referred to the original reports).



Table 1.

Summary of suggested dimensions in rhythm experience

"STRUCTURE" "MOVEMENT/MOTION" "EMOTION"
Meter Rapidity Vital - dull
Accent on first beat Tempo Excited - calm
Type of basic pattern Forward movement Rigid - flexible
Prominence of basic Movement characters Solemn - playful
pattern, accentuation/ (dancing =~ walking,
clearness floating - stuttering,

rocking - knocking,

solemn - swinging etc.)
Uniformity - variation,
Simplicity - complexity
Duration pattern at
different beats
Cognitive - perceptual Perceptual - emotional Emotional
l. One group of dimensions is concerned with what may be called
"structural properties" of the rhythms. The following dimensions
belonged to this group.
a) "Meter". This refers, of course, to the perceived character of two,

or three, or four etc. "beats per measure". In the present experi-
ments there were for the most part only two or three levels in this
dimension, viz. triple meter and quadruple or duple meter. It was
noted that the perceived meter is no discrete variable but rather

a continuous one: there are not only differences between triple
meter and quadruple meter etc. but also differences in the degree
of "tripleness", "quadrupleness" etc. For instance, the character
of "three beats per measure" is very obvious when listening to N-
rhythmNo. 12 in Fig. 10 but much less obvious for N-rhythm 6 in

the same figure. The same difference as regards "four beats per
measure" is apparent when comparing N-rhythm 7 with N-rhythm 18 in
this figure. Factors which may contribute to a weakened meter

character may be syncopations, "diffuse" accents, and obscure
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pulse or tempo. Quite obviously many dance types differ in the
degree of perceived "tripleness", "quadrupleness" etc. It was
apparent, for instance, that the triple meter character of a cer-

tain "polska" from Dalecarlia was very unclear for many listeners.

"Degree of accent on the first beat". It was noted that the per-

ceived accent was related to many various factors in the S-rhythms.
For the monophonic S-rhythms beaten on the drum the accent was in
general related to the intensity and/or the duration of the corres-
ponding sound event. For the polyphonic S-rhythms and for the music
examples other factors contribute, too, including melodic and har-

monic factors specific for each example.

"Type of basic pattern". This refers to a perceived (or perhaps

sometimes "imagined") pattern which may be thought of as "under-
lying" the rythm actually heard. Thus, the rhythm actually heard
may be perceived as a "variation" or "filling out" of the under-
lying basic pattern. The basic pattern may sometimes coincide with
the pattern of accented and unaccented beats but this is only one
example from a variety of possibilities, which will vary depending
on the specific context. For instance, in one experiment with the
polyphonic S-rhythms the rock'nroll rhythm could be heard as a vari-
ant of the foxtrot rhythm, while the beguine rhythm was more re-

concilable with a habanera rhythm as a basic pattern.

"Degree of marked basic pattern", "accentuation/clearness".

This refers to the perceptual prominence of a basic pattern, irres-
pective of which type the pattern is. A high level in this dimen-
sion probably corresponds to expressions as "strongly marked rhythm",
"accentuated rhythm", "clear/firm/steady rhythm" etc. The opposite
would thus be a "loose" or somehow "diffuse" rhythm. In the poly-
phonic S-rhythms and in the music examples the prominence of the
basic pattern seems related to perceptually strong accents and to
the prominence of the accompanying instruments which are often the
main carriers of the basic pattern (consider, for example, the ac-
companiment given by the lower strings in a Viennese waltz or by a
guitar in a Swedish waltz). For example, in one experiment here

the "marked/accentuated" character was most evident for a march,
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hambo and Swedish waltz, while an unaccompanied polska and a slow

"soft" waltz was opposite in character.

"Uniformity - variation", "simplicity - complexity". The meaning

of this dimension is rather self-evident. In general rhythms jud-
ged as "uniform" were also judged as "simple", and "varied" rhythms
as relatively more "complex". This does not mean that the two
labels for this dimension could be generally substituted - for in-
stance, two relatively "varied" rhythms may sometimes lie highly
different on a "simplicity-complexity" continuum. For examples of
rhythms which were judged as rather "uniform/simple" seeNo. 7, 12
and 15 in Fig. 10, while No.4, 6, 10, 11 and 18 were judged as more
"varied/complex". The perceived "complexity" may be dependent on
the metronomic tempo, too - for instance N-rhythm No.8 in Fig. 10
was perceived more complex in a tempo around 160 quarter-notes per

minute than in a more moderate tempo.

In certain experiments there were one or two dimensions which could

be related to the duration pattern of the sound events at diffe-

rent beats. An example of such a dimension is given in Fig. 11.

The above-mentioned dimensions seem to reflect cognitive-perceptual

aspects of the rhythm experience. There is, of course, no sharp

limit between cognitive and perceptual processes, and their rela-
tive importance in the present context certainly varies from per-
son to person. For many subjects here there were undoubtedly a
great deal of cognitive processes involved, for instance when jud-

ging the "meter" or the "complexity" of a rhythm.

A second group of dimensions refers to predominantly perceptual or

perceptual-emotional aspects of the rhythm experience and is more or

less concerned with "movement/motion properties" of the rhythms.

a)

Rapidity" and "tempo "Rapidity" is the more general term, de-
noting the perceived rapidity of the rhythm "as a whole", while
"tempo" denotes a special case of rapidity, viz. the perceived
rapidity of the pulse. For a given metronomic tempo the perceived

rapidity of the rhythm "as a whole" is related, among other things,
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to the number of sound events per unity of time. For instance,
N-rhythm 15 in Fig. 10 is perceived as more rapid than N-rhythm 7
due to its larger sound event density. However, both of them may
be perceived as having the same tempo (= rapidity of the underlying
pulse). When the S-rhythms differ in metronomic tempo as well as
in sound event density the perceived rapidity seems to depend on
both these factors in complex ways, which probably vary in diffe-
rent contexts. Other factors may contribute, too. For instance,

a complex pattern, masking the underlying pulse or basic pattern,
might be perceived as more rapid than another pattern, equivalent
in metronomic tempo and sound event density (compare No. 6 and No. 1
in Fig. 10). And in music melodic and harmonic factors very pro-
bably influence the perceived rapidity. It should also be pointed
out that the tempo may often be perceived at different "levels" -
for instance, at the "quarter-note level" or at the "eighth-note

level” in the same S-rhythm.

"Forward movement/motion". This refers to a distinction between

rhythms which are perceived to go on, or even accelerate, in their
motion up to the first beat in the following measure, and rhythms
which "stop" or "decelerate" somewhere in the measure - compare,

for instance, N-rhythms 20 and 22 in Fig. 10. There are, of course,
intermediate positions between these extremes: the motion may be
momentarily retarded (by some longer "note-value") before going on
again etc. This dimension is apparently related to the distribution

of sound events over the measure.

"Movement/motion characters". This stands as a general term for a

nurber of (bipolar) dimensions, tentatively labelled by adjective
oprosites as "dancing - walking", "floating - stuttering" (or
"rocking - knocking", "graceful - thumping", "flexible - rugged"),
"solemn - swinging", and others. Experiences of motion in relation
to rhythm experience have been discussed for a long time but have
proved to be very elusive to' analysis. Nevertheless they are of
great importance and are often referred to in writings about music
and rhythm as well as in many free descriptions of the subjects in
these experiments. 1In one experiment here a march rhythm was con-

trasted to various dance rhythms on a “walking - dancing"”
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dimension. In another experiment the staccato patterns for tango
and habanera in the rhythm box was contrasted to more legato-

like patterns as bossanova on a "stuttering - floating" dimension.

3. There is finally a third group of dimensions mainly referring to

emotional aspects of the rhythm experience and also tentatively label-

led with adjective opposites.

a) "vital - dull". One end of this dimension is characterized by ad-

jectives as vital, lively, inspiriting, gay, energetic, full of
verve and the like, the other end by adjectives as dull, restrained,
heavy, hesitating, and static. 1In general it seems that the
"vitality" of a rhythm is positively correlated with its rapitidy/

tenpo (the correlation is, however, not perfect).

b) "Excited - calm". One end of this dimension is described by adjec-

tives as excited, restless, intense, tense, exciting, aggressive,
hard, wild, and violent, while the other end is suggested by ad-
jectives as calm, soft, smoothed out, relaxed, soothing, and re-
strained. A relatively higher rapidity/tempo, a higher loudness
level, pronounced syncopations, "hard" percussion instruments etc.
might be factors which are related to an "excited/intense/hard"

character.

c) "Rigid - flexible". One end of this dimension is characterized by

adjectives as mechanical, monotonous, static, steady, and firm,

the other end by adjectives as flexible and free. It may be thought
of as a kind of emotional counterpart to the "uniformity-variation"
dimension and appeared especially in some experiments with S-rhythms
from the rhythm box, some of which undoubtedly sound very "rigid"

in character.

d) "Solemn - playful" was a dimension suggested in some analysis of

experiments with real music.



Concluding comments

The dimensions discussed above should only be understood as suggestions
for possible dimensions in rhythm experience, which have to be tested
for their validity and generality with other stimuli, other subjects,
other methods etc. The distinction between cognitive, perceptual,

and emotional aspects of the rhythm experience conforms to much psycho-
logical thinking but should be taken with caution since the borderlines
are diffuse and since several of the dimensions may be classified in
different ways. The psycho-physical relations behind the dimensions

are only loosely suggested here and there in the text above.

These reservations being made, it seems evident, however, that many of
the dimensions agree with dimensions mentioned in much literature by
musicologists, music theorists, musicians, and others. They may serve
as a basis for continued research on description of rhythm experience
and related matters. Numerous revisions will undoubtedly occur.
Presently they may be investigated for their use in connection with
listeners' judgments of different performances in the present large ex-

periment within the SYVAR-D project as described above.

Referring finally once again to the principal scheme for rhythm research
in Fig. 2 it may be said that the ongoing rhythm research in Uppsala has
resulted in some new information both as regards the understanding of
the rhythm response and as regards the properties of musical stimuli or
performances which are relevant for eliciting the "proper" or intended
rhythm character of the music in question. The work described in this
paper is only a beginning but it is hoped that some crucial issues have
been made clear and that the work will contribute to an increased inte-

rest and increased research in the fascinating field of musical rhythm.
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SINGING AND TIMBRE
by
Johan Sundberg, Center for Speech Communication Research and Musical

Acoustics, Royal Institute of Technology (KTH), Stockholm, Sweden.

Introduction

The aim of acoustics of music is to develop explanatory theories of

musical sounds. This is a very old branch of science, perhaps the oldest

dealing with music. Actually, Pythagoras was one of the first in the
field. He revealed relationships between the sound of a two-tone-chord
and the sounding lengths of the strings, which he used in order to gene-
rate the two tones. He found that the more complicated the string-
length ratio was, the more dissonant or "apart-sounding" was the sound.
Inversely, consonant chords were obtained only when the string length
ratios could be expressed in terms of small integers, such as 1:2
(octave), 2:3 (fifth), 3:4 (fourth). Evidently, Pythagoras combined
physics and music as he established these relationships between the

string-length ratio and the sound.

In the centuries after Pythagoras the progress in the acoustics of music
was slow. It took until the 19th century before decisive contributions
were made. LORD RAYLEIGH provided the basic theoretical framework of

modern acoustics in his classical Theory of Sound (1878). Hermann VON

HELMHOLTZ did important pioneer work in the acoustics of music when he
determined the acoustic properties of various musical sounds by means
of ingenious inventions and experiments. His great book (1863) had the

title Die Lehre von den Tonempfindungen als physiologische Grundlage

fliir die Theorie der Musik, thus stressing the interdisciplinary charac-

ter of the acoustics of music, and von Helmholtz was convinced that
music could be fully understood only in the combined light from physics
and the physiology of hearing. 1In this way he may be considered the
father of modern acoustics of music. If so, Pythagoras should be called

the grand-father.
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In spite of the contributions from Lord Rayleigh and von Helmholtz, the
tools for handling and analyzing acoustic signals were tedious to use
in the 19th century. However, towards the middle of the present centu-
ry the picture changed radically. Electronic amplifiers, taperecorders,
spectrum analyzers and other electro-acoustical devices were invented.
Storing and analyzing sounds became easy tasks. Thus, the conditions

for a fruitful combination of acoustics and music improved substantially.

These new technical possibilities have not been neglected. A number
of research centers have been established in the last few decades. The
fact that several of them are affiliated with the musical-instrument
industry mirrors a primary goal of these centers. In manufacturing
musical instruments on an industrial scale, knowledge is required as to
how an instrument of high quality can be obtained as rapidly and inex-

pensively as possible. The condition then, is a theory of the instru-

ment. But for practical purposes such a theory is insufficient. It
just tells us how to build the instrument in order to obtain an instru-
ment generating sounds with certain acoustic properties, but it does
not tell what acoustic properties that characterize a high quality

instrument. It is necessary to include a theory of instrument quality

in an explanatory theory of musical sounds, i.e. to consider the musi-
cal function along with the auditory perception of the sounds from the
instrument. This is true in all research in the acoustics of music.

The present paper will demonstrate this by extending the perspective
beyond the scope of musical-instrument industries and consider recent
contributions to the research in singing and related research in audito-

ry perception.

Theory of voice

Let us first recapitulate the basic theory of voice production and there-
by restrict the presentation to non-nasalized vowels, see e.g. FANT,
(1968).' The voice organ can be regarded as a system consisting of an
oscillator (the vocal folds) and a tube resonator (the pharyngeal and
buccal cavities, in short called the vocal tract). The tube resonator
has a very important function. If a sine wave sweeping from low to high
frequencies is fed with constant amplitude into the resonator, an ampli-
tude which is strongly frequency-dependent can be observed at the oppo-
site end of the resonator. As seen in Fig. 1 the amplitude reaches



aVa RESONATOR

Fig. 1. Schematic illustration of resonator properties. A sine wave
making a glissando from low to high frequencies, F, with con-
stant amplitude, A, is fed into a resonator. The resonator
output is characterized by a highly frequency-dependent ampli-
tude. Those frequencies which give maximal amplitudes in the
resonator output are called the resonance frequencies, or, if
the resonator is the vocal tract, the formant frequencies.

maximum at certain frequencies called resonance frequencies in general

and formant frequencies in the case of the voice organ. Fig. 2 demon-

strates in a schematical fashion how the formants shape the sound radi-
ated from the lips. The vibrating vocal folds generate a complex sound
consisting of a great number of harmonic partials. Those partials,
which lie closest to a formant in frequency, are most emphasized by the
resonator and are radiated with greater amplitudes from the lip opening
than other partials lying further away from a formant. The formant fre-
quencies are determined by the positions of the articulators, i.e. the
lips, the jaw, the tongue, and the larynx. Also, the vocal tract mor-
phology is important, i.e. the individual peculiarities of the vocal
tract. The signal from the oscillator is basically the same regardless
of the vowel produced. What differs between vowels is the combination
of formant frequencies. As a formant enhances those partials, which lie
close to it in frequency, each vowel is characterized by strong partials
in certain frequency regions regardless of the pitch. These frequency
regions correspond to the formant frequencies. For instance, the vowel

(i) as in the word "beat" is characterized by strong partials in the
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Schematical illustration of the production of voiced sounds.
The lungs provide an overpressure under the glottis which
causes the vocal folds to vibrate. This vibration generates

a complex tone consisting of a number of harmonics, the ampli-
tudes of which decrease with the number of the harmonic. This
complex tone propagates through the vocal tract which is a
resonator. Those harmonics, which lie closest to a formant
frequency (e.g. the second and the sixth) are radiated from
the mouth opening with higher amplitudes than other harmonics.
From SUNDBERG (1974b), Musiklivet V&r S&ng.
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frequency region around 250 and 2000 Hz, respectively, because the two
lowest formants are approximately located to these frequencies. The
corresponding formant frequencies for the vowel (a) (as in "part") are

approximately 500 and 1000 Hz.

It is rather simple to construct an electrical model of the voice organ.
Such a model is composed of electronical components and is called a
synthesizer. The oscillator of the voice corresponding to the vibrat-
ing vocal folds is substituted by a signal generator, and the vocal
tract by a set of electrical resonance circuits connected in a sequence,
or cascaded. Once the four or five lowest formant frequencies are known,
the frequency curve of the vocal tract is in essence predictable, and
such frequency curves are provided in an analoguous way by the electri-
cal resonance circuits in the synthesizer. Thus, if the resonance fre-
quencies of such a synthesizer are adjusted to the formant frequencies
of a given vowel sound, the circuit system offers the same frequency
curve as a vocal tract characterized by these formant frequencies.
Therefore, if we send a well-defined complex tone through our synthesi-
zer, which we have previously adjusted to the formant frequencies of a
given vowel, we will obtain this very vowel provided that our complex

tone is acoustically identical to the tone generated by the vocal folds.

The soprano's jaw opening

Let us now return to the singing voice and first consider the case of
sopranos. In comparing their singing and speech, three observations
can be made. In singing, (1) the sound is generally much louder (2)
the jaw opening seems to depend on the pitch rather than on the vowel,
and (3) the vowel intended is often difficult to identify, particularly
in high notes. (ONDRACKOVA, 1973; SIMON & al., 1972, STUMPF, 1926.) It
is incumbent on acoustics of music to explain why speech and singing

differ in these respects.

Fig. 3 illustrates the typical dependence of the lip and jaw opening on
the pitch: the higher the pitch, the wider the opening. An increase of
the jaw opening is particularly influential on the frequency of the
first formant, (LINDBLOM & SUNDBERG, 1971). Actually, it has been shown
that the singer adjusts the frequency of her first formant to the fre-
quency of the pitch, i.e. to the fundamental frequency. This seems
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Fig. 3. Photos of the lip opening of a soprano singing the vowels (u)
and (i) (upper and lower series) at the fundamental frequencies
(F,) indicated. The lip and jaw opening are seen to increase

with rising fundamental frequency.

to be the acoustical purpose of the pitch-dependent jaw opening. The
next question is why a soprano makes this frequency match. If she sings

a high-pitched note, e.g. an A the partials of the complex tone gene-

’
rated by the vocal-fold vibrations fall on multiples of 880 Hz:

1 - 880 = 880, 2 . 880 = 1760, 3 . 880 = 2640 Hz and so on. In the case
of an (u) (as in boot) the normal frequency of the first formant is 300
Hz, approximately. With a jaw opening normal for speech, the singer's
lowest formant would then be located at a frequency far below that of

the lowest partial. Then, the possibility of a resonance effect would

be wasted, as the resonance would occur in a frequency region, where
there is no sound to give resonance to. With a suitably wide jaw opening
she can adjust the resonance to the frequency of the fundamental, i.e.
the lowest partial. The result is that this partial gains considerably

in amplitude, which makes the sound loud, as illustrated schematically



in Fig. 4. If she next sings the
note F5, the fundamental frequency
is close to 700 Hz. If she keeps
the same jaw opening and first for-
mant frequency as she had for A5
at 880 Hz, a marked drop in loud-
ness would occur, as the first
partial moves away from the reso-
nance maximum, cf. Fig. 2. To
compensate for such amplitude
variations by simply raising vocal
effort is not a desirable solution
to this dilemma, as it would place

a strain on the vocal folds. The
entire problem can be avoided if

the soprano reduces the jaw opening
so that the first formant again
matches the new fundamental frequen-

cy.

