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B. THE SOQURCE FILTER CONCEPT IN VOICE PRODUCTION*
G. Fant

ABSTRACT - This is a review of recent work on source—-filter composition
of voiced sounds, describing various alternatives of defining a source function
with implications for a more profound understanding of the acoustic processes in-
volved and their modelling in equivalent networks. The theoretical study is
backed up by experiments with inverse filtering and other types of glottography.
Special attention is devoted to time-varying bandwidths within a glottal open per-
iod and the implications for defining overall effective bandwidths. The presence
in the speech wave of voice source components as well as the presence of formant
oscillation in the glottal flow are discussed. Expressions for supra- and sub-
glottal pregsure fluctuations are also derived. BAn earlier proposed parametric
model of glottal flow and formant excitation is reviewed and discussed with res-
pect to voice intensity and some dynamic factor in connected speech.

1. INTRODUCTION

The basic philosophy of acoustic theory of speech production is that speech
involves a source function and a vocal-tract filtering process, i.e., a raw mate-
rial and a sound shaping. Since vocal-tract filtering conveys a larcer part of
the information in speech l€ss attention has been payed to source functions. In
practical applications, such as speech synthesis and vocoders and in general de-
scriptive theory, source functions are mostly considered as simple on/off switch-
ing of a quasiperiodic excitation for voiced sounds alternating with discreet
transients and noise sources for unvoiced sounds with the recognition that mixed
excitation of voicing modulating noise sources also occurs.

In recent years the demand for greater naturalness in speech synthesis has
developed a renewed interest in studies of the voice source and source filter in-
teractions. This demand which is paralleled by a general descriptive need in
acoustic phonetics, e.g., with respect to speech prosody and individual voice
qualities and speaking habits, is revealed when we attempt to synthesized feomale
speech rule. Voice pathology and theory of singing are related topics, where the
need for improved voice source models are apparent, Gauffin and Sundberg (198C)
and Sundberg and Gauffin (1979).

The following presentation is limited to considerations of the aerodynamic
and acoustic stages of voice production dealing with basic definitions of source
and filter functions, their interaction and common dependency on articulatory pat-
terns with a view of establishing improved quantitative models for the production
process. This involved both considerations of how to decompose a stationary

*
This paper was an invited lecture presented at the IV F.A.S.E. Symposium
on Acoustics and Speech, Venice, April 21-24, 1981
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voiced speech segment into source and filter parameters, synthesis strategies, and
the study of dynamic variations in connected speech. Readers are referred to Titze
(1980) for a review of the vocal cord vibrational mechanism.

2. ELEMENTARY THEORY, TIME AND FREQUENCY DOMAIN REPRESENTATIONS

The acoustics of voice production invol s two intimately connected aspoects,
aerodynamics and sound, which in a sense are analogous to direct current and al-
ternating current. The aerodynamics describing the mean pressures and flow of air
in the respiratory pathways relates to the power supply, whercas the sound derives
from disturbances in flow and pressure distributions. The concept of source could
be applied to the underlying exhalation pressures and flow. An efficiency mrasure
can be defined as the ratio of radiated power to the exhalation power which be-
comes extremely small and of not much interest except in a comparative scnse.

However, from a signal analysis point of view, we generally define the source
as the pulsating flow passing through the time-varying glottis opening between the
vocal folds. The output of the filtering process is the sound pressure wave in
front of the speaker, which is related to the intermediate stage of air flow pas-
sing the lips of the speaker by a simple differentiation, i.e., a 6—dB per octave
spectral boast.

The corresponding time—domain representations are less well known. Technical-
ly they may be derived from inverse filtering of the sound pressure wave or of the
mouth output flow to cancel the filtering effect thus regenerating the source pro-
perties. The very first stage of this transform from the speech wave to the mouth
output, which is a simple integration, provides a zero order approximation o in-
verse filtering. The integration enhances the time domain by the appearance of a
usually clear pulse component resembling that of the glottal flow and in the fre-
quency domain there is a clear dominance of a low-frequency arca below that of the
first formant.

The time-domain representation can be brought back to a level preceding that
of the glottal flow, i.e., the time-varying glottal opening. Due to inertia ecf-
fects the glottal flow generally builds up more slowly than implied by the glottal
area function but terminates more steeply to meet the requirement of zero flow af-
ter closure.

The succussive transformations from source to sound may be taken in a differ-
ent order, i.e., (source x radiation) x filter, which defines the differentiated
glottal flow as the source and the vocal-tract volume velocity transfer as the
filter. With this view one can identify in the waveshape of the radiated sound
certain characteristics which derive from the waveshape of the differentiated
source, The source residue is apparent as a negative starting amplitude of the
first formant oscillation, which is continuous with the preceding negative—yoing
excursion reflecting the derivative of the glottal flow during the closing phase.
The souwrce residue has a spectral correspondence in the spectrum level in the re-
gion of the fundamental or first few harmonics, which may be enhanced at low in-
tensity voicing to the same order of magnitude as the first formant. In this res-
pect we could speak of a “glottal formant”, but T would prefer to refer it as the
baseband source peak. :

Enother topic which I will expand on later in this paper is the temporal en-
velope of the damped oscillations representing vocal-tract resonances. The main
excitation appears at the instant of glottal closure after which there is a more
or less uniform decay until the beginning of next glottal opening phase when the
rate of decay may increase rapidly, At low fundamental frequencies the first for-
mant oscillation may be effectively terminated before the beginning of the next
excitation. This is the situation illustrated by Fig. I-B-1 in which for graphical
simplicity wave components of F2 and higher formants are omitted.