This effect is illustrated in the

first sound example. First

it gives the soprano's own produc-

tion of a vowel at four pitches.

AMPLITUDE

SOeR

PARTIALS
FREQUENCY

PARTIALS

FREQUENCY
Fig. 4. Schematical illustra-
tion of the formant strategy
in soprano singing at high
pitches. In the upper case the
soprano uses a small jaw open-
ing. Then, the first formant
appears at a frequency far be-
low the frequency of the low-
est harmonic in the vowel sung.
The result is a rather low am-
plitude of that harmonic. In
the lower case the jaw opening
is adjusted so that the first
formant matches the frequency
of the fundamental. The result
is a considerable gain in ampli-
tude of that partial. From
SUNDBERG (1974b). Musiklivet
V&r Sang.

AMPLITUDE

The slightly synthetic impression is due to the fact that the natural

onsets and decays of the tones have been made uniform by an electronic

gate. Then follows synthesized versions of the same sounds. Here,

then, the formant frequencies have been adjusted to the values that the

soprano used herself; for instance,

the first formant frequency follows

the fundamental frequency. Finally comes another set of synthesized

vowels, but here the formant frequencies are kept constant, regardless

of the pitch. The formant frequencies are those which the soprano used

in singing the vowel at the lowest pitch in the first example. The

example thus demonstrates what would happen if the soprano kept the same

articulation regardless of the pitch she sung. The result would be that

the loudness would vary considerably between pitches.
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Varying the first formant so that it tracks the fundamental frequency
by adjusting the jaw opening raises negligible demands on effort, and
at the same time it gives maximum strength to the sounds produced. Thus,
the pitch-dependent articulation illustrated in Fig. 3 can be explained

with reference to vocal economy. It should be expected to occur in a

trained singer above that point in the scale, where the fundamental fre-
quency of the pitch being sung passes above the normal frequency of the
first formant. Presumably, this situation occurs also in altos and
tenors. (SUNDBERG, 1975)

As mentioned, each individual vowel is associated with a given combina-
tion of formant frequencies. Thus, by abandoning the formant-frequency
values normal in speech, the soprano also abandons the quality of the
intended vowel. This seems to be of minor importance, however, because
when the pitch is high, the vowel quality cannot be maintained even with
the correct formant frequencies. Thus, the soprano seems to choose the

best possible solution.

These results appear to explain why a soprano's speech and singing dif-
fer in the three respects mentioned. It is noteworthy that this expla-
nation is based on evidence provided by a study of acoustical features,
articulation, and perception. It seems that the possibility of answering

the pertinent questions presupposes involvement of all these three aspects.

A partial reaches a maximum relative amplitude when it matches a formant
in frequency. Other things being equal such partials dominate the spect-
rum. Thus, in the higher pitches in a soprano we would expect to find
the spectrum dominated by the fundamental. 1In an acoustic study of fe-
male registers, LARGE (1968) found that the female chest and mid-regis-
ters differed with respect to the balance between the fundamental and

the higher harmonics. Register differences are generally assumed to

stem only from the vocal-cord function as opposed to articulation. In
view of the results mentioned above it seems worthwhile to examine more

thoroughly the role of articulation in what is called registers in the
female voice.
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The male voice and its "singing formant"

To economize with one's own voice is absolutely imperative for all pro-
fessional singers. Only those who manage to do this and still be heard
will survive as singers. However, male singers cannot use the same so-
lution as the soprano, because a male singer sings pitches with a funda-
mental frequency lower than the normal first-formant frequency. The
solution male singers use involves modest but characteristic changes of
the vowel qualities normally encountered in speech. For instance, the
vowel (i) is shifted towards the vowel (y) (similar to the German fiir)
and the vowel (&) (as in head) towards the vowel (3) (as in heard).
(APPELMAN, 1967) The vowel quality becomes more "dark", slightly re-
sembling the effect we experience when we listen to someone who speaks
and yawns at the same time. Often the term "covering" seems to refer
to this phenomenon. The timbral effect seems to be associated with a
lowered position of the larynx and an expansion of the lower pharynx
cavity, see eg. LARGE (1972).

VOWEL [u]

SPEECH SINGING

0 1 2 3 kHz & 0 1 2 3 kHz 4

Fig. 5. Spectrum contours (envelopes) of the vowel (u) spoken (left)
and sung (right) by a professional opera singer. The amplitu-
des of the harmonics between 2 and 3 kHz give a marked peak in
singing as compared with speech. This peak is called the "sing-
ing formant", and it appears to characterize all voiced sounds
in male professional opera singers. From SUNDBERG (1974a),
Journal of the Acoustical Society of America.

Fig. 5 illustrates the typical spectral differences between male speech
and singing as found in the vowel (u). The sound level near 3000 Hz is

seen to be 20 dB higher in singing than in speech. Vocal pedagogues
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tend to speak about "head voice" or "singing in the mask" to describe
this effect. (GIBIAN,1972) This spectrum peak is frequently called the
"singing formant" and its presence, regardless of vowel and dynamics,

is considered a quality criterion for singers. (WINCKEL,1953) The 'sing-
ing formant" can be explained acoustically with reference to an extra
formant associated with the larynx tube. The larynx tube can behave as
an independent resonator provided that its outlet in the pharynx is

less than 1/6 of the pharyngeal cross-sectional area. It appears that
this condition can be met if the larynx is lowered, because such a
lowering seems to expand the pharynx. The extra larynx-tube formant can
be tuned to a frequency close to 3 kHz, i.e. between the frequencies of
the third and fourth formants in normal speech. The acoustic effect on
the spectrum envelope is illustrated in Fig. 6. The envelope gets a

peak of 20 dB close to 3 kHz when the extra formant is present.

IDEALIZED SPECTRUM ENVELOPE

0

WITH ’ SINGING FORMANT"’

-50- WITHOUT ’SINGING FORMANT’

-60 -

-70 -

-80 Y T v T T T T —
0 1 2 3 4

FREQUENCY (kHz)

Fig. 6. Acoustic explanation of the 'Singing formant’ The figure shows
frequency curves of the vocal tract with four and five formants.
The three lowest and the highest formant frequencies are the
same in both cases and the extra formant is close to the third.
The consequence of adding the extra formant is that the resonan-
ce curve gains about 20 dB in the frequency region of the extra
formant. This means that the harmonics in that frequency region
will be 20 dB stronger due to the extra formant, other things
being equal.
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It can be shown that the lengthening of the vocal tract and the expan-
sion of the lower pharynx, resulting from a lowering of the larynx,
affect the lower formant frequencies as well. These changes account
for the main shifts in vowel quality between normal speech and profes-

sional male, singing. (SUNDBERG, 1974a)

The lowest part of the pharynx is called the sinus piriformes. It is

a pear-shaped cavity which surrounds the lateral and posterior parts of
the larynx tube. Acoustically the sinus piriformes act as a side branch
or "appendix" of the main vocal tract extending from the vocal folds to
the lip opening. Such a side branch absorbes the sound energy trans-
mitted through the vocal tract at the frequency of its resonance. The
result is that very little sound energy is radiated at that frequency,
which consequently appears as a sudden dip, or minimum in the frequency
curve of the vocal tract. The dip due to the sinus piriformes is bet-
ween 3 and 4 kHz, and in professional singers a dip in the spectrum en-
velope is often observed in this frequency region. Thus, this dip pre-
sumably reflect expanded sinus piriformes. WINCKEL (1952) claims that
good voices have fewer high-frequency partials than poor voices. It is
likely that this observation is related to the spectrum-envelope dip
caused by the lowering of the larynx, because a lowered larynx seems to

characterize good male singers.

The next question is why this increase in the spectral amplitude is so
desirable in singing. The answer seems to be dependent on the acous-
tical conditions under which a singer works: he is generally accompanied
by an orchestral accompaniment which may be quite loud. The sound of
the orchestra is strongest in the frequency region around 450 Hz, as
seen in Fig. 7. Towards higher frequencies, the sound is weaker. The
singer's high-amplitude partials near 3 kHz form a marked peak in the

spectrum, as can be seen in the same figure.

The perceptual effect of this is that the singer's voice is much easier
to discern against a background of an orchestral accompaniment. This is

demonstrated in Sound example two. First a singer sings some bars of

a song six times. The first, third, and sixth times the acoustic effect
of his extra formant (i.e. the larynx tube resonance) has been eliminat-

ed by electronic means, a so called inverse filter.
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Fig. 7. Averaged spectra of the sound of a symphony orchestra (solid
curve), normal speech (dashed curve), and a singer accompanied
by an orchestra (dotted curve). The average spectrum of the or-
chestra is strikingly similar to that of normal speech. The
"singing formant" is seen as a broad peak being the only major
difference between orchestra with and without a singer soloist.
A singer's voice accompanied by an orchestra is easier to dis-
cern when it has a "singing formant" than when it lacks it, as
is the case in the normal speaking voice. From SUNDBERG (1972),
Report of the 1llth Congress of the International Musicological
Society.

It would correspond to a singing without a "singing formant" (but with

a lowered larynx). Then follows noise which has the same distribution
of spectral energy as the average sound from a modern symphony orchestra.
Next, this same noise is presented together with the singingwith and
without the "singing formant". 1In listening it becomes apparent that
the singer's voice can be discerned more easily when the voice has the

"singing formant".
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We may then conclude that, once again, vocal economy seems to be the

leading principle being the motivation of the special singing technique
which generates vowels with high-amplitude partials near 3 kHz. This
conclusion is supported by the fact that such a technique does not seem
to be adopted when the accompaniment is relatively soft in dynamic level,
such as lute or guitar, or when there is a sound-amplifying equipment at
hand to take care of the audibility problems, as in pop music, for in-
stance. It can also be mentioned that the voice of a trained opera
singer will be heard as an individual in a choir. This suggests that
voice training should have partly different goals depending on whether
the student aims at a career as a choir singer, an opera soloist, or a

microphone-aided soloist.

The investigations of male singing reviewed above explain why spoken and
sung vowels differ in the way illustrated in Fig. 5. As in the case of
the pitch-dependent jaw opening in sopranos, the explanation considers
the acoustics of vowel production, the articulation, the musical func-
tion of a solo singer, and the auditory perception. It appears that our
understanding of why male speech and singing differ in the way discussed
would be incomplete if any of these aspects were disregarded in the ex-

planation.

What is voice timbre?

The problem of audibility is not the only secret in singing, which musi-
cal acoustics should elucidate. Another interesting aspect is the per-
sonality of the voice. Next we will consider the research done in what
may be regarded as the first step towards a description of personal voice
characteristics, namely the classification of the male voices into bass,
baritone, and tenor. The timbral differences are independent of the
vowel and pitch involved, i.e. a tenor, baritone, and bass singing the
same vowel on the same pitch differ with respect to voice timbre. The
acoustic differences between these voice types have been examined. It
was revealed that the formant frequencies are decisive factors in voice
classification. For most vowels it was found that the lower the voice
class is, the lower are the formant frequencies. These differences are

easy to demonstrate and synthesize. Sound example three consists of the

vowels (a, i, u) synthesized with the formant frequencies which were

found to be typical.of a tenor, a baritone, and a bass, respectively.
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It seems clear that the set of formant frequencies is a very
important acoustical correlate of voice type. (CLEVELAND,1975)

What, then, is the origin of these formant-frequency differences between
basses, baritones, and tenors? It is awell-established fact that fe-
male and male voices differ with respect to formant frequencies, and
that these differences stem from dissimilarities in the mouth and pha-
rynx-cavity lengths. Thus, the pharynx and mouth have been estimated

to be on the order of 25 % and 15 % shorter in females than in males,
respectively. (FANT,1973) Fig. 8 compares the formant-frequency dif-

ferences between female and male subjects with those found between

Female/Male 6 languages *—%—X
Tenor/bass, Swedish (Cleveland 1975) o—o—o

Fig. 8. Percentual differences in the three lowest formant frequencies
Fy (left), F, (middle), and F3 (right) between a bass and a
tenor (dashed line) and male and female voices (solid line).
The values differ between the vowels indicated, but the tenor/
bass and the female/male differences are seen to be very simi-
lar. This suggests that the reasons for the differences are
similar, i.e. that it is the vocal-tract shape and length which
account for the bass/tenor formant-frequency differences.

tenors and basses. The differences vary with vowel but are strikingly
similar between sex and voice type. This strongly suggests that the
formant-frequency differences between voice types have an origin analo-

gous to those between sexes. This would mean that tenors and basses



- 71 -

differ as regards the vocal-tract dimensions. Thus, it seems that voice
classification with respect to voice type may be possible to base on
vocal-tract dimensions. However, another factor necessary to voice clas-
sification is the pitch range. Again inferring from differences observed
between female and male subjects, the pitch range may be correlated with
the vocal-cord length. (HOLLIEN, 1960) Possibly, in the future, voice
classification can indeed efficiently be assisted by purely objective
data on the morphology of the voice organ. In any case we have good rea-
sons to postulate that the vocal-tract dimensions should match the pitch

range in good voices.

Apparently, this is contradicted by the fact that there are many singers
whose voice type changes, e.g. from baritone to tenor. The explanation
would be that a person is able to change his vocal-tract length, and,
particularly, his pharynx length. The effective length of the mouth can
be shortened if the mouth corners are retracted, and the pharynx length
depends on the larynx height. Thus, it would be interesting to know if
a change of the voice classification is accompanied by a change of the

vocal-tract length. This is a question for future research.

Even if two singers possessing the same voice classification sing the
same vowel on the same pitch, we will hear a timbre difference which en-
ables us to hear that this is singer X and that is singer Y. As a mat-
ter of fact, a good deal of these personal voice characteristics seems
to be due to the formant frequencies. This is supported by sound examp-
le four giving a real and a synthesized vowel of a baritone singer.

It seems that the essence of the singer's personal voice quality is ob-
tained when his formant frequencies are reproduced in the synthesis.
This suggests that the signal generated by the vocal folds are rather
similar between singers and not very important in determining the dif-
ferences between singers. (SUNDBERG 1973) The predominating factors
seem to be the formant frequencies, which are the acoustic consequences
of the morphology and the articulatory habits of the singer.

Obviously, singing is constituted not only by sustained vowels, but also
by transitions between vowels and between pitches. Trained singers have
been found to perform wide melodic pitch changes more rapidly than un-

trained voices. (SUNDBERG, forthcoming) Moreover the speed of the fun-



- 72 -

damental frequency undulations due to the vibrato has been found to be
related to the maximum speed of pitch change. (VENNARD, 1971) This is
only one of several signs of the mastery which a singer has to develop
in the operation of the vocal folds. And, probably, the manner in which
a singer performs pitch transitions belong to the very typical personal

characteristics of his voice.

Rough and smooth timbre

As mentioned, the timbre differences between bass, baritone, and tenor
appear to depend on the formant frequencies to a large extent and, con-
sequently, on the vocal-tract dimensions. Therefore it would be logical
to assume that the identification of the sex of a speaker or singer
should rely on the formant frequencies as well, because, as mentioned,
the vocal-tract-dimension differences between females and males lead to
formant frequency differences. However, according to COLEMAN (1973) the
average voice pitch is a far more important factor than the three lowest
formant frequencies. We may all agree that the timbre differences bet-
ween female and male voices can be described in terms of "smoothness",
female voices sounding "smoother" than male voices. Is the voice funda-
mental frequency related to "smoothness" then? The timbre dimension
"rough/smooth" has recently been successfully examined by hearing scien-
tists, and'it seems that the results may contribute to the acoustic de-
scription of femaleness and maleness in the voice timbre, as well as to

other timbre questions.

As is well known, we perceive sound when the basilar membrane in the
cochlea is set into vibration. Each region along the basilar membrane
corresponds to a specific frequency region. For instance, the lowest
frequencies set the uppermost part of the membrane into a maximum ampli-
tude vibration, and the highest frequencies excite the lowermost end of
the membrane (close to the oval window), maximally. If the ear is fed
with a complex tone containing several partials, each partial will ex-
cite its proper place on the membrane according to its frequency. The
spacing of the partials along the mambrane has been shown to be of de-
cisive importance to the rough-smooth timbre dimension. (TERHARDT, 1974)
Partials falling closer than about 1.3 mm on the basilar membrane contri-
bute to the roughness. This critical distance of 1.3 mm corresponds to

a small-frequency range, called the critical band. The width of these
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critical bands is given as a function of the center ffequency in Fig. 9.
For frequencies lower than 450 Hz, the critical band is around 100 Hz,
and for higher frequencies its width is close to a minor third. Most
musical instruments generate harmonic spectra, i.e. the frequency of
the n:th partial equals n times the frequency of the lowest partial.
Thus, the frequency distance between each pair of adjacent partials is
constant in terms of Hz but decreases in terms of critical bands. Bet-
ween the fifth and sixth partials, there is an interval of a minor
third. Consequently, these partials fall into the same critical band,
provided that the partials are higher than 450 Hz. This condition is
fulfilled when the fundamental frequency is higher than é%g = 90 Hz. In
these cases, then, the partials higher than the fifth may contribute to
the roughness of the timbre. The stronger such pairs of adjacent par-

tials are, the rougher is the timbre.
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frequency. The dashed line shows an approximation: the criti-
cal band is around 100 Hz for frequencies lower Fhan 450 Hz
and a minor third for higher frequencies. The different sym-
bols refer to different experimental conditions, see ZWICKER

& FELDTKELLER: Das Ohr als Nachrichtenempfinger, (2) S. Hirzel
Verlag, 1967, p 72 f, from which the figure is taken.

Fig. 9.




The effect is demonstrated in sound example five. The first

sound contains partials no 1 and 2 in a harmonic spectrum. These par-
tials excite separate critical bands. The same applies to the second
sound comprising partials no 1, 2, 3 and 4. 1In the third sound partials
no 5 and 6 are added, and these partials excite the same critical band.
The timbre is becomming slightly rough. This effect is considerably
enhanced in the fourth sound, which is constituted by partials no 1-8.
In each of these sounds all partials are of equal acoustic amplitude and

each sound is presented three times in succession.

Rough/smooth and male/female voice

How is this related to the roughness/smoothness in the male and female
voice, then? This is not thoroughly examined yet, but the solution

seems to be within reach. Let us first consider the question why funda-
mental frequency seems to be important to sex identification by voice.
Disregarding substantial individual variations, we may say that female
voices speak with a fundemantal frequency lying about cne octave higher
than that of male voices, on the average. As mentioned above, the for-
mant-frequency differences between the sexes are much smaller. Therefore,
the average number of partials per formant is smaller in the case of fe-
male voices. The average number of partials per formant must determine
the likelihood 6f two adjacent partials being of equal and strong ampli-
tude, or in other words, the roughness. In this way it is possible that
one can explain a dependence of roughness on the fundamental frequency

in speech. But even in a case where we compare an alto and a tenor
singing the same vowel on the same pitch we observe a timbre difference,
which many of us would certainly describe as a difference in roughness.
Such a roughness difference could probably be explained in a similar
manner. A tenor would have a longer vocal tract and hence lower for-
mant frequencies than an alto. If the formant frequencies are lower,

they will fall closer to each other on the frequency scale, particular-

ly as regards the higher formants, which are hard to move in frequency

by articulatory gestures. In the case of the tenor, then, the higher for-
mants would tend to emphasize adjacent partials, i.e. partials falling in-
to thesame critical band, whereas in the case of the alto non-adjacent
partials would be emphasized, i.e. partials falling into separate criti-

cal bands.
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The effect is illustrated in sound example six. A vowel is re-
peated six times. The first, third, and fifth times the third and fourth

formants are close enough in frequency so as to emphasize adjacent par-
tials in the spectrum (the 9th and the 10th). In the remaining vowels
these two formants are more widely separated in frequency so that non-
adjacent partials are enhanced, namely the 9th and the 11lth. These par-
tials fall into separate critical bands. In the first mentioned case
there are 9 partials distributed under 4 formants, and consequently,
the mean number of partials per formant is 9/4=2.25. The corresponding
value for the other case is 11/4=2.75. Once again we find reasons for
suspecting the average number of partials per formant to play an impor-
tant role in voice timbre. Even though the explanatory power of that
number remains to be explored, Terhardt's theory of roughness seems to

open up new ways to a deeper understanding of timbre in singing.

Rough/smooth and organ timbre

Needless to say, timbre is an important factor in most musical instru-
ments. Let us digress and see how Terhardt's theory fits into the timbre
of the organ, an instrument where the timbre is of extremely great musi-
cal importance. An organ contains several stops, each of which includes
a chromatically tuﬁed series of pipes. All pipes within a stop possess
similar timbre characteristics. Some stops are constituted by "closed"
pipes, which are closed at the upper end. Such pipes generate spectra
containing odd-numbered partials only. Hence, the frequency distance
between adjacent partials are twice as wide as in other, "open" stops
with pipes generating spectra containing both even-numbered and odd-num-
bered partials. Terhardt's theory predicts a higher degree of roughness
in open stops than in closed stops because of the difference in the den-

sity of the partials. The effect can be experienced in sound example

seven. An excerpt of a Bach-choral is played first on a closed stop (Ge-

dakt 8'), then on an open stop (Principal 8') .

According to Terhardt roughness will occur not only because of the den-
sity of the partials but also when the amplitude of partials exciting
the same critical band are equal and strong. In the sound from organ
flue pipes, the amplitudes of the partials generally fall with the num-
ber of the partial. Most stops are tuned to octaves, so that the soun-

ding pitch corresponds to either the key played or to one of its (mostly
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higher) octaves. Some stops, however, are tuned to an octave+a fifth.

The effect on roughness of adding octave stops is small because partials

exciting different critical bands are enhanced, as can be seen from Fig.

10.

Adding a fifth stop would increase roughness, on the other hand.

It enhances the 10:th partial of the lowest stop, while the octave stops

enhance its neighbour partials, as can be seen in the same figure.
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Schematical representation of the spectra produced by a couple
of organ stops. The key played is approximately corresponding
to G,. The frequency scale is made so that the distance bet-
ween one division equals one-half of a critical bandwidth. It
is seen that the density of the partials increases the higher
up in the spectrum we go. The amplitudes of the partials in
each spectrum decrease by 6 dB per partial. The stops are

® Principal 8°
O Octava 4°
A Octava 2!
®  Quinta 2%'

Note the dense cluster of strong partials between 3.2 and 4
kHz arising when also the fifth stop is sounding.
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The organ builder actually determines the roughness, among other things,
when he designs and tunes the pipes, because the number and amplitudes
of the partials depend on the physical properties of the pipe. (MEYER,
1960; SUNDBERG, 1966; ISING, 1971) But also, a given stop can give very
differing timbres depending on the acoustic properties of the room in
which the stop is placed. In such cases a difference in roughness seems
to describe the timbre differences rather well. If we consider the room
as a huge violin sounding box, we realize that there is a very high num-
ber of resonances in any room, and that the density of the resonances
along a frequency scale will increase with the size and the sound re-
flexion in the room. Thus, as in the case of the violin, (cf. MATHEWS,
1976) the likelihood of two partials falling into the same critical band
to be of equal and strong amplitude is smaller in a large and reverbe-
rant room than in a small and non-reverberant room. Hence, a given stop
is likely to sound less rough in a large and reverberant room. Here
again we lack experimental support for the conclusion, but there is no
doubt that organ timbre seems to offer fruitful soil to the acoustics

of music. Presumably the concept of roughness and its acoustical corre-
late will prove to be extremely useful for organ builders, players, and

for composers of organ music.

Rough/smooth and consonance/dissonance

Roughness has also been shown to be related to the problem mentioned ini-
tially, consonance and dissonance. PLOMP & LEVELT (1965) showed that
dyads of sinusoids sound maximally dissonant if they are separated by a
quarter of a critical band, as shown in Fig. 11. These findings are in
rather close agreement with a theory which von Helmholtz put forward

and which was rejected by most music theorists. Von Helmholtz claimed
that maximum dissonance is obtained when the frequencies of the sounding
tones differ by 30 to 40 Hz, and 30 to 40 Hz is a rather fair approxima-
tion of a quarter of a critical bandwidth as long as we disregard fre-
quencies higher than 1000 Hz. The findings of Plomp & Levelt have rather
unexpected consequences. In the case of pure tones, consisting of one
partial only the frequency difference in critical bands, (and thus not
the frequency ratio) is the factor determining the degree of dissonance.
Thus (1) the major third between sinusoids of 100 and 125 Hz sounds quite
dissonant, and (2) the major seventh between sinusoids of 440 and 831 Hz

sounds almost as consonant as (3) the octave between sinusoids of 440
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and 880 Hz, because the frequency distance is then wide enough in terms

of critical bands. These three cases are presented in sound example

eight.
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Fig. 11. TIdealized results of experiments where musically untrained
subjects were asked to estimate the degree of consonance
between two simultaneously sounding sine waves. When the
frequency distance between the sine waves corresponds to 0,25
of a critical bandwidth, the degree of dissonance reaches
a maximum (equivalent to minimum consonance). From PLOMP
& LEVELT (1965), Journal of the Acoustical Society of America.

However, these somewhat odd effects disappear as soon as we turn to
complex tones. This can be heard in the same example, where the same
three dyads are repeated with complex tones instead of sinusoids. 1In
the case of complex tones, the frequency distance between all harmonics
contribute, and pairs of partials separated by a quarter of a critical
band contribute maximally to the dissonance effect. If we consider
complex tones with harmonic spectra only, we will find that, as a rule,
tones with simple fundamental frequency ratios will sound more conso-
nant than tones with more complicated ratios. Thus, old Pythagoras'
observations have eventually found an explanation, after more than

2000 years!

The theory of consonance of Plomp & Levelt and Terhardt's theory of
roughness certainly resemble each other in important respects, as they

both relate a timbre quality to a property of the sense of hearing,
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i.e. the critical bandwidth. And, actually, Terhardt brings about some
evidence for the conclusion that there is no sensory difference between
roughness and dissonance: under certain experimental conditions they

cannot be separated from each other.

It is likely that these findings on timbre will prove to be extremely
important to our music culture, not least to the consciously working

sound designer or electronic music composer.

Outlook

Some of the more recent advances in musical acoustics as well as in
auditory perception have been mentioned aboved. This research has
arisen at the point where physics and auditory perception meet with
music and it is there musical acoustics has its domain. The new tools
and knowledge which have recently been developed in this field indicate
that music culture can profit rather extensively from musical acoustics.
Also, the reasons for musicologists to avoid acoustical aspects of music
have been eliminated in important respects. If music scientists realize
the new and pregnant possibilities inherent in a combination of physics
and auditory perception, it seems that significant evolution and pro-
gress can be made within musicology to the benefit of our music culture

in general.
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ON THE ACOUSTICS OF MUSICAL INSTRUMENTS
by
Erik V. Jansson, Center for Speech Communication Research and Musical

Acoustics, Royal Institute of Technology (KTH), Stockholm, Sweden.

Introduction

The musical instruments constitute a link of a human communication chain:
composer - player - instrument - listener. The composer groups together
demands and directions for the player in the written music. Depending
on these demands and directions the player must set specific demands on
his instrument to be able to realize his interpretation of the music in
an enjoyable way for the listener. In general the player cannot modify
his instrument. Therefore the instrument must be made in such a way
that it can satisfy the composer and the listener. Furthermore the play-
er wants to be able to express himself with his instrument by playing it
differently. This means that the limits set by the instrument must not
be too narrow for the player. The instrument maker should meet and pre-
ferably foresee these demands of the music - those of the composer, the

player and the listener.

The problem of making good instruments divides in a natural way into
finding answers to the three following questions: What qualities are
wanted? How do different instrument parts influence the qualities? How
are instruments with the desired qualities designed? The answer to the
first question lies in the psychoacoustic domain, i.e. the understanding
of the relation between produced musical tones in physical terms and the
perceived tonal qualities. The answer to the second question is sought
by the tools of physics: i.e. the understanding of how the instrument
works, and how the properties, the shapes and the joining together of
different materials influence the produced musical tones. The answer to
the third question is of a technical nature, i.e. how to use the under-
standing of the production of musical tones from physics and the under-
standing of the tonal quality from the psychoacoustics. This answer
should be transformed into rules concerning how instruments of good
quality should be made, and how such qualities should be measured.
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Traditionally the instrument makers have collected much experience about
how good instruments should be made, some 6f which can not be explained
by science today. But their experience is partly hard to transfer to
other craftsmen and their design rules often include adjustments in the
final stages. Therefore design rules firmly rooted in physics and
psychoacoustics as sketched in this paper can be of good help for the
single instrument maker. They are necessary in order to guarantee good
instruments when rationally made in large numbers. The acoustical in-
vestigations of musical instruments aim at finding such rules. This
paper will review recent achievements in this area of the acoustics of

music.

The intention of the author is to present the information in a way easy
to read but still correct, suitable as a nonformal introduction to the
subject. Therefore no thorough explanations are offered, but rather im-
plications to give an intuitive feeling for the phenomena involved. The
terminology is chosen to be explanatory rather than strict in a scienti-
fic sense. It is the hope of the author to provide an understanding of
which physical qualities are wanted of good instruments, how some musi-
cal instruments work and what can be said of how such instruments should
be designed. Two things particularly important for good instruments,
intonation and timbre, have been selected as topics for this paper. In-
tonation will be discussed mainly in connection with wind instruments,
and timbre in connection with the string instruments, the violin and the
guitar. The information on each topic is presented in three parts, first
the psychoacoustic part, secondly the physical part and finally the tech-
nical part corresponding to the three questions asked above. The infor-
mation presented is not sufficient for calculating designs. For such
purposes as well as for more detailed information the reader is directed

to the references listed which hopefully will give the information wanted.

Intonation and wind instruments

The musical tones are not single tones in a physical sense, they consist
of a chord. This musical-tone-chord is made up of several single tones
with specific interval relations. The musical intervals between the
lowest and the second lowest, the second lowest and the third lowest, etc.
tones are an octave, a fifth, a fourth etc. respectively. The musical

pitch is closely related to the physical frequency Hz, of the lowest tone.
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The magnitudes of the intervals mentioned are equally measured in the
physical frequency Hz, which means that the musical tone-chord forms

a so-called harmonic spectrum.

Our culture has adopted a simple and physically well defined scale, the
equally tempered scale. In this scale the octave corresponds to a doub-
ling of the physical frequency. Although being a musical compromise the
scale is generally accepted. Still it poses some difficulties in connec-
tion with the function and the physics of musical instruments. Keyboard
instruments as the piano and the organ are tuned according to this scale.
Careful measurements show, however, that eventhough the organ is tuned
very closely to the equally tempered scale, the piano is tuned with
stretched intervals, see Fig. 1 and 2. (SUNDBERG, 1967 and MARTIN & WARD,
1961) This difference in tuning can be explained by means of the func-
tion or the physics of the instruments. Every tone of the organ is made
up of a strictly harmonic spectrum and therefore the frequencies of the
different tones are multiples of the fundamental frequency. On the pi-
ano, every note is made up by a slightly inharmonic spectrum and the
frequencies of the different tones are slightly higher than multiples of
the fundamental frequency. To prevent octave chords from beating, the
organ should be tuned with "correct" intervals, but the piano with slight-

ly larger intervals.

Cent.

+6 ! r ;

4 .

2 2l S * ,-%\ A °

0 ] K e At | N ] Ll

2 PoraSIgR-A T . I <N e,

_I < i k\. z Al

6 M L R
| ! I

C, E; G C3 Ey G C, E, G Cs Es G Cg Eg Gg' Cy Ey
A,=440c/s

Fig. 1. Deviations in cents from the equal tempered scale in different
organ stops. e and @ refer to two diaposon stops; x and &
refer to two flute stops. From SUNDBERG (1967), Svensk Tid-
skrift fOr Musikforskning.

Under certain conditions the ear prefers stretched intervals to "correct"
intervals. Thus, even the octave, the basic interval of all scales, is

sometimes preferred as sligthly stretched. If two tones, spaced one
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octave apart, are played simultaneously, the chord sounds the best with
the "correct" tuning. If, on the other hand the same tones are played
in succession, the interval definitely sounds the best if it is slight-

ly stretched. This can easily be demonstrated with a violin.

1 2 3 s s [ ] v
|
£
-
b B
- A
3 A 1y ! N
r N - ey T
E h ) o]
§ v e TUNING SY'FING TUNZR® | |
e  RAILSOACK DATA (AVERAGE)
b Al NOTE-THE 'S INDICATE INBAVIOVAL [T
g ‘l STRINGS
~ ! MIDOULE € As0lces
2
: !
L
30 40 80 60 7080 30 R0 e W 00 10K 2000 3000 4000
FUNDAMENTAL FREQUENCY ~CPS
Fig. 2. Deviations in cents from the equal tempered scale in pianos.

From MARTIN & WARD (1961), Journal of the Acoustical Society
of America.

Thus in playing the player may want to make final adjustments of the in-
tonation because of physical and psychoacoustical reasons. But the phy-
sics of his instrument, for instance a flute, may enforce the player to
make fairly large adjustments to achieve good intonation. In Fig. 3 the
full line represents tones played on flute. (FRANSSON, 1963) Each note
was played separately and the player was not instructed what note to
play next until he had finished playing the first. Thus he played the
frequencies the instrument responded to with no intonation correction.
The tones played do not describe an equally tempered scale - the full
line in Fig. 3 is neither horizontal nor straight. The physical measu-
rements of the resonance frequencies confirm the non-equal tempered

scale properties of the flute. The tones played are furthermore on the
average a semitone flat. Thus the player has to make two kinds of adjust-
ments to play in tune with other instruments. First he must adjust the
average intonation by tuning, i.e. by changing the physics of his instru-
ment. Secondly he must in addition adjust the intonation while playing

as much as a quartertone to keep separate notes of a musical piece in
tune.
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Let us continue to study musical instruments, instruments in which their
constructions, their physics, determines the frequencies of tones played.
(BENADE, 1976) Typical such instruments are the wind instruments. They
consist of tubing with a more or less complex shape. The frequency .of
the played tone is determined by the acoustic length of this tubing.
This length is approximately equal to the distance from the "blowing"
end to the first open side hole, or, if there is no side hole to the
bell opening. Thus the total length of. the tubing determines the lowest
note that can be played. This way of looking at the wind instruments

is qualitatively a correct description of the function of the tubing.

On a long instrument, as the basoon, low notes can be played, and on a
short one, as the piccola flute, only highvnotes. Shortening the acous-
tical length of a tubing by opening side holes results in a higher note.
A more accurate description is, however, needed to predict the frequency

of played notes with an accuracy sufficient for musical demands.

Before giving a rough sketch of such a description, let us very shortly
look into the fundamentals of the function of brass wind instruments. The
principles also apply to reed instruments. In Fig. 4 a typical setup is
described for experimental investigations. A capillary feeds "constant"
sound flow (velocity) into the mouthpiece of a trumpet and a small mic-
rophone registers the resulting pressure variations, the sound pressure,
in the mouth piece. (BENADE, 1973) The frequency of the "constant"

flow sound is slowly increased and the resulting sound pressure (air
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capillary into the mouthpiece cup of the instrument under
study. A control microphone sends signals to an attenuator
to ensure that the acoustic stimulus entering the capillary
remains constant. The pressure response of the instrument,
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der coupled to the voltmeter plots the resonance curves. From
"The Physics of Brasses" by A.H.BENADE. Copyright € 1973 by
Scientific American, Inc. All rights reserved.
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pressure variations) is plotted by a chart recorder. 1In this way a re-
cord is obtained of how much sound pressure is built up by a given sound
flow supplied by the lip vibrations of the player. The built up sound
pressure will in its turn influence the lip vibrations, especially if it
is high, i.e. the instrument will give a reaction to the action of the
player's lips. Similar and highly accurate measurements can also be
made with less electronics by means of the STL-Ionophone, which we have
been using for the last ten years. (FRANSSON & JANSSON, 1975)

A chart obtained in the way descri-
bed shows very marked peaks, so cal-

led resonance peaks, cf. Fig. 5. At AMPLIFICATION ONLY

TP 9

the frequencies of these peaks the

instrument will give large reaction
on the lip vibrations. The instru- A
. . . . OSCILLATI POSSIBLE
ment can monitor the lip vibrations
in such a way that oscillations are

maintained and the musical tone is

given. The resonance peaks are simp-
ly related to the acoustical lengths.

It is well known that the frequencies

a [ ]
of played tones are at least close to e - A 1
the peak frequencies. The simple FREQUENCY (He)
classical theory (the 'linear' exci-
tation theory) says that the instru- Fig. 5. Measured impedance curve

of the tacet-horn. The
circles marked "a" indi-
peaks. To test the validity of this cate the low impedance
values observed at fre-
quencies that are harmo-
rather special spacing of the reso- nics of the lowest reso-
nance frequency. The
circles "b" and "c" indi-
GANS, 1968) The resonance peaks cate similarly the impe-
dances at the harmonics
of the second and third
terger ratios between peak frequen- resonances. From BENADE
& GANS (1968), Annals of
the New York Academy of
this very peculiar horn, it turned Sciences.

ment plays at the frequencies of the

theory a horn was designed with a

nance peaks, see Fig. 5. (BENADE &

were spaced so as to avoid all in-

cies. When a player tried to play

out that the lip sound was amplifi-

ed at the peak frequencies’, but it was almost impossible to produce a

sustained note on the instrument. This result contradicts the classi-
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cal theory that the fundamental frequency of a played note always

equals a peak frequency. However, at the frequency marked by the fil-
led dot just below the second resonance peak in Fig. 5, it was possible
to play, and at the frequency marked by the filled dot below the third
peak, it was easy to play. In these later cases the higher partials of
the played tones fall close to higher resonance peaks. These results
suggest that several partials of the "tone" played interact with several
resonance peaks to sustain the "tone". Furthermore a large summed in-
teraction gives easily played tones. In physical terms, the function

is in agreement with self-sustained nonlinear oscillations. For further
studies the reader is referred to BENADE & GANS (1968) and to WORMAN
(1971) . Thus we would expect that the frequency of a played note is

not entirely determined by the frequency of the closest resonance peak.

Let us look at gross features of a real instrument, the clarinet, which
has resonance peaks typically positioned as in Fig. 6. The clarinet has
a register key to facilitate playing in its upper register. When this
register key is closed the reso-

nances are positioned so that odd-

numbered partials of a tone play-

I>

HOLE CLOSED

ed fall at resonance peaks. This UPPER REGISTER

is demonstrated in the upper part

of Fig. 6, which shows five reso- LOWER REGISTER,(FAVORED)

IMPEDANCE

nances interacting with five par-

tials giving a large summed inter-

action. For a tone played in the
upper register, only two resonan-

UPPER REGISTER, (FAVORED)

ces and two partials interact giv-
LOWER REGISTER

IMPEDANCE

ing a considerably smaller inter-

action. Thus the lower register

is favoured with the register key FREQUENCY
closed. When the register key is

opened the lowest resonance is Fig. 6. Schematic diagram of the rela-
tion of the impedance curve to

most effected and its frequency the played-note harmonics for

is shifted as shown in the lo- a clarinet with its register
. . key open and closed. From
wer part of Fig. 6. This means BENADE & GANS (1968), Annals
that a musical tone with its fun- of the New York Academy of
Sciences.

damental frequency equal to the



- 90 -

first peak frequency gives interaction for only one partial and one re-
sonance and a small summed interaction. The response to the tone of
the upper register is essentially unchanged giving a larger summed in-
teraction. Thus the upper register is favoured with the register key

open.

Let us now look at another example. Fig. 7 shows a resonance curve for
a trombone. From the markings on the frequency axis it is easily seen
that the higher resonances are not positioned at multiple frequencies
of the first resonance frequency. This means that a tone played with
its fundamental frequency equal to the first resonance frequency, gives
one partial interacting with one resonance peak and small summed inter-
action is obtained. Thus it is hard to play this tone. On the other
hand, if the second peak (labelled 2) is chosen to interact with the
second partial, then several higher partials and higher resonances will
interact and a large summed interaction, is obtained. The lowest tone
used in playing has a fundamental frequency equal to half that of the
second resonance, thus using the large summed interaction. This tone

is called the pedal tone.

TROMBONE
w
@
2
(7]
(2]
w
['3
a
[}
[¥]
w
a
X
-
b=
o
=z
i 4 ' - A A 'l I 1 ' Lol L
I T v | T T v T 77T ™
| 2 4 6 8 0 r
55.5 CPS

RELATIVE EXCITATION FREQUENCY

Fig. 7. Resonance curve for a trombone. Reprinted from "THE ACOUSTICAL
FOUNDATIONS OF MUSIC" by John Backus. By permission of W.W.
Norton & Company, Inc. Copyright @) 1969 by W.W. Norton & Com-
pany, Inc.
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The two examples chosen indicate that we for a complete description must
take into account the heights of the resonance peaks and the strengths
of the partials. For instance, the phenomenon with the register key of
the clarinet applies to loud and medium loud playing but not to soft
playing. (BENADE, 1976)

A closely related approach has been taken by WOGRAM (1972). He shows
that the frequencies of the tones which players prefer to play on a
trombone agree well with the frequencies at which the total sound energy
(of all partials) stored in the instrument is maximum. He proves expe-
rimentally that these frequencies can be measured in a straightforward
way by "blowing" the trombone with a specially designed air siren. The
numerical results show that the discrepancies between played frequencies
and resonance frequencies are considerable: half a semitone step, on the
average. The discrepancies between played frequencies and frequencies
measured by means of his siren are small: less than 1/10 of a semitone
step. The discrepancies between played and theoretically calculated
frequencies are smaller than 1/5 of a semitone step on the average. An
alternative way to calculate the properties of bells combined with an
extension of classical horn theory to spherical waves is given in BENADE
& JANSSON (1974).

The information presented above can be transformed into general design
rules. A good instrument should, with normal playing, give an intona-
tion corresponding to the equally tempered scale. This must be achiev-
ed in designing the tubing of the instrument, because the material of
the walls is of second order importance as long as it is smooth, tight,
and rigid. One possible solution, indicated by Benade, is to position,
or "line up" the resonance peaks so that their frequencies form a har-
monic series. (BENADE, 1976; BENADE & GANS, 1968) Furthermore, the
instrument should allow the player to deviate moderately from the equ-

ally tempered scale by different ways of blowing, as for the flute, cf.
Fig. 3.
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Let us again look at a brass instrument, the trumpet. The trumpet con-
sists of four different parts, the mouthpiece, the conical mouthpipe,
the cylindrical tubing and the flaring bell. The nonharmonic resonance
frequencies of a cylindrical tube are perturbed by means of the three
other parts into series of approximately harmonic positioned resonance
frequencies starting with the second. This clearly explains why it is
necessary to design all parts of an instrument together. A specific
mouthpiece which is excellent in one trumpet will not be equally good
in all trumpets. Theoretically, a brass instrument can be designed to
give harmonically spaced resonance frequencies.*) For such an instru-
ment cylindrical tubing may be added or subtracted without destroying
the properties of the instrument. 1In Fig. 8 the acoustical lengths of

a trumpet bell and a trumpet mouthpiece are sketched. A little calcu-
lation shows that it is indeed hard to line up all the resonance frequ-
encies of an ordinary trumpet over its total frequency range (a 50 % ad-
dition of acoustical length is needed between the first and second re-
sonance). However, in order to line up the second and higher resonances
in the continued harmonic series it is sufficient with a 33, 20, 16 %

etc. addition. This can be achieved with reasonable accuracy.

The given rules are straightforward but special design charts are needed
for the non-mathematical designer. The simple rule of thumb is that ad-
ding or subtracting a specific amount of tubing gives a proportional
change in the frequency of the tone played. However, this rule is not
very exact, because the end corrections of the mouthpiece and the bell
vary with frequency, cf. Fig. 8. Moreover, several resonances affect
the played tone frequency. The present lack of practical design rules

may become serious, as the pitch standard has a tendency to be raised.

*) The acoustical length (equal to a quarter wavelength cylindrical pipe)

should obey the relation
Lacoust (F,Fl) = (C/4Fl) + (C/4Fl)x(l-Fl/F)

where the first term represents a constant for given first resonance
frequency F, (not equal to the cylindrical tubing though), the se-
cond term t%e "end correction" depending on the frequency F, and the
velocity of sound C. The relation can be applied partly, for instance
beginning with the second resonance.
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This will cause players to look
for instruments which the maker
cannot design from his empirical

experience.

In testing the quality of an in-
strument it is necessary to mea-
sure its intonation. One way of
doing this is by means of a spe-
cial blowing machine, as suggest-
ed by WOGRAM (1972). But the same
thing can be obtained directly

A

method for automatic notation

from played music as well.

of played music has been develop-
ed. (SUNDBERG & TJERNLUND, 1971)
This method can be used to give
test records of instruments show-
ing the note played on a tonal
system together with its excur-
sion from the standard value

with a discrepancy line (cf.

9).

al test records can easily be

Fig. In such a way individu-

Fig.

supplied for each instrument test-
ed

ipment than we are using presently).

(with considerably simpler equ-

Timbre and string instruments
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8. Acoustical length as func-

tion of frequency for upper
diagram: a trumpet bell
(adapted from BENADE & JANS-
SON, 1974), lower diagram: a
trumpet mouthpiece (adapted
from BENADE, 1976).

The common musical tones are not single tones in the physical sense,

they are made up by chords, as stated above.

The strength of the diffe-

rent tones of the single musical tone-chord (the amplitude of the parti-

als) gives it a specific quality, which is usually referred to as timbre.

In the following we shall restrict timbre to denote this perceptual qua-

lity and we shall discuss it in connection with string instruments.
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Fig. 9. Automatic notation of played music with deviations in cents
given. From SUNDBERG & TJERNLUND (1971), Proceedings of the
VIIth International Congress on Acoustics.

The resonance boxes of the string instruments, such as the violin and
the guitar, act as amplifiers of the weak sound which is provided by the
strings. A small portion of this weak sound leaks to the resonance box,
which amplifies it and gives to it the musical quality which we hear.

In the violin the amplification may amount to 30 dB. (JANSSON, 1966)
This amplification is very frequency dependent and not at all similar

to the straight and even response we usually find in good electronic
amplifiers. Still, players usually want their instruments to have an
"even response". This would suggest that the even response of the elec-

tronic amplifier would be ideal even in a violin.

By comparison of physical analysis (the impulse response in 1/3-octave
filter bands) with tonal-quality judgements by an expert group YANKOVSKII
(1966) found that the best violins have a domeshaped response with a prin-
cipal maximum at 1250 Hz. Furthermore the best violins had harmonically
spaced peaks at 250, 500, 800 and 1250 Hz. Yankovskii also managed to
separate the physical responses corresponding to "classical mean", bright,
noble, nasal timbre etc. cf. Fig. 10. LOTTERMOSER (1968) used a spect-
rum analyzer approximating the loudness evaluation of the ear. His fin-
dings confirmed that the responses of excellent violins are far from

even.
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Soviet Physics-Acoustics.

Violin of piercing timbre (1), with treble (shrill)
(1966) ,

quality (2), and with a contra alto tone quality (3

line
YANKOVSKII
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An improved technique for analyzing the sound of musical instruments
has recently been developed in our laboratory. (JANSSON & SUNDBERG,
1975) The technique employs recording in a reverberation chamber, a
filterbank, and a computer. The reverberation chamber removes the
influence on the results of the microphone position. The filterbank

is set to approximate the loudness evaluation of the ear. The analysis
is made in three steps. First, three fulltone scales are recorded in
succession. Secondly, long-time-average-spectra, LTAS, are made of the
three scales and are stored in the computer memory. Finally, LTAS:es
of different violins are recalled from the memory for comparisons and
manipulations. Such LTAS:es show that different violins can be sepa-
rated in the analysis, Fig. 1ll1l. Does the ear also detect these diffe-
rences? The answer can be obtained by listening to sound example one:
first violin 1 and 2, cf. Fig. 11 a; then violin 1 and 3, cf. Fig. 11 b;
and third violin 1 and 4, cf. Fig. 11 c.

Careful analysis has proved that the instruments have the largest influ-
ence on the LTAS and the player the least, when the same scales are
played in the same way. But even quite different music, as in sound
example two, gives LTAS:es of fairly close resemblance, Fig. 12. This
means that an LTAS contains information about a specific instrument,
which may be sufficient for singling out specific instruments or quali-

ties, even under less rigid test conditions than are used as standard.

Violino Grande no 3
fulltone scale

— 30 dB

music piece

10 20 BARK

Fig. 12. Long-time-average-spectra of a scale and a music piece played
on Violino Grande.
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But in addition to the broadband uneveness, the response curves of vio-
lins have pronounced zigzag patterns within the broad analysis bands.
Investigations of the importance of the zigzag patterns are demonstrated
in the first paper in this book (see also MATHEWS & KOHUT, 1973). The
"string sound" was picked up from a violin without an acoustical reso-
nance box, was amplified through an electric resonance box and radiated
into the room by a loudspeaker. The electronic resonance box could be
adjusted to give the amplification curves in Fig. 13. 1In the experi-
ments it was found that the even amplification curve of Fig. 13 a gave
an instrument unresponsive to vibrato and modulations of bow pressure.
By introducing a zigzag amplification curve as in Fig. 13 b these short-
comings of the instrument were removed. By making a very pronounced
zigzag pattern as in Fig. 13 c and d the musical tones became hollow

and uneven.
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Fig. 13. Peak-to-valley curves for various Q's of electrically simu-
lated resonances at Stradivarius peaks. From MATHEWS & KOHUT
(1973), Journal of the Acoustical Society of America.
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The conclusion of the above presented information is that the quality

criteria for technical products such as amplifiers are not valid for mu-

sical instruments.

ments is not achieved by physically straight responses.

The even response that players find in good instru-

The resonance

box should give an amplification with some regions of high and some of

low amplification to give desired timbre qualities.

amplification curve should include a certain

Furthermore the

make instruments responsive to vibrato.

Let us now turn to the mate-
rial of the resonance box,
which is known to be of great
importance. The properties
of wood can be summarized in
two pairs of measures: these
pairs concern the properties
along, and the properties in
parallel to the wood fibres,
respectively. One measure
of the pair specifies the
elastic properties of the
material in terms of the ra-
tio between stiffness and
weight (/@) /2
the modulus of elasticity and
€ the density.

shown that the simplest way

, where E is

It can be

of compensating for varia-
tions in the elastic proper-
ties is to tune the first
resonance to a specific fre-
quency. If this is done,

the differences in the elas-
tic properties affect the
sound radiation as sketched
14.

The amplification is simply

in the upper part of Fig.

lowered or increased as much

Fig.
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14. Effect on the response curve of
a change in the elastic proper-
ties CR after tuning to maintain
the frequency of the first reso-
nance (upper diagram) and a
change in the Q-factor (the in-
ternal losses of the material).
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as the elasticity measure CR is lower or higher than the reference va-
lue. (SCHELLING, 1963; JANSSON, 1975) The second measure of the mate-
rial reflects the internal friction. Variations in the internal fric-
tion influence the radiation properties as sketched in the lower part
of Fig. 14. They influence mainly the peaks and the dips - low fric-
tion (a high Q-factor) results in high peaks and low dips, high fric-

tion (a low Q-factor) results in low peaks and shallow dips.

Let me continue by demonstrating the influence on the function of the
design, or the shape. The resonance box of the violin consists of a
top plate, a back plate and the ribs. Two sound holes are cut in the
top plate, the f-holes. The top plate is strengthened by the bass bar
and is furthermore supported by the sound post against the back plate.

The acoustical function of the sound post has been much disputed.

By means of an optical technique developed at the Institute of Optical
Research at KTH, small vibrations can be made visible and can be photo-
graphed giving interferograms as in Fig. 15. (JANSSON & al., 1970;
JANSSON, 1973a) Let me explain how to interpret the interferogram. The
black lines (fringes) on the violin top plate show the pattern of vibra-
tion when "photographed". The pattern can be visualized as a typograp-
hical map with the black lines connecting points of equal altitude. The
black lines of the interferogram show, however, not altitude but magni-
tude of vibration. The black lines correspond approx. to a vibration of
one ten thousandth of a mm, twice as much, three times as much etc. for

the first line, the second, the third etc. respectively.

Fig. 15 is a "photograph" of the vibration pattern of the first top
plate resonance. 1In the figure we can first see two vibratory "moun-
tains"” (antinodal areas) one wide and high to the left side and a lower
and narrower one to the right side. There are no vibrations at the ribs.
The large left "mountain" gives mainly the sound we hear from the first
resonance. Secondly most black lines start and end at the f-holes, and
the vibration amplitude is maximum at the f-holes. This means that the
f-holes are effectively cutting the vibrating plate free from the ribs
and thus make the plate vibrate more easily. Thirdly at the position
of the sound post the plate vibrations are zero (a node). This means

that the sound post acts as a fulcrum for a rocking-lever, (the top
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Fig. 15. Interferogram of a violin showing the vibrations of the first
top plate resonance. (Jansson, Molin and Sundin unpublished
measurements 1970)



Fig. 16. Interferograms at resonance of a violin top plate with f-holes,
bass bar, but no sound post at a) 465 Hz, b) 600 Hz, c) 820 Hz,
d) 910 Hz and e) 1090 Hz. From JANSSON & al. (1970), Physica

Scripta.
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plate with bridge) which is rocking along an axis (the nodal line) on

top of the sound post.

;But there are several additional resonances in the violin, also in the
top plate. Such vibration patterns are displayed in Fig. 16. Note

that the number of vibration "mountains" increases with increasing fre-
quency. Note furthermore that the waist of the violin has a clear ten-
dency to divide the vibrations into two areas, one upper and one lower
area. A rough estimation indicates that we can expect approx. one re-
sonance per 200 Hz in each plate. This agrees quite well for the fre-

quencies given in Fig. 16.

Let me show another example of the resonance-vibration patterns of a
similar instrument, the guitar. Generally we recognize the same pat-
terns in Fig. 17 as in Fig. 16, although the guitar plate and the violin
vplate are quite differently constructed. The similarity derives in large
part from the fact that the edge shape and the edge vibration conditions
are similar, thus demonstrating their importance. The vibrations of a
guitar top is furthermore influenced by the bracing glued to the inner
side of the plate (MEYER, 1974a and b). The plate has also an external
bracing, the bridge. A little analysis of the interferograms shows that
the plate is rather unwilling to bend perpendicularly to the bridge, i.e.
the bridge gives a considerable stiffening effect - see especially Fig.
17 d with the middle "mountain" considerably lower than the two side
ones. A rough estimate indicates that we should expext approx. three
resonances per 200 Hz, which is in reasonable agreement with the reso-

nance frequencies given in Fig. 17.

The air volumes of the violin and the guitar give two more examples of
the importance of the shape. Vibration patterns somewhat similar to
those of the plates can be found in the air cavity in spite of the sound
holes (in the plates) of the instruments in Fig. 18. (JANSSON, 1976) 1In
the violin as in the plates the waist makes the cavity act as two parts
in certain cases, see especially Fig. 18:2 and 3. The resonance Al
exists in all violins depending on the position of the f-holes, as no

or little sound radiates through the f-holes. Experiments indicate that

interaction exists between plate and air volume resonances. (JANSSON &
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Fig. 17. Time-average interferograms (made by N.-E. Molin and K. Stetson)
of a guitar top plate (G. Bolin, Stockholm) at resonance. Driv-

ing points (A), a) 185 Hz, b) 287 Hz, c) 460 Hz, &) 508 Hz, and
e) 645 Hz. From JANSSON (1971), Acustica.

SUNDIN, 1974) The vibration patterns for an air cavity shaped as a gui-
tar are shown in Fig. 19 cf. MEYER (1974b). The patterns are approxima-
tely the same as for the violin cavity. The waist of the guitar cavity,
being less marked, seems to result in a less clear division into two hal-
ves. From Fig. 19:1 it can be seen that the resonance 1. radiafes sound
because of the position of the sound hole. The total number of resonan-
ces in the air volumes is considerable: 25 and 200 below 4 kHz for the
violin and the guitar respectively.
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Fig. 18. Vibration patterns of the seven lowest resonances of a violin-
shaped flat cavity at 460 Hz(l), 1040 Hz(2), 1130 Hz(3), 1300
Hz (4), 1590 Hz(5), 1800 Hz(6) and 1920 Hz (7). From JANSSON
(1972), Report of the 1llth Congress of International Musicolo-
gical Society.

What do the resonance modes tell us then? First, they tell how willing
the resonance box is to pick up the string vibrations. If the string of
the guitar in Fig. 20 is plucked perpendicular to (up from) the top plate,
the top plate obtains an initial deformation of one single vibratory
"mountain" as seen in the upper curve. The top plate will thereafter
vibrate in and out with the same deformation shape but with steadily
decreasing magnitude. If the string is plucked in parallel with the

top plate, the top plate obtains an initial deformation of a "mountain"
and a trough as in the lower curve, and will thereafter vibrate in and
out in the same shape but with decreasing magnitude. A comparison with
Fig. 17 shows that the first and second deformations above correspond
mainly to vibration modes 1 and 2, respectively. From this one can rea-
lize that the direction of plucking affects at least specific notes to

a considerable extent.
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Fig. 19. Vibration patterns of the five lowest resonances of a guitar
shaped cavity at 370 Hz(l), 540 Hz(2), 760 Hz(3), 980 Hz(4)
and 1000 Hz(5). From JANSSON (1976), Acustica.

Secondly, the first top plate mode mentioned above constitutes a major
resonance of the violin (JANSSON, 1973b). The vibration pattern tells

a maker where to thin the plate in order to alter its resonance frequen-
cy (AGREN & STETSON, 1972). The practical importance of the correct
tuning of this resonance has been proved by Carleen HUTCHINS (1962;
1967). Hutchins tunes her violin plates to desired resonance frequencies
and tests them by means of electroacoustical equipment. (HUTCHINS &
FIELDING, 1968) By doing so and by using design rules she can make good
instruments routinely. The importance of the tuning of the first top

plate mode has been further demonstrated by the construction of a new
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Fig. 20. Recorded and fitted deformations Az of a guitar top plate
along the brigde line (30 approx. equal to .ol mm) with dif-

ferently applied forces: measured deformations —— and appro-
ximated o for a force Fz = 0,49 N and measured deformations ——
and approximated A for & force FX = 0,98 N. (JANSSON,1973b)

family of violins. By scaling and designing the new instruments in such
a way that the lowest air-mode, i.e. the Helmholtz-mode, and the first
top plate mode both fall close in frequency to the middle open strings,
a successful family of new instruments has been achieved. (HUTCHINS,
1967) The family consists of an ordinary violin, two smaller and higher
tuned violins, and five larger and lower tuned ones down to a big bass
violin. This proves that the position of the lowest resonances,i.e. the

low frequency response, is very important.

Thirdly, the efficiency of sound radiation and hence the "amplifying"

and the spectrum shaping of the resonance box can be calculated from the
resonance modes. This, however, is a very complex procedure if we apply
the general way to calculate the sound radiation from a vibrating source
which is shaped as in these instruments. The resonances show up as con-
stant frequency peaks in the sound radiation properties. (JANSSON, 1971)
The top plate is likely to be the dominating sound emitter, but the con-
tribution of the back plate and the ribs may be considerable. (CREMER

& LEHRINGER, 1973) The optimum number of peaks in the amplification

curve according to MATHEWS & KOHUT (1973) agrees well with the total esti-

mated number of resonances of the top plate.

As indicated above, the musical timbre is less well understood than the

pitch. ©Still some general rules can be given to the instrumentmaker.
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Investigations of the acoustics of string instruments have shown that
good instruments should have a reasonably even low frequency response,
should give a shaping of the 'musical-tone-chord" making some tones
strong and others weak and should also have an amplification curve of
a certain peakiness. Both material and shape are important to the

function of the instrument.

For a good low frequency response a careful positioning of the lowest

resonances is necessary. The frequencies of the lowest air volume
resonance and the first wall resonance should be tuned to a specific
relation adapted to the tuning of the instrument. A light and stiff

wood is favourable as more sound can be obtained at the frequency of

the first wall resonance. Small internal friction makes this resonance
pronounced. The shape, size and thickness, influence as follows: Larger
air volumes give lower air volume resonance frequencies. Thinner and
larger plates give lower resonance frequencies. A less rigid joining

of the plates to the sides gives lower resonance frequencies (as much

as a factor two for a bar).

It can be shown that the best way to copy the acoustical parameters of
an instrument is to scale the thickness of the new plates so that the
frequency of the lowest resonance is maintained. By doing so, differen-
ces in the elastic properties of the wood are automatically compensated
for and a copy of the complete response curve is obtained with only a
level shift, cf. Fig. 14.

Good instruments should have certain regions of large response and others

of weak to give the desired timbre. These regions are so broad that they
contain several resonances. This indicates that the shape and the joining
of the different parts determine these peaks. One possible way to obtain
such peaks is by shaping the instrument so that resonances in certain
regions are more effectively excited by the bridge vibrations. A second
possibility is to make the resonances of certain frequency regions more
effective as sound radiators. A third possibility is to chose a favour-
able bridge design, as the bridge affects the string sound transmitted

to the resonance box.
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Apart from these broad regions of large and weak amplification of thereso-
nance box, the amplification curve of a responsive instrument should ex-

hibit a moderate but still pronounced peakiness. This peakiness is like-

ly to be most affected by the wood material and probably it is directly
correlated to the number of resonances in the instrument. A small inter-

nal friction increases the magnitude of the peakiness.

The parameters regarding timbre presented above can fairly easily be
measured with the acoustic measurement tools of today. The tools may
also be simplified and further developed to fit the test procedures pre-
sented above. A common difficulty in acoustical measurements is that

the room influences the results considerably, if not specially designed
rooms are used. This difficulty can be reduced by employing a fixed
test set up, which also is convenient for measurements on a larger scale.
It should be pointed out, though, that the problems related to timbre
qualities are not definitely solved. Parameters not mentioned above

may turn out to be of critical importance.

Outlook

This paper has tried to demonstrate the usefulness of research in the
acoustics of music. Most of the material presented is new, and in some
cases this has led to difficulties in predicting its practical impor-
tance. Still, some general conclusions have been drawn about what pro-
perties musical instruments should possess, what parameters can be wor-
ked with, and how good instruments can be designed. Some of the mate-
rial presented is already in use, see e.g. HUTCHINS & FIELDING (1968) and
DEKAN (1974).

Another aim of the present paper was to form an introduction and to give
a status report in some areas of the acoustics of music. It is then lo-
gical to end the paper by pointing out possibilities to further studies
in this field. A more thorough but still popular introduction to the
acoustics of musical instruments the reader will find in a couple of
articles published in the SCIENTIFIC AMERICAN (BENADE, 1960; BENADE,
1973;>HUTCHINS, 1962; SCHELLENG, 1975). 1In"The Acoustical Foundations
~of Music" BACKUS (1969) offers an introduction to the complete field.

In "Introduction to the Physics and Psychophysics of Music" ROEDERER
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(1973) reviews our knowledge of hearing and combines it with music. A
collection of major papers in acoustics is being edited in the series

"Benchmark Papers in Acoustics". The volumes "Musical Acoustics: The

Violin Family" and "Musical Acoustics: The Piano and Wind Instruments"”

provide easy access to important articles in the development of our pre-

sent knowledge. "Acoustical Aspects of Woodwind Instruments" by

NEDERVEEN (1969) is an excellent work containing calculation procedures
for intonation. Today the most recent contribution is BENADE's "Funda-

mentals of Musical Acoustics" (1976) which gives a complete overview of

the filed of acoustics of music.
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PART I: ACOUSTICAL CRITERIA AND ACOUSTICAL QUALITIES OF CONCERT HALLS

by
Vilhelm Lassen Jordan, Roskilde, Denmark

PART I: DEVELOPMENT OF ACOUSTICAL CRITERIA

Introduction

One of the few early physical criteria applied to assess the quality of

a concert hall was reverberation time, defined by the slope of the sta-

tistical reverberation process as the time interval corresponding to a
level difference of 60 dB.

The last 10-20 years have seen a development of criteria more concerned
with the short time interval succeeding the emittance of a very short

sound pulse. This first interval is associated with the "direct sound"
from the source and the "early (distinct) reflections" from the bounda-
ries of the hall, followed by the rapid transition of a growing number

of reflections into the statistical process of reverberation.

It has grown increasingly evident, that the acoustical properties of

any big hall is more intimately connected with the early transient
rather than with the later statistical process and that quantitative
criteria, if applicable to subjective assessments, must also be associ-
ated with this early transient process. Many research workers making
individual approaches to this problem have independently developed seve-
ral different criteria more or less interrelated with each other. With-

out being exhaustive, we shall expose a number of these criteria.

A "family" of criteria

In principle, from this "family", the individual members could all be
deduced by applying the impulse method (even if some of them were pro-
posed prior to the introduction of this method). (cf. SCHROEDER, 1965)
The first criterion was "Deutlichkeit", D, as defined by Thiele (1953):

° 2 ® 5
D = pdt/[ p“dt
0 0
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The basic idea was that the useful sound energy is the one arriving in
the first 50 milliseconds. This, of course, is closely associated with
the concept of articulation for speech and only vaguely with musical

sounds.

Another early criterion associated more directly with the quality of
musical sounds was "rise time", defined as the time interval within
which half the sound energy (of the complete process) arrives. This
definition is associated with the idea that the rise period of musical
sounds must not be too long and that the arrival of 50 % of the energy
indicates the rapidity of the room response. (JORDAN, 1959)

The energy (related) measures were further developed by BERANEK &
SCHULTZ (1965) and independently also by REICHARDT & SCHMIDT (1966) :

Reverberant energy level/early energy level =

S 50
= 10 log p2dt//df pzdt (Beranek, Schultz)
50 0
"Hallabstand" = Direct energy level/reverberant energy level
(Reichardt)

The early decay measures, likewise introduced in relation to musical

quality, are:

initial reverberation time (interval 0-15 dB or 160 msec), introduced
by SCHROEDER & al. (1965),

early decay time (EDT, interval 0-10 dB), introduced by JORDAN (1968).

Criteria related to direction or shape

The preceeding section discusses exclusively criteria which do not dis-
tinguish between directions of early reflections. It has, however, for
quite a few years been known that lateral reflections create more impres-
sion of "reverberance" than non-lateral reflections. If you apply this
experience to an energy measure like reverberant/early energy (or to the
reciprocal measure) you may as SCHROEDER & al. did (1966) define a
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directional distribution factor as:

early/reverberant energy (lateral)/early/reverberant energy (non-late-
ral). Other criteria are more concerened with the subjective perception
of "spatial responsiveness" (MARSHALL, 1967-68) or "apparent source
width" (KEET, 1968). The latter is correlated with an objective cri-
terion, namely: fraction of incoherent lateral energy within 50 msec.

This has been proven by Keet.

Still another proposal to involve the room shape (and at the same time
the hearing conditions of the orchestra members) has been suggested by
JORDAN (1968). The definition of inversion index assumes that the same
criterion (EDT or rise time) has been measured and averaged over a cer-
tain number of positions on the stage and in the audience area (of a
concert hall). The inversion index, I.I., then, is defined as:

I.I. = EDT average, auditorium/EDT average, stage, or

I.I.

Il

rise time average, auditorium/rise time average, stage.
The numerical value of I.I. is judged preferable when it is larger than
or equal to 1.0, based on the assumption that conditions in the stage

area should reach stationary values earlier than in the audience area.

Correlation between subjective impressions and objective criteria

The above mentioned criteria are only examples showing an increasing
number and complexity of these criteria. The question of correlation
between the objective measures and subjective impressions of acoustical
quality therefore becomes more and more urgent. This question has been

pursued now for more than a decade and with growing intensity.

By applying synthetic sound fields simulating the "direct sound" and the
"first reflections", using loudspeaker signals in an anechoic room, it has
been possible to establish certain basic relations.REICHARDT & SCHMIDT (1966)
e.g. used 2 speakers in a frontal position with undelayed sound and 4
speakers in a circle with delayed, reverberant sound, to establish a
correlation between "Rdumlichkeit" and level difference between direct

and reverberant sound (Fig. 1). Having established this, they went

further and added "side reflections" or "above reflections" with diffe-

rent delays. One of the recent comprehensive results of these studies
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is given as a table indicating the effect of single reflections (de-
pending on delay and orientation), increasing either "reverberance" or
"direct sound" (REICHARDT & al. 1975):

Principal Effect of Single Reflections

Group t,time delay (msec.) angle to direct sound increase of
I t <25 any dir.sound
IT 255t =80 <40° dir.sound
I1I 255t 580 >40° reverberance
v t > 80 any reverberance

Contrary to earlier results this grouping does not distinguish between
lateral and non-lateral reflections and this may prove to be an oversim-
plification. It may well be that the important group III needs further
analysis. That lateral reflections in this group contributes more to

"reverberance" than non-lateral cannot be disputed.

One of the results of this research was also the proposal of yet another
objective criterion (related to the subjective impression of "Durchsich-

tigkeit") namely clarity, C:

80 D
c =10 logf pzdt/ pldt (aB)
0 80

relating the energy arriving in the first 80 msec. to the energy arriving
later. Musical samples have indicated that the value of C = 0 is adequ-
ate for certain Mozart motifs whereas other styles require lower values
of C.

Incidentally, the value of C = 0 obviously corresponds to a "rise time"
of 80 msec. since the arrival of 50 % of the energy corresponds to a
level (of the total energy of -3 dB).

Other approaches to the problem of correlation between subjective impres-
sions and objective criteria have been made in recent years in several
institutes. Two prominent examples must be mentioned, one from G&ttingen
and one from West Berlin.. (SCHROEDER & al., 1974; GOTTLOB, 1973; PLENGE

& al., 1975)
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Both research groups have applied a new method of registration (of musi-
cal programmes) over artificial heads, to get signals corresponding clo-
sely to the actual signals at the ears of a listener. When replaying

the G6ttingen group applies two speakers in an anechoic room (with com-
pensation filters to eliminate "false" signals) whereas the Berlin

group use headphones. The Gottingen group applies "dry music" radiated
over loudspeakers (in a number of concert halls) and the Berlin group
followed the Berlin Philharmonic Orchestra on a tour to 6 different West-
German concert halls. The integrated pulse method was used in all cases

to provide any of the objective criteria (of the "family" group).

When trying to correlate subjective impressions with objective criteria
the G5ttingen group relied almost exclusively on pair comparisons where-
as the Berlin group worked with a binary scale of (16) different subjec-

tive judgements.

The Berlin group claims that differences in assessments of interpreta-
tion (of the same musical programmes) are small compared to differences

in assessments of acoustical gqualities.

Preliminary conclusions of the two research tasks seem to indicate that
the number of acoustical qualities which may be distinguished and corre-
lated with objective criteria are 3 or 4. Taking into consideration the
work of both groups and also the work of Reichardt and his coworkers, it
is possible, on a preliminary basis, to establish a list of qualities

and related criteria:

Quality Criteria
Volume of the sound Loudness level
Reverberance EDT

Reverberant/early energy,
Point of gravity time
"Durchsichtigkeit" Clarity,

"Rise Time"

Tonal Quality Frequency dependence of EDT

or other criteria
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(6) West-German concert halls.
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Analysis of I.I. and EDT from some published results

None of the qualities include a comprehensive evaluation of the listening
properties of the stage compared with the listening properties in the
audience area. It has already been indicated that this could be linked
with the concept of inversion index as calculated from measurements of

the same criterion in both areas.

Although all measurements (published by the two research groups men-
tioned above) only include measurements in the audience area, it is pos-
sible to deduct some values of inversion index from the results of the
Berlin group. They used (5) different locations (as indicated in prin-
ciple in Fig. 2) and as a first approximation we may use location 1 as
"stage location".

With reservation for the limited number of locations and individual va-
lues we can then calculate I.I. applying either EDT or "rise time" (de-
noted as TR). The values have been normalized to "expectation values"

(values expected by completely statistical processes).

The variations of a criterion like EDT over the audience area of a con-
cert hall is also used as an indication of homogenity for that particu-
lar hall. These variations as expressed by

100-AEDT, max/EDT, average (

o
~

have likewise been calculated from the Berlin results.

Fig. 3 shows the outcome of these calculations for the (6) different con-
cert halls. It is remarkable that I.I. calculated from TR (Rise Time)
values show larger variations than those calculated from EDT values. It
is also remarkable that the values of I.I. (especially calculated from
TR values) indicate the strong influence of the gross shape on this cri-
terion. Arenashape or round shape show smaller values than rectangular
shape.

Fig. 4 shows a single instance of the subjective appraisals of the six
halls by a group of individuals. There is a clear tendency for some of
the halls to divide the groups (according to differences of taste?). On
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Musikhalle I

Philharmonie Berlin Homburg Stodthalle Honnover
I. I. (EDT) 0.93 0.96 0.90
I. I. (TR) 0.57 1,41 0.95
EDT, variation % 17.8 8.6 14.0

—~ %

e o

. ay .
Stodtholle Braunschweig Rheinhalle Disseldor! Wanﬂoﬂd
1. I. (EDT) 1.13 0.83 1.03
I. I. (TR) 1.11 0.73 1.31
EDT, variation % 21.0 27.0 11.0

Roum: Form: Plétze:| Volumen: Tso0-
[Berliner Philharmonie Arena 2200 | m25000m7 | 20s
Musikhalle Hamburg Rechteck | 1980 | ~11600m3 | 22 s
Stadthalle Hannover Rundbau | 3660 | ~36000m°’ | 20 s
Stadthalle Braunschweig | Sechseck | 2166 | ~19000m’ | 1,9 s
Rheinhalle Diisseldorf Rundbou | 1842 | ~33000m® | 25 s
Stadthalle Wuppertal Rechteck | 1614 ~25000m° | 27 s

Fig. 3. Calculated values of I.I. (from measured values of EDT and TR)
and EDT variation in the (6) concert halls.
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the other hand there is also at least one example of a hall where all in-
dividuals agree on the good quality. This is a rectangular hall with

high inversion index and low variation of EDT.

Recent research on correlation of gquality and eriterion

Quite recently the G6ttingen Institute has published some new results
which, although they are preliminary, contribute essentially to the
understanding of the relative importance of the different objective
criteria. (EYSHOLT & al., 1975; GOTTLOB & al., 1975)

By questioning a group of individuals about the relative "reverberance"
("Halligkeit") of a number of samples it was possible to establish a
function showing the correlation coefficient of objective criteria with

the subjective reverberance.

This function showed that criteria relating to the time interval between
60 and 160 msec. have the maximum of correlation with "reverberance"
(close to a correlation coefficient of 0.90). This becomes even more

critical if we limit the RT to values between 1.7 and 2.3 sec.

In another context the question was asked whether it is possible (at all)
to distinguish between "Rdumlichkeit" and "Halligkeit". The answer at
least preliminary is no. There is a correlation coefficient of 0.76

between subjective assessments of the two (assumed) qualities.

Also interesting is an investigation of the criteria which correlates
best with a consensus scale. The energy of the reverberant field corre-
lates much better than RT, but even better is the correlation if you in-

clude the early energy of the lateral reflections. The correlation co-

efficient then becomes 0.80. This result, although preliminary, might
be compared with the previous mentioned grouping of reflections in which

no distinction between lateral and non-lateral reflections was made.

Without concluding too definitely it appears as if "clarity" may apply
to non-directional concepts, but that "reverberance" must include early
lateral energy and therefore call for measuring methods including direc-

tional criteria.
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Fig. 8. Concert Studio of "Radiohuset", Copenhagen, values of rise time

when reflectors are present. From JORDAN (1959), Proceedings
of the Third International Congress of Acoustics.
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Fig. 9. Concert Hall of Tivoli, Copenhagen, view towards the stage.
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PART II: EXPERIENCES FROM VARIOUS HALLS INAUGURATED IN THE POSTWAR
PERIOD

Introduction

Originally, the classical concert halls were not tested acoustically,

since objective criteria and measuring methods belong to this century.
Any important new hall inaugurated in the postwar period, however, has
been tested acoustically either before or after inauguration, or both.
With one exception, the selection of halls is taken from the authors

own personal sphere of experience. The exception is Philharmonic Hall
in New York (recently renamed Avery Fisher Hall) which is included on
account of its specific problems and the extensive, published reports

of the investigations.

The year of inauguration of each hall is stated in parenthesis.

The methods of testing have been developed parallel to the applied
objective criteria and, as part I has shown, this development has not

been finalized yet.

Concert Studio of "Radiohuset", Copenhagen (1945)

This studio is a good example of a hall where the acoustical problems

did not show up at the inauguration but revealed themselves gradually.

Today, it may seem almost evident, when looking on a view towards the
stage (Fig. 5) or on a longitudinal section (Fig. 6), that the very open
and fan shaped stage (Fig. 7) could create special problems for the or-
chestra (and the conductor).

Fig. 5 also showshow these problems were tackled: by introducing reflec-
tors suspended at a certain height over the podium. The subjective
effect for the orchestra members was beyond discussion and to check this
effect objectively the criterion "rise time" was introduced and measured
for the first time, (JORDAN, 1959; see also Fig. 7 and 8, and Table 1)
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The introduction of the reflectors has especially improved conditions
on the stage but has not solved all problems in this auditorium (e.g.
a certain lack of reverberance).

Table 1

Values of rise time of the "Radiohuset" Concert Studio, Copenhagen

Source location Microphone location no reflectors reflectors above
stage

(on platform) rise time (msec) rise time (msec)

left platform right 70 48
center platform rear 105 55
right audience area 60 70
(6 'row)
right audience area 50 60
(balcony-first
row)

Concert Hall of Tivoli, Copenhagen (1956)

This hall was designed precisely in the period where the problems of the
Concert Studio of "Radiohuset" were investigated. The design of the
stage in the Tivolihall was thus influenced by the experiences with the

Concert Studio.

Fig. 9 gives an impression of the stage which to both sides and above is
carefully framed to provide early reflections for the benefit of the
orchestra. Measurements of rise time were conducted by the same method
as in the Concert Studio and the results showed considerably lower values

of rise time in the stage area so that inversion was avoided.

Avery Fischer Hall (earlier called Philharmonic Hall) New York (1962)

It is well known that this hall right from the beginning was exposed to
unfavorable comments, expecially that it was deficient in reverberance
at medium and high frequencies (although reverberation time had been
measured to around 2 sec). The specific arrangement of suspended

"clouds", not only above the stage area but extending over two thirds
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of the length of the hall (Fig. 10), had the purpose of creating early
reflections. These reflections (only occurring at medium and high fre-
quencies) from above did not increase the impression of reverberance

but rather increased the impression of direct sound.

This phenomeronwas disclosed by several measurements in the hall under-
taken partly by BBN (SCHULTZ, 1965) and partly by Bell-lab. (SCHROEDER

& al. (1966) One of the criteria applied was the ratio of early to
reverberant sound (or the reciprocal value). The values of this crite-
rionare shown in Fig.'ll and 12. When the reflectors were moved up to

a position just below the ceiling, conditions were improved (Fig. 12).
This became even more evident by the measurements of directional distri-
bution actor (ratio of early/reverb. energy for lateral and non-lateral

directions (Fig. 13).
The Avery Fischer Hall has went through guite a number of changes and
has not been accepted as satisfactory yet. A total reconstruction of

the interior has been announced to take place.

University Hall, Reykjavik (1965)

The design of this hall was influenced by the dual purpose (concert/

cinema) which necessitated means of varying reverberation time (by mov-
able panels on the sawtoothed sidewalls). Fig. 14 and 15 show plan and
longitudinal section. The stage has overhead reflector panels but ori-

ginally it was only partly closed at the sides and at the rear.

An investigation, using the integrated pulse method and measuring both
EDT and RT values, especially on the stage, made it possible to compare
these values for different octave bands. The tendency towards EDT
values being lower than RT values was neutralized when more efficient
screening of the stage (at the sides and towards the rear) was under-
taken (Fig. 16).

The New Metropolitan Opera, New York (1966)

A new development in the design of concert halls and opera houses be-
comes apparent in the sixties. It is no longer considered satisfactory

to rely on precalculations of reverberation time (from drawings and
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EARLY/REVERBERANT ENERGY (d8)
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Faztio of early to reverberant sound energy for the New York
Philharmonic Hall before ( - - - - ) and after ( —— ) raising
the reflectors to a position just below the ceiling. From
SCHROEDER & al. (1966), Journal of the Acoustical Society of
America.
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Directional distribution factor for the New York Philharmonic
Hall before ( - - - ) and after ( —— ) raising the reflectors
to a position just below the ceiling. From SCHROEDER & al.
(1966) , Journal of the Acoustical Society of America.
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Fig. 14. University Hall, Reykjavik, plan. From JORDAN (1970) , Journal
of the Acoustical Society of America.
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Fig. 15. Longitudinal section of the Reykjavik University Hall. From
JORDAN (1970), Journal of the Acoustical Society of America.
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Fig. 16. EDT and RT values as functions of frequency with (solid line)
and without (dashed line) enclosed stage for the Reykjavik
University Hall. From JORDAN (1970), Journal of the Acousti-
cal Society of America.

Fig. 17. 01d Metropolitan Opera, New York, view towards the stage. From
BERANEK (1962), John Wiley & Sons.
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knowledge of applied materials, possibly supplemented by design of

sound rays in sections of the hall). It is considered useful to inves-
tigate the general and detailed shape of the hall by constructing physi-
cal models in rather large scale (between 1:8 and 1:20), and to test
these models preferably by the integrated pulse method.

In a number of cases the author has applied models in 1:10 scale and
has specifically been interested in measuring EDT values for several
positions in a hall. Apart from calculating inversion index from such
measurements it is possible to compare EDT values with RT values and to
evaluate the results, on the assumption that EDT values should not be
shorter than RT values and also should not vary too much with frequency
or location. One of the projects, where this method was applied exten-
sively, was the new Metropolitan Opera of New York. (JORDAN, 1970)

In the early design period it was decided to shape the proscenium as a
specific transition zone (from stage to auditorium) by applying large
vertical splays (joined by a horizontal member) to both sides of the
proscenium. This zone was thought to create many early reflections,
especially lateral reflections, which would be valuable to the acoustics

(both for the singers and for.the orchestra).

This framing of the proscenium is actually an old traditional design
(examples: San Carlos in Naples and Teatro Colon in Buenos Ayres). It
is also applied in the Paris Opera but not in the old Metropolitan Opera
of New York (Fig. 17). A photo of the New Metropolitan Opera is shown
in Fig. 18 and a line drawing in Fig. 19. By the testing in the model
it was found that EDT values in several locations and at different fre-
quencies were very close to RT values. By a test (with audience) in the
finished theater it was checked that this correspondence between EDT and
RT values also existed in reality. Fig. 20 shows the (octave) values of
EDT and RT in the finished hall.

A comparison of the RT vs. frequency characteristic of the 0ld and the
New Metropolitan Opera shows a marked difference between the values,
especially at high frequencies. No doubt, the new hall has a more ba-

lanced frequency characteristic (Fig. 21).
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Fig. 18. New Metropolitan Opera, New York, view towards the stage.
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Fig. 19. Plan and longitudinal section of the New Metropolitan Opera,
New York. From JORDAN (1970), Journal of the Acoustical Soci-
ety of America.
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RT (solid line) and EDT (dashed line) values as functions of
frequency for the New Metropolitan Opera, New York. From
JORDAN (1970), Journal of the Acoustical Society of America.
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Fig. 21. Comparison of RT values as functions of frequency for the 0ld
(dashed line) and the New (solid line) Metropolitan Opera in
New York. From JORDAN (1970), Journal of the Acoustical Soci-

ety of America.
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Fig. 22. National Theater, Nicaragua, plan.
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Fig. 23. Longitudinal section of the National Theater, Nicaragua.
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Fig. 24. EDT and RT values as functions of frequency of the National
Theater, Nicaragua.
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National Theater, Nicaragua (1969)

This theater, Fig. 22, 23, is mentioned as an example of a combination
of a proscenium theater with a concert hall. The shape of the main
auditorium ‘is rectangular supplemented with an "orchestra shell" app-
lied at concerts. The ceiling is designed specifically to provide early,
reverberant energy by a sound transparent metal ceiling and an empty
space above, partly subdivided by a system of vertical, suspended sound

reflecting panels.

Measurements of EDT show, in a wide frequency range, values somewhat
above RT values (Fig. 24). In different locations, throughout the audi-
torium, measured EDT values showed a maximum variation of only 12 % and
also measurements of peak values of a short pulse (pistol shot) showed
very small variations (only 4 %), when measured with a sound level meter

(peak reading, Table 2).

Table 2

National Theater, Nicaragua

Values of EDT (sec) and impulse response (dB)

Location EDT (sec) Impulse response (dB)
Iv § - IITI S 1.79 104

I s-1IT S 2.04 103.2
VI S -V S 2.02 105.7
VI S - VII S 2.01 104.5
VI S - I S 2.11 112.7
Average on stage 2.00

I s-1I A 2.14 103.8
I S-1II A 1.90 103.8
I S - IIT A 1.88 101.5
I S-1IV A 2.06 103.2
I S-VI A 2.02 105.2
I S - VIIA 2.00 103.4
I S - VIIIA 2.04 103.4
I S -1IX A 2.11 103.7
Average in auditorium 2.02

Values of EDT are measured for 2 kHz octave band.



Fig. 25. Distant view of the Sydney Opera House.

Fig. 26. Close view of the shells of the Sydney Opera House.
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Longitudinal section of the Concert Hall in the Sydney Opera
House. 1l: Car concourse, 2: staircase to foyer, 3: fover,
box office, cloak rooms, 4: Concert Hall foyer, 4a: promenade
lounge, 5: organ loft, 6: Concert Hall, 7: rehearsal room,

8: drama theater, 9: drama theater stage, 10: rehearsal and
recording hall, 11l: cinema and exhibition hall foyer.

Plan of the Concert Hall in the Sydney Opera House.
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The Sydney Opera House (1973)

If you take a look at the exterior of this building complex whether from
a distance (Fig. 25) or at a close position (Fig. 26) it is difficult to
imagine that the outer shapes in anyway should have any intimate rela-
tionship to the interior shaping of the auditoria and to their acousti-

cal functions.

Actually the original conceptions of the architect were based on sculp-
tural and estethic phantasies, no doubt of superior quality but creating
a number of practical problems which, however all were solved, ultimate-
ly. All the interiors had to be completely redesigned according to a
revised programme for the applications of the Opera House. The largest
hall (under the larger shell system) was redesigned to fill the needs

of Sydney for a large concert hall, (Fig. 27, 28), whereas the next lar-
gest hall (under the smaller shells) was reshaped to be an Opera Theater.
The complex also contains an Orchestra Studio, a Drama Theatre and a
Chamber Music Room, but only the largest halls will be further described
here. (JORDAN, 1973)

One of the problems of the Concert Hall was due to the fact that cross
sections out of necessity become narrow with increasing height (due to
the outer shells). Originally, the ceiling shape (in longitudinal sec-
tions), was thought of as consisting of large convex spans. The side-
walls were divided into steps so that in cross section both side walls
and ceiling participated in these steps (Fig. 29). 1In planning the out-
lay of the seating it was decided to bring the stage somewhat forward
and to have one part of the audience sitting behind the orchestra (Fig.
28), thereby reducing the average distance from the orchestra to the

seats.

This design was built as a scale model in 1:10 and was tested acousti-

cally by the pulse method (measurements of RT and EDLT).

The results of the model test were not entirely satisfactory especially
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the values of EDT in the stalls were too low. It was decided to change
the design, retaining the outlay in plan, but reshaping the side walls

by placing the side boxes so that the side walls could have large verti-
cal surfaces. The idea was to make side reflections more dominant and

ceiling reflections less dominant.

The measurements of EDT showed definite improvements and also showed

less variation from one location to another.

In the final design the ceiling (with increased ceiling height) had a
large number of boxshaped diffusors which were also acting as airinlets.
The circular reflectors over the stage (convex on both surfaces) were

changed into toroidal shapes (Fig. 30, 31).

The pulse method used for the model investigations was also applied in
the final testing of the finished concert hall (with audience). A com-
parison of the results for the model and the hall is shown in Table 3.
Inversion Index, EDT values (in percent of RT values) and maximum varia-
tion of EDT values are shown. The optimal height of the reflectors is

at a medium position 10 m above stage floor.

The Concert Hall, (Fig. 32, 33), has had a remarkably favorable reception

amongst musicians, singers and audience.

The next largest hall, the Opera Theatre, has also been tested as a mo-
del in several versions. The first design had a relatively flat, low
ceiling (Fig., 34). The results of the measurements are shown in Table 4
after the saé; principle as for the Concert Hall. 1In this case there
are two different definitions of inversion index one applying to the
stage, the|other to the pit. The final design (Fig. 35) showed the best
balance between stage and pit (the smallest variation in I.I.). Like

\
the Concert Hall the Opera Theatre has had a good reception. However,

the limited space in the pit and the prominent overhang created some
problems for the musicians (too heavy sound; compensated by adding

extra absorption in the pit).
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Fig. 29. 1:10 model of the first design of the Concert Hall in the
Sydney Opera House, view towards the stage.

Fig. 30. 1:10 model of the final design of the Concert Hall in the Sydney
Opera House, view towards the stage.
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Fig. 32. View towards the ceiling of the Concert Hall in the Sydney Opera
House.
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Fig. 33. Same as Fig. 32, view towards the stage.
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Longitudinal section, first design of the Opera Theater in

Fig. 34.
the Sydney Opera House.

final design. 1 - 4a, see legend to Fig.
6: Opera Theater, 7: Opera Theater
broadwalk restaurant.

Fig. 35. Same as in Fig. 34,
27, 5: Opera Theater stage, .

lounge, 8: below-stage area, 9:
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Table 3
Sydney Opera House
The Concert Hall
Criterion Model Hall
and conditions (2-16 kHz) (250-2000 Hz)

empty cap.audience

Inversion index
(Ideal: I.I. Z 1.0)
Reflectors at soffit level 1.11 1.14 0.96
Reflectors just below crown 1.05 1.10 1.06
Reflectors 34' above stage - - 1.05 (NB)
Percentage "good" EDT values
(Ideal: = 100 %)
Reflectors at soffit level 94 96 85
Reflectors just below crown 83 100 85
Reflectors 34' above stage - - 94 (NB)
Percentage overall variation
of EDT values
(Ideal: = 0 %)
Reflectors at soffit level 20 13 17.5
Reflectors just below crown 21 13.5 17.5
Reflectors 34'above stage - - 10 (NB)

NB: means frequency range only 500-2000 hz
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Table 4
Sydney Opera House
The Opera Theatre
Model Hall

empty cap.audience
Source at: Pit Stage Pit Stage Pit Stage
Criterion:
Inversion Index
(Ideal z 1.0) 1.22 1.13 1.52 1.09 1.22 1.10
Percentage "good" EDT values
(Ideal: 100 %) 100 100 100 100 100 96
Percentage overall variation
(Ideal: 0. %) 38 30 21 15 9 19

The Sydney Opera House was completely finished and inaugurated by the
fall of 1973. Some critical remarks on the limited stage space of the
Opera Theatre does not appear to be justified, all facts considered. The
problem of staging "Grand Opera" requiring unusual stage space (like
"Aida") in the Opera House, was recently solved simply by using the
Concert Hall (having the singers on stage and the orchestra in front of
the stage and applying a permanent stage picture). The experiment appa-
rently was a success, also acoustically.
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Criteria and practical design

A recent period in the history of room acoustics has been reviewed in
this article partly by exposing the development of acoustical and musi-
cal criteria, partly by relating practical experience and tests in a
number of finished halls. It is a period which has been marked by many
investigations into the problem of what actually defines the "acoustics"
of large halls and by many proposals of objective criteria to be corre-

lated with subjective acoustical qualities.

In this decade several groups, by systematical research, are trying to
establish this correlation between a limited number of acoustical quali-

ties and some corresponding objective criteria.

During this process which may not be completed in the seventies, the
problem of varying musical taste is becoming apparent. Some music lovers
may prefer clarity and others reverberance. It is also evident that
variation of qualities may be larger within one room than from one room
to another.

It remains to be seen whether in practice concert halls exist which have
such qualities that "local variations" become less important. In the
opinion of the author such halls will be characterized by certain basic
properties:

(1) Good balance between stage area and audience area, with rapid

approach to statistical conditions, especially in the stage area.
(2) Optimum of both clarity and reverberance
(3) Great volume of the sound

(4) Tonal balance

Maybe divergences in the judgement of quality become less apparent in
such halls and in this connection it may be enlightening to take another
look at Fig. 4. No doubt the hall, HH (Musikhalle Hamburg) is approach-
ing this condition. Another look at Fig. 3 show furthermore that this
hall has the classical, rectangular shape, the least variation in EDT
values and that inversion index (calculated from TR = rise time) is the
highest of the six halls. One example does not prove the case but all
the same it gives a useful indication in tracing a more comprehensive

relationship.
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ON SOUND RADIATION OF MUSICAL INSTRUMENTS
by

Erik V. Jansson, Center for Speech Communication Research and Musical

Acoustics, Royal Institute of Technology (KTH), Stockholm, Sweden.

Introduction

The sounding music is made up of complex acoustical signals. Furthermore
it is radiated from the musical instruments in a complex way. Therefore
no simple way eXists to describe the acoustical signal of. the sounding
music in detail or how it is radiated. But even fairly coarse measures
can be meaningful and of great help. Therefore such measures are pre-
sented in this report. More detailed information can be found in the

references listed.

First in this report data are presented on dynamic and frequency ranges
both of the hearing and of music .played on single instruments. Secondly,
time measures relevant for the hearing and for the starting transients

of played notes are given. Thirdly directional characteristics of some
musical instruments are presented. The report ends with a demonstration
of how a violin sounds from different directions and presents correspond-

ing long-time-average-spectra.

Dynamic and frequency ranges

The human ear sets the limits for the sounds that we can hear and enjoy,
see Fig. 1. It sets a lower dynamic limit, the threshold of audibility
(H6rschwelle) and an upper dynamic limit at which the sound elicits pain,
the threshold of pain (Schwelle der Schmerzempfindung). Furthermore it
sets a lower frequency limit approximately at 16 Hz and a higher frequen-
cy limit at approximately 16 000 Hz for the sounds we can hear. Within
these four limits we find the sounds that we communicate with and listen
to, as speech and music (Sprache und Musik). A more detailed descrip-
tion of the dynamic ranges are given in Fig. 2, in which equal loud-
ness curves and corresponding phone measures are plotted. It can be
seen that the different families of instruments all have approximately

the same magnitude of dynamic ranges, 30 dB, but the absolute values of
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Fig. 1. Dynamic and frequency ranges of the hearing. From BURGHAUSER

& SPELDA (1971). Akustische Grundlagen des Orchestriercus,
Gustav Bosse Verlag.

the dynamic limits are slightly different. Among the orchestral instru-

ments the string instruments are the weakest, the woodwinds approximately
10 dB louder and the brass winds still 10 dB louder. The guitar sound

is approximately 5 dB weaker than the orchestra strings. The total range

of the single instruments is approximately 50 dB, which means that a dyna-

mic range of 50 dB is minimum for true recordings of the different instru-
ments. (BURGHAUSER & SPELDA, 1971)

The frequency ranges are set by the lowest fundamental frequencies and
the partials of the highest frequencies encountered in playing. The lo-

wer limits are given in Fig. 3 for the trombone (B),
the double bass (S).

the bassoon (W) and
The upper frequency limit is slightly less than
10 000 Hz and varies within 2000 Hz for the different instrumental groups.

(BURGHAUSER & SPELDA, 1971; MEYER, 1972; JANSSON, 1973) These variations

are large in absolute measures, but moderate as compared to the sensiti-
vity of the hearing in this frequency range. Thus for the instruments

listed it seems appropriate to use recording equipment with a frequency
range of 40 to 10 000 Hz.
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Fig. 2. Equal loudness contours with sketched dynamic ranges of the
guitar (G) and of the instrument families of the symphony or-
chestra; strings (S), woodwinds (W) and brass instruments (B).
Adapted from BURGHAUSER & SPELDA (1971).

Transients

The musical sounds have also beginnings and ends. The beginnings are
especially important and some measures of specific interest are plotted
in Fig. 4. The durations and the closing transients may also be impor-
tant. A sound must have a certain duration to give an accurate pitch
sensation. For tone pulses shorter than 0.025 seconds the pitch is
slightly lowered. (DOUGHTY & GARNER, 1970) A duration of 0,25 seconds
gives optimum pitch detection, no better is obtained by longer duration.
(ZWICKER & FELDTKELLER, 1967) A played tone must furthermore have a
certain duration to give full loudness. This duration is given by the
time constant for loudness, which is approximately 0.1 second. (ZWICKER
& FELDTKELLER, 1967) The starting transients and the durations of played
tones are within the time ranges presented, see Fig. 4. (MEYER, 1972;
MELKA, 1970; JANSSON, 1973)
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transients of the guitar (G) and of the instrument families of
the symphony orchestra; strings (S), woodwinds (W) and brass in-
struments (B).
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The starting transients can be extended within the time ranges for hear-
ing. This means that the starting transients are important for percep-
tion, as is well recognized. True recordings of starting transients

need no extension of the frequency limits given earlier.

Sound radiation

The musical tones have still another important relation to the musical
instrument. Different instruments have different directional characte-
ristics, thus giving different sound qualities in different positions of
a room. Typical examples of main radiation directions are given in Figs.
5, 6 and 7. (MEYER, 1972) The trombone, Fig. 5, has a wide radiation
lobe at low frequencies, the width of which decreases with increasing
frequency, with only one exception. The widened lobe at 650 Hz is like-
ly to stem from interaction between a longitudinal and a radial mode of
the trombone bell. (BENADE & JANSSON, 1974) The same gross features,

a wide radiation lobe at low frequencies and a narrow at high are gene-
rally true for all musical instruments, which is supported by the Figs.

6 and 7 for the oboe and the violin. At intermediate frequencies the
side holes of the oboe radiate sound, thus giving the more complex radia-
tion pattern. At high frequencies most energy radiates through the bell
as a tube with side holes acts as an acoustical high pass filter. (BENADE,
1976.) The violin seems to radiate most sound energy perpendicular to

the top plate at high frequencies, Fig. 7.

Let me finally demonstrate how a violin sounds from different directions
and present the corresponding acoustical analysis. The long-time-average-
spectra of a fulltone scale recorded from four different directions in an
anechoic chamber are presented in Fig. 8. (JANSSON, 1975.) The correspond-
ing first four tones of each scale are given as sound examples. For easy
comparison the spectra and the played scales are presented in pairs in

the order, 1) directions one and two - Fig. 8 a and sound example one a,

2) directions one and three - Fig. 8 b and sound example one b,

3) directions one and four - Fig. 8 c and sound example one c. All spectra

display a peak at 5 Bark (500 Hz), followed by a pronounced dip, i.e. the
violin is an approximately omnidirectional sound radiator in this fre-
quency range in agreement with Fig. 7. The continuations of the curves

of Fig. 8 display grossly the same contours, but there are considerable



750 - 1100 Hz

650 Hz

2000-6000Hz 7000-10000 Hz

Fig. 5. Main radiation directions (0 ... -3 dB) of the trombone. i
From MEYER (1972): Akustik und musikalische Auffiirungspraxis,
Verlag Das Musikinstrument.
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Fig. 6. Main radiation directions (0 ... -3 dB) of the oboe.
From MEYER (1972): Akustik und musikalische Auffiirungs-
praxis, Verlag Das Musikinstrument.
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single discrepancies as can be expected from Fig. 7. The average level
differences of the long-time-average-spectra for direction one, two,
three and four compared to the average over five perpendicular direc-
tions are 0, +3, -2 and -7 dB respectively. These measures show that
this violin is loudest from the direction of its neck (direction two)
and weakest in the opposite direction (direction four). Furthermore
the direction perpendicular to the top plate (direction one) gives
the sound most closely corresponding to the average. The discrepancy
measures given should be detectable as loudness differences as the just
noticable difference in intensity is 1.5 dB. (FLANAGAN, 1965) Thus
the main radiation directions corresponding to Figs. 7 and 8 are slight-
ly different. This shows that no single position of a microphone can

record all properties of a played tone or a musical instrument.

Concluding remarks

Let me thus end this presentation by briefly summarizing my points presen-
ted above.. Musical sounds and the radiation of musical sounds result

in complex acoustical signals. The observable measures provided show

that dynamic ranges, frequency ranges and time constants of starting
transients of the musical sounds are within the working ranges of hearing.
The radiation properties tend to be simple at low and high frequencies

but complex for intermediate frequencies. The sound of the violin, at
least, varies with direction in such a way that it is detectable by the

ear even for played notes of low fundamental frequency.
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Fig. 7. Main radiation directions (0 ... -3 dB) of the violin.
From MEYER (1972): Akustik und musikalische Auffiirungs-
praxis, Verlag Das Musikinstrument.




Fig. 8.

0 10 20 BARK

Long-time-average-spectra of a three octave fulltone scale re-
corded in four perpendicular directions as marked in the dia-
grams. The frequency scales are divided in steps equal to the
critical bands of hearing, Bark, cf. ZWICKER & FELDTKELLER
(1967). Adapted from JANSSON (1976) , Acustica.
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THE ROOM, THE INSTRUMENT, AND THE MICROPHONE
by
Ulf Rosenberg, Rikskonserter,
Stockholm, Sweden

Introduction

In the following I will try to give an account of some of the problems
associated with the placing of musician and microphone in documentary
recordings. Such recordings aim at a realistic acoustic clarity with the
highest possible fidelity, and are normally used in connection with e.g.
older music. The problems associated with these recordings are of basic
importance to most other types of recordings. The documentary recording
method may thus serve as a kind of base, or reference, for all other

types of recording.

Assuming a documentary recording of a particular composition played by
a specific ensemble is to be made, then in a simplified form the problem
can be considered as composed of three parts: the choice of recording
room, the physical arrangement of the musicians, and the selection and

positioning of microphones.

Before making a recording it is essential to know how the recording is to
be used. Recordings are generally made for purposes of reproduction in
an average living room. But if a recording is intended for reproduction
in a theatre for example, quite different demands are placed on the in-
formation on the recording room acoustics encoded in the recording.
Acoustically, control rooms normally differ significantly from an average
living room. Consequently the tone colour perceived in these two acous-
tical environments are markedly different. Actually this difference may be
an important reason for disagreement between technicians and musicians in
connection with recordings. It is generally easier for the technician to
imagine how colouration will be affected by a changed reproduction envi-

ronment than for the musician.

The recording room

Obviously the choice of room is important for a recording. This fact

cannot always be taken advantage of, however, sometimes for reasons of
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dire necessity. Often just one concert room is available. But the
reason often appears to be a lack of understanding of the problems
involved, or an excessive faith in the power of modern techniques to
compensate for serious deficiencies in hall acoustics by means of e.g.

synthetic echo.

Earlier, the choise of room for a performance was counted as highly sig-
nificant as is well known from the history of music. The music was com-
posed with consideration to the specific acoustic conditions prevailing
during the performance; it was written with the idea of performning it
in a cathedral, a palace state-room, outdoors perhaps, to give a few
examples. Even the instruments were chosen with similar considerations.
A musician was considered a bad craftsman if he gave no regard to these
points of view. Historical guidelines of this kind should of course be
allowed to exert an influence on the choice of recording room. Another
historical aspect supporting the same conclusion is to be found in the
interaction between the concert forms during various epochs and the de-
velopment of the musical instruments. The development of musical in-
struments is not a question of technical development in the first place,
but rather a matter of adapting the instruments, so that in an interplay
with the concert hall they would come to sound "as beautiful as possible".
The family of baroque string instruments disappeared with the growth of
modern concert life around the turn of the century 1700/1800, and was
replaced by the present family of string instruments. Two acoustical
reasons for this are conceivable. First this new type of concert hall
necessitated instruments with a greater dynamic level. Second the higher
partials became harder to hear, among other things because high frequen-
cy absorption can no longer be neglected in the new and larger concert
halls. Thus while the baroque instruments were deficient with respect
to the lowest partials and rich in high partials, the new instruments
generated stronger low partials and weaker high partials. In a documen-
tary recording it is essential that such differences in colouration bet-
ween instruments of differing epochs are preserved. Hence the choice of
recording room becomes an important consideration. It is not particular-
ly encouraging, to hear e.g. a baroque flute sounding as an ocarina on a
recording. If during the baroque period the ideals of tone colour had
been determined by the sound of the ocarina, Fredrik the Great would

most probably have played ocarina as a consequence.
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A further reason for carefully heeding the choice of recording room has
been expressed by Nicolaus Harnoncourt (leader of the 'Concentus Musicus'
in Vienna), among others. The essence of what he has to say is that the
first thing to be taken into account for achieving a fine recording of
music is to allow the musicians to play their music in a suitable acous-
tic environment, i.e. an environment fair to the music under considera-
tion. Otherwise the musical result will be jeopardized, since it is
scarcely credible that a musician should be able to achieve his best
work in a defective and uninspiring surrounding. In this respect, re-

cording studios often leave a great deal to be desired.

Positioning of jnstruments

When the recording room has been chosen, two variables are left which can
in principle influence the eventual outcome of the recording. These are
the arrangement of the instrumentalists in the room, and the choice and
positioning of the microphones. A further possibility, although seldom

available, is a rearrangement of the acoustic properties of the room.

With due consideration to the possibilities available, the main task

when positioning musical instruments is to attempt to optimize any inter-
actions between the various acoustically reflective surfaces in the room
and the different musical instruments. 1In principle each surface in the
room functions as a more or less effective 'acoustic mirror'. If the
mirror reflects well, most of the incident sound is reflected, and vice
versa. Sound thus behaves in a similar way to light in many respects
although in one important respect there is a big difference. The wave
length variability of visible light corresponds to slightly less than one
octave, and these wave lengths are usually short as compared to other di-
mentions involved. The range of audible sounds extends through almost
eleven octaves and the wave lengths of low notes are often of the same
magnitude as room dimensions, or the dimensions of sound radiating sur-
faces of musical instruments, e.g. the plates of a violin. This means
for instance that the low notes of an instrument radiate with reasonable
similarity in all directions, while high notes radiate with a pattern
which is similar only in certain directions. The difference is roughly
illustrated when the light radiation pattern of a naked lamp is compared
with the light radiation produced by placing the lamp in the reflector

of a spotlight. This dependence on wave length in acoustics has other
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consequences too. A surface is acoustically reflective only as long as
the dimensions of the surface are roughly the same, or greater, than

the wave length of the incoming sound wave. Stucco and sculptures, and
fixtures and fittings of a similar nature reflect high frequencies, con-
tributing actively therefore to the acoustic properties of a room. On

the other hand, the bass register remains relatively unaffected.

What has all this to do with recordings and the placing of musicians?

It is the interaction between the sounds radiated from the instruments
and the room where the music is played, that determines the overall
effect. The most important room surfaces are of course, the floor,

walls and ceiling. Reflecting surfaces in the close vicinity of the
instruments contribute in general to increase the pregnancy and sharp-
ness of the sound picture by producing reflections which reach the liste-
ner, or the microphone, at almost the same time as the sound coming di-
rectly from the instrument. The shorter the distance between an instru-
ment and a reflecting surface, the sharper the sound picture becomes.
Distant reflecting surfaces contribute to produce reverberation. Achiev-
ing a good final result demands a proper mixture of near and distant re-
flectors, which among other things, requires a reasdnably uniform distri-
bution in time of the resulting reflections. This is one of the reasons
why it is'generally advantageous to place an ensemble at the narrow end
of a rectangular room, rather than in the middle of one of the long walls.
With the latter arrangement practically all the distant reflections arri-
ve simultaneously. The positioning of instruments in a hall must be car-
ried out of course, so as to achieve a final tone colour result which is
"as good as possible". As this is an aesthetic task it is impossible to
provide general rules. But in any case, knowledge about the physical be-
haviour of sound is a valuable help in planning the positioning of the
instruments.

What then in principle are the various parameters affecting the end

result? A schematical answer may be the following.

a) The radiation lobes, or pattern of radiation, indicate the manner in
which sound radiates from the instrument in different directions and
at various frequencies. For instance, it is of vital importance
that the instruments are positioned in such a way that the lobes

cover the audience, the microphones, and useful reflecting surfaces.
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d)

e)
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A mirror placed in the shadow is unable to reflect the sun. 1In the
same way an acoustically reflecting surface is unlikely to provide

reflections unless some sounds impinge on it.

The tonal balance between different instruments. The crucial matter
during a recording is, first and foremost, the distance between the
various instruments and the microphones. But the sound radiation
properties of the instrument enter as an important factor even here.
An instrument far away from the microphone can become quite dominant
if the microphone is placed in a lobe. It is often possible for
example, to record both choir and orchestra using the so called sing-
le microphone technique, if the microphone is mounted at the same
height or a trifle above mouth level of the choir. Inversely the
sound of an instrument in the immediate vicinity can be muffled if

the microphone is placed beyond the radiation lobe of the instrument.

To some extent the room acoustics can be altered by rearranging the
positioning of the instruments. This applies not only to recording
but also to the sound actually heard in the hall. TIf the ensemble
is placed close to any reflecting surfaces, usually a wall, the
timbre becomes more distinct. An opposite effect appears if the
ensemble is a long way from a reflecting surface. The opportunities
for altering the room acoustic become progressively more limited
with larger ensembles: it is impossible to position all members of

a symphony orchestra close up to the podium walls.

It is quite enough of a problem to figure out an arrangment of the
instruments which facilitates ensemble playing. Nicolaus Harnon-
court's statement, referred to earlier, concerning the choice of a
place for a performance can be recalled. The same arguments are

valid here.

Concert halls often have peculiarities which place special require-
ments on the positioning of instruments. The hall can for example
have standing waves at certain bass frequencies. A sign of this is
that the tones.on either side of these bass frequencies sound weak,
while tones coincident with the standing wave frequencies will boom
out strongly, but indistinctly. This effect can be accentuated to
a greater or lesser extent by the positioning of the bass instru-

ments.
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Microphone type and positioning

Within the scope of this paper, the remaining problem in connection with
recording is the choice of correct microphone position. With regard to
choice of microphone, the only matter that will be discussed here is the
selection of suitable directional characteristics for different recording
situations. Microphones have lobes as the instruments have; the direc-
tional features of microphones are specified in terms of lobes. The
three usual types are - omnidirectional, eight pattern, and cardioid.

It would take us too far afield to enter into details of situations de-
termining the choice of a particular type of microphone. Simplifying

one can say that a directional(eight pattern or cardioid) supplies more
direct sound from the instrument(s), while an omnidirectional microphone,
being equally sensitive in all directions, provides more information
about the room. Simplifying again (and more this time!), the same resul-
ting tone colour can be achieved by use of either an omnidirectional or

a directional microphone, by choosing appropriate distances between the
instrument and the microphone. With a directional microphone, an incre-
ased distance will reduce the direct sound and increase the room informa-
tion. With regard to tonal balance, an important property of a micropho-
ne is that the frequency characteristic should be as straight and linear
as possible, irrespective of the direction. This requirement is equally
important for all the types of microphone mentioned above. For reasons
dependent on the physics of the matter however, it is extremely hard (un-
fortunately) to achieve good frequency linearity for microphones with a
cardioid characteristic. When a directional microphone is required, as
in recording with distant microphone or in a room with a 'cathedral acous-
tic', a eight pattern microphone is far superior as far as colouration is
concerned, to a cardioid of comparable performance. It is only to be
regretted that the eight pattern microphone seems to be considered out

of date these days.

It is difficult within the space available to provide any useful informa-
tion as far as the actual positioning of microphones is concerned. The
general principles mentioned earlier are applicable here too of course,
not the least of which are those deriving from the physical nature of
sound. A useful rule is always to strive to introduce as little techni-
cal equipment as possible. To follow this rule can be quite hard for many
technicians suffering from an excessive enthusiasm for technical equip-
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ment. This means that the microphone positions should be chosen to
obtain a good resultant tonal balance with just one microphone per re-
corded channel, e.g. two microphones for a two channel stereo recording.
This is not always possible of course, but it can be done in far more
situations than are usual today. Only when it appears quite impossible,
e.g. for reasons of time, to achieve a good tonal balance with one micro-
phone per channel, there is any real basis for switching in support mic-
rophones. It is not out of place here to reiterate the importance of

the control room. This should be as acoustically similar as possible to
the intended reproduction environment in order to facilitate assessments

of tonal colouration and timbre.

Final considerations

To do as I have done here, separating the problem areas into groups and
then attempting the discover solutions ordered according to this scheme,
is something that naturally is seldom possible in practice. The practi-
cal problems interweave and it is necessary to compromise until solutions
are found which weigh all the various aspects together, those mentioned
above plus a few more caused by circumstances. I hope, however, that
what has been put forward will contribute to increase understanding of
the interaction betwe2n physics and music. The intention underlying the
title of this paper is just that. An example illustrating the effects on
the sound obtained by various positioning of microphones and musicians

is given in the sound examples.

Sound examples

A couple of years ago the Stockholm Concert Hall was rebuilt. In order
to find out what happened to the sound quality perceived in a couple of
listening places in the audience and on an ordinary recording when the
orchestra was arranged in different ways on the stage a whole day was
spent on exXperiments. For documentary purposes the entire session was
recorded on tape. The recording was made in A/B-stereo using omnidirec-
tional microphones. One recording was made with a pair of microphones
placed on the stage as in an ordinary recording. In the other recording
two similar microphones were placed and rather far from the stage in two

good listening positions in the stall.
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To illustrate the effect of merely rearranging the orchestra on the
stage four excerpts from the recordings are presented in the sound

examples. In Sound exaple one and three the orchestra was arranged

as shown in Fig. 1 representing a slightly modified version of a normal

orchestra arrangement. In Sound example two and four the orchestra

was arranged as in Fig. 2. This arrangement was rather inconvenient to

the musicians, as the stage is not intended for this arrangement.

Contrabasses \&

Wood- -
/winds Brass Horns \

Second Violas /Tuba |

violins

sior] violins Cellos

Q‘c podium fli;/

Fig. 1. Schematic view of the arrangement of the orchestra used in sound
examples one and two.

It was chosen for stricly acoustic reasons, cf. section Positioning of
instruments above. The purpose was to give each group of instruments as
much assistance from reflecting walls as was required for each individual
group. Examples one and two were both recorded with the microphones on
the stage. This positioning of the microphones was not optimal for
neither of the two arrangements of the orchestra (but rather for a third
arrangement which however is not included in the sound examples). This
is particularly true for the arrangement shown in Fig. 2.

Sound examples three and four were recorded simultaneously with

examples one and two, respecﬁively, but the microphones were placed in

the stall in stead of on the stage, as mentioned.
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_ Bassoon
Woodwinds Trumpet

Tubg
Contrabasses \\@orn

Second Violas
violins

First
violins Cellos

Vacant podium floor

/

Fig. 2. Schematic view of the arrangement of the orchestra used in
sound examples three and four.

Before listening to these examples some more information should be pro-
vided. First the examples should not be judged from an esthetical point
of view. The musicians found it very hard to play, as the sound from
their colleagues' instruments sounded highly unfamiliar. Moreover they
were instructed to play exactly in the same way and at the same dynamic
level each time. Rather one should listen for the differences in the
colour and the level of the sound of the various groups of instruments.
Moreover, example one and three should be compared with example two and
four, respectively. The difference between examples three and four was
greater in reality than can be heard from the recording. It was even
greater than the difference between examples one and two. Finally we
must apologize for the hum in example four which was due to a cable

accident.



MUSIC AND THE GRAMOPHONE RECORD
Some viewpoints on how to increase the sound quality
by
Hékan Sjogren, The Institute for Technical Audiology, Karolinska Insti-
tutet, Stockholm, Sweden.

Introduction

When we listen to recorded music over loudspeakers, we enjoy the result
of a rather complicated procedure. The system includes many links,
starting from the microphone in the recording room to the loudspeaker
in the listening room. The number of stages in the process is often as
high as 10-15, typically consisting of:

microphones

mixer amplifiers

master tape recorder, probably including a Dolby system

mixing procedure with two or more tape recorders

tape recorder in the cutting room

cutter

stampers

play-back cartridge and tone arm

play-back amplifier

loudspeaker

Besides, of course, we have influence from the acoustics in the record-
ing and listening rooms and from actions and decisions taken by the re-

cording engineer.

The performance of each link in the chain is governed by international
standards which specify nominal values and tolerances. It is, however,
not possible to use tolerances as wide as those given in the standards
because these tolerances are added, and in the worst case will give an
end result which is very uncertain. Some recording engineers try to

compensate for an error in one link with a deliberate error of reverse

sign in the next link.

The reason why the tolerances specified are so wide might be the lack

of knowledge on the perception of various errors such as deviations in

frequency response, non-linear distortion of different kinds, transient
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distortion and so on. Therefore more fundamental research in this field

is needed.

In this paper I want to discuss only one of the major problems in high-
fidelity reproduction: The art of the cutting of gramophone records.

The gramophone record is a mechanical medium, where movements of the
groove correspond to an electrical signal which is fed to the cutter.
The groove amplitudes are very small, between 0.1 mm and 0.00001 mm.
It is rather peculiar that such a medium can indeed be used for sound

reproduction.

Engineers and acousticians have been working three decades to refine the
technology in this field. The quality today is high, but consumers very
often complain about distortion, noise, clicks and the like. With to-
day's technology the average sound quality of a gramophone record could

be much higher, if the monitoring of the production was more intense.

The main problem within the industry is the process of making the stam-
pers. There are possible solutions to those problems, but I refrain
from discussing them here. It would, however, be easier to get high
quality pressings if the cut itself is optimum. Then one could be sure
that if distortion is found in the record it is not due to a groove amp-

litude which the play-back cartridge is not able to follow.

Obviously it is desirable to cut the music at the highest possible level

in order to get a high signal to noise ratio when playing the record.

Two factors which determine the maximum level are:

1. The dynamic force from the walls of the groove on the play-back needle
must be less than the pick-up bearing weight.

2. The sound distortion should be less than what is perceivable by lis-

teners.

Dynamic forces

Groove amplitude

The pick-up bearing weight M, is a mass which is located at the stylus

B
end of the tone arm. Gravity produces a vertical stylus force of
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MBg (N/mz) where g is the acceleration due to gravity. This force pre-
loads the elastic element of the stylus support, giving a maximum verti-
cal displacement amplitude of the groove modulation of XS (m). If the
compliance of the stylus suspension is called C, we have

MBZ Xs
C

For a given cartridge MB' g and C are known. This gives a criterion on

X

for cartridges of high quality.

maximum groove amplitude. In practice a limit of lOOy could be used

Groove acceleration

If the equivalent mass of the stylus and its elastic support is called

MS and the acceleration of the groove is agr the following relation ob-

viously holds.

MBgzM~a

S S

This gives a criterion on agr maximum groove acceleration. A limit of
1000 g (m/sec2) could be used.

Groove velocity

The cartridge is connected to a preamplifier with a standardized deem-

phasis.

The output of the cartridge is proportional to the groove velocity.

Maximum input voltage of the amplifier will give a criterion on maximum

velocity. A maximum value of 0,3 (m/sec) can be used.

It follows from the foregoing that it is necessary to measure and indi-
cate amplitude, velocity, and acceleration to plan for the cutting of a
record. This is indeed very seldom done in the industry. A common way

of measuring the level is to use a peak-indicating instrument connected to
the line input of the cutter amplifier. This meter will show an approxi-
mation of the groove amplitude and can therefore only be used for pop-
music, which has most of its energy in the basg region.
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Distortion

W.D. Lewis and F.V. Hunt published the theory of tracing distortion in

1941. (LEWIS & HUNT, 1941) It can be deducted from their work, that

distortion components are a function of groove acceleration, a measure

we already know of. The theory was extended by CORRINGTON (1949). The
results of Corrington can be transformed into values for second and

third harmonics, given in table the below.

Stereo Mono
. r
Second harmonic - . a
22 202 s 0
8li“B°X
. . 2 2
Third harmonic 2y a 3T a 2
=4 4,4 " s ° s

r radius of stylus

B groove radius
92 rotation speed of the turntable
a

groove acceleration

There is some information in the literature on the detection of non-
linear distortion, see for instance GABRIELSSON & al. (1967) and
GABRIELSSON & SJOGREN (1972). For some kinds of program material 10 %
distortion is hardly possible to detect, for other types 1 % is easily

heard. There is a need for more studies in this field.

If a 1limit of 10 % distortion is set, the relation between groove acce-

leration and groove diameter can be plotted, see Fig. 1.

Records are normally cut giving accelerations of more than 500 g at all
groove diameters. This should give 2nd harmonic distortion of far more
than 10 %. This can be heard in the sound examples. You will hear

music performed by a pop-groupcut with (1) full frequency range 50-15000

Hz, (2) high-pass filtered at 10 kHz, (3) full freguency range, (4)
high-pass filtered at 5 kHz, and (5) full frequency range. Notice
that the high-frequency components are severely distorted - 2nd har-
monics and corresponding intermodulation. These distortions are nor-

mally masked in the ear by the original programme material.
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20000 1
ACCELERATION

18000 t  p/sec?

16000 ¢

14000 t
THIRD HARMONIC

12000 1 MONO

10000 T THIRD HARMONIC
STEREO

8000 t

6000 t

4000 t SECOND HARMONIC
STEREO

2000 ¢

12 16 20 24 28 32 36 40
GROOVE DIAMETER IN CM

[}

Fig. 1. Maximum recording level at 10 % harmonic distortion.
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PANEL DISCUSSION

(Moderator: Hans Astrand, Royal Academy of Music, Stockholm, Sweden)

In an introduction the chairman pointed out that the short final hour
left for the musicians to argue about their problems, after a long days
interesting lectures and demonstrations by acousticians, was by no means
a depreciation of their importance in the efforts to solve them. On the
contrary it was implied in the programme of the symposium that it was to
be regarded only as an initial contact between acousticians and musi-
cians, to be followed by the inauguration of a Committee For the Acoustics
of Music under the auspices the Royal Academy of Music, where all matters
concerning music and rooms will be considered, investigated and at best

take the form of advice and admonition.

Three short introductory contributions were given by Eric Ericson,
professor at the Music Conservatory of Stockholm, (Musikh&gskolan),
choir conductor; Erik Lundkvist, organist at the Gustav Vasa Church,
Stockholm; and Siegfried Naumann, composer, conductor and teacher at

the Music Conservatory of Stockholm.

Eric Ericson's report took the form of a "cry of distress" and a re-
quest for help. His experience of concert "halls" of all kinds in
Sweden often inspired despair at the murder of all joy in singing

that they involve, and he stressed the importance of good acoustics
for music and music making, giving examples of all the efforts needed
to find the best place for the choir, to adapt their singing to an un-

known hall, etc.

Underlining the importance of the announced acoustic Committee, he pro-
posed some kind of "rescue corps" that could depart to make the best
possible of the bad halls at least temporarily (removing/adding tape-
stries, carpets, finding a better place for the podium, etc.), giving
preliminary advice about acoustic shells etc. during the years prece-

ding the construction of a new hall.
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Erik Lundkvist also uttered a cry of distress especially at the thought
of the numerous new churches that are being built now without due plan-
ning of the acoustic properties. He compared his experiences of play-
ing organ in continental concert halls, usually of the well-established
rectangular shape, to the varying shapes of churches, also referring

to the Finlandia House in Helsingfors (where acoustics change radically
from section to section or even from seat to seat). Also for the church
choirs there are great problems in finding the ideal spot - if there is
one - for their performances. The congregation of churches very often
get widely different impressions according to where they are sitting on

that special occasion.

He strongly advised setting up standards for the construction of new

churches where the requirements of organ and choir were respected.

Siegfried Naumann stressed the importance of joining the experience of
two different "experience groups", one for the musician's acoustical
feeling and the other for the acoustician's field. As an example of
the dangers involved in insufficient contacts, he pointed to the evo-
lution of "orchestral" sound: nowadays, acousticians judge the values
of the big romantic symphony orchestra, whereas there are several ear-
lier sound experiences that escape us completely, the renaissance music

the baroque ensemble, the Mannheim school, etc.

He also pointed out that sound ideas like the renaissance "cori

spezzati" are renewed by contemporary composers, who do not always

write music for the "philharmonic society"—-type of concerts but with
quite different parameters. Halls where "movement", ambulating ensembles,
instrumental theatre, improvisation can be performed raise new and
varying acoustical problems that must be solved in collaboration bet-

ween musicians and acousticians.

It seemed to him a complicated method to judge acoustics on the basis
of orchestral sound, open to so much correction and subjective judgment;

he would prefer "neutral" sound effects.
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To this Ulf Rosenberg replied that impulse sound can be used and ana-
lysed, but the problem is that technique is one matter and music another,
and one of the reasons for the meeting was to try and find possibili-
ties to join the two fields. Later on in the following discussion, an
acoustician maintained that they normally use nothing but "neutral"

sounds, since music gives values that are difficult to measure.

It was asked whether microphones and amplifiers were used to improve
the acoustics of a hall. To this MaxMathews said: "Well, I think that
is an excellent suggestion to use microphones and loudspeakers to change
the characteristics of concert halls. Certainly, there have been a
number of halls already that have been treated in this way, and basi-
cally, the audience nowadays is too big to be reached by the power that
comes out of today's instruments. A violin of this size is an insuffi-
cient instrument to come out well in the Philharmonic Hall of New York,
for example. I was going to comment that: the Philharmonic Hall is
planned to be changed so that the inside is to be taken out and a new
structure put in; I think that an alternative to this scheme might
rather have been a particular sound reinforcement system - which would

also be much cheaper ..."

The acoustician mentioned above also stressed the fact that there are
already hundreds of engineers working in the field of music acoustics
and that you only have to ask them for advice. But this costs money,
and authorities like city councils and others hesitate to spend the few

thousand dollars extra that their advice would cost.

The same is true about churches, where several experts are at hand.
Much was also said about acoustics in new schools, although not strictly
belonging to music acoustics, and there too it was pointed out that
the School authorities (Skoldverstyrelsen) do have information and

standards worked out for different school rooms.

Since much was said about the two groups - acousticians and musicians -
not always speaking to each other and not always using the same language
or understanding its implications, Siegfried Naumann indicated one cathe-

gory of experts for whom no regular education is yet arranged in Sweden,
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i.e. the "Tonmeister", who should basically be able to serve as an
interpreter between the two groups, normally being well equipped both
in techniques and in music. To this Krister Malm added that the Orga-
nisation occupied in forming new education schedules (OMUS) already had
a reference group asked to investigate links between science and music
- this seemed to be a task for them. Malm also had asked if the con-
ference was not too much centered on one sort of music culture, that

for instance already 80, maybe 90 % of the music played in western

o

countries - live music, that is - is transmitted by loudspeakers. Elec-
tric instruments dominate our music today. The development of music

seems to be far ahead of the problems discussed here ....

Ulf Rosenberg finally asked if we did not often play the right kind
of music in the wrong place - which seems well to demonstrate one basic
problem, i.e. that a hall is expected to serve for almost any kind of

music, which is demanding very much of any hall.
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Sound examples

Side A

Mathews: Analysis and synthesis of timbres

Track I
1. J.C. Risset's trumpet tone synthesis (25")
2. D. Morill's brass and percussion sound synthesis, c.f. Fig. 4
(1'25")
Track II
3. Ever-ascending tone pitch paradox, c.f. Fig. 6 (1'30")
4. Ever-descending glissando pitch paradox, c.f. Fig. 6 (1'10")
5. Ever-increasing tempo rhythm paradox (50")

Track III
6. Scale played with three different adjustments of the Q values
of an electronic violin resonances, c.f. Fig. 9, I, II and IV
(1'10")

7. Duet with electronic violin and acoustic wviolin (40")

Side B

Mathews: Analysis and synthesis of timbres (continued)

Track I
8. Violin with variable resonance, c.f. Fig. 10. From M. Urbaniak:
"Fusion", Columbia Record KC32852 (45")
9. Violin with brass timbre, c.f. Fig. 11 (25")

10. Super-bass violin, excerpt from Mathews's "Elephants Can Safely

Graze" (1'40")
Track II
11. Excerpt from J. Olive's "Mar-ri-ia-a". Text: see Appendix
(2'55")

Bengtsson-Gabrielsson: Rhythm research in Uppsala

Track III
1. Excerpt from "Kettenbriicke Waltz" by Johann Strauss senior,
performed by the Boskowsky ensemble, c.f. Figs. 4, 5 and 6
Philips SGL5757 (10")
2. Excerpt from "Bridal March" by Gelotte, performed on a key-
fiddle by E. Sahlstrém, c.f. Fig. 7 (17")
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4.
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Excerpt from "Polska" from Dalecarlia (Sweden), performed on a
"spelpipa" by E. Ahs, c.f. Fig. 8 (25")

Three examples of monophonic rhythm stimuli, performed on a
bongo drum or a side drum and used in the experiments concerning

rhythm experience (30")

Bengtsson-Gabrielsson: Rhythm research in Uppsala (continued)

Examples of polophonic rhythm stimuli produced by an electronic
"rhythm box" (rock'nroll, bossanova, mixture of habanera and

beguine) and used in the experiments concerning rhythm experi-

The beginning of four pieces of dance music (mambo, swing,

Swedish waltz, duet-polska) used in the experiments concerning

a) a vowel sung at four pitches

b) synthesis of a) with pitch dependent formant frequencies

c) synthesis of a) with constant formant frequencies as used
by the singer in the lowest pitch (55")

Effect of the "singing formant", c.f. Fig. 7

a) noise with the same average spectrum as an orchestra

b) singing without and with "singing formant", 3 times

c) a) and b) simultaneously (1'05")

Bass, baritone and a tenor synthesis of the vowels in hard, heed

Side C
Track I
5.
ence (35")
6.
rhythm experience (1')
Sundberg: Singing and timbre
Track II
1. Soprano singing and synthesis
as used by the singer
2.
3.
and who'd
a) Dbass
b) baritone
c) tenor (45")
4.

Synthesis of a sung vowel
a) the singer's production of a vowel
b) synthesis of a) (10")
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Track III ~

5.

Effect of increasing the number of harmonic partials of equal
acoustic amplitudes

a) partials 1-2 (3 times)

b) partials 1-4 (3 times)

c) partials 1-6 (3 times)

d) partials 1-8 (3 times) (1'30")

6. Alto and tenor synthesis alternating 3 times (25")
7. Smooth and rough in organ timbre
A piece of music is played twice on an organ, first on a Gedackt
8' stop, which generates odd-numbered partials only, and then on
a Principal 8' stop, which generates a complete series of par-
tials (30")
8. Dissonance and consonance in dyads
a) pure major third (100 Hz and 125 Hz), major seventh (440 Hz
and 831 Hz), and pure octave (440 Hz and 880 Hz) with sinu-
soids
b) same as a) but with complex tones (1')
Side D
Jansson: On the acoustics of musical instruments
Track I
1. Excerpts from recordings of four violins in a reverberation
chamber, c.f. Fig. 11
a) violin 1 and violin 2
b) wviolin 1 and violin 3
c) violin 1 and violin 4 (35")
2. Excerpts from recordings of a Violino Grande played by
B. Eichenholtz in a reverberation chamber, c.f. Fig. 12
a) the scale
b) from J.S. Bach: "Sarabande" from Suite nr 6 for Violoncello
solo, D major, BWV 1012 (30")
Jansson: On sound radiation of musical instruments
Track II
1.

Excerpts from recordings of a violin in four different direc-
tions in an unechoic chamber, c.f. Fig. 8

a) the microphone to the right of the player and in front of
the player
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b) the microphone to the right of the player and to the left
of the player

c) the microphone to the right of the player and behind the
player (45")

Rosenberg: The room, the instrument, the microphone

Track III

Symphony orchestra in Stockholm Concert Hall

1. Orchestra arranged according to Fig. 1. Microphones on the
stage (50")

2. Orchestra arranged according to Fig. 2. Microphones on the
stage (50")

3. Orchestra arranged according to Fig. 1. Microphones in the
stall (50")

4. Orchestra arranged according to Fig. 2. Microphones in the
stall (50")

Sjbégren: Music and the grammophone record

Track IV
Music performed by a pop-group
a) 50 - 15 000 Hz
b) 10 000 - 15 000 Hz
c) 50 - 15 000 Hz
d) 5 000 - 15 000 Hz
e) 50 - 15 000 Hz (1')
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Appendix Excerpts from Mar-ri-ia-a
A Miniature Opera for Soprani, Computer
and Chamber Ensemble
Libretto: Joan S. Olive Music: Joseph P. Olive
Machine: Wonderful (repeatedly).
Maria: Wonderful, your second word,
my wonderful talking machine.
Machine: I am a talking machine.
Maria: Wow. Incredible.
Now, the button.
Machine: "Good evening, how are you?
Sociable program number one now in progress."
*x Xk Xk
Machine: Maria, Maria my darling sweet heart,
The most amorous lovely and gentle girl,
My dear, you're so cute, vou're so terribly nice,
I love you whenever you're near.
My pretty and my most charming love,
When you come near, my motor is hot,
My discs whiz and my voltage soars,
I need you so very much.
I love you, I adore you and cherish you so,
Tiat I won't let you leave me alone.
Chorus: So that he won't let her leave him alone,
Loves and won't let her leave him alone.
Maria: Machine, my machine my shiny bright love,
The most talkative sturdy and handsome one,
Machine you're so smart and so verbally clear,
Your talk brings my gentle heart near.
I love my metalic creation,
Machine: I love my dearest creator,
Maria: I want to hold you so tightly,
Machine: Come close my metal is yearning.
Maria: Your frame is so hard you feel so cold,
Machine: Your skin is so soft you feel so good,
Chorus: He loves her... she loves him...
Maria: Your knobs are so smooth to my gentle touch,
Machine: Your curves are so smooth to my gentle touch,
M & M: Your are mine, I am yours to love and adore,
M & M: I am mad with my love for you.
M & M: Love, love, I love you, love, love, I love you
Chorus: Dear love... Sweet love...
Maria: Love, machine.
Machine: Love, Maria.
Chorus: Love, love.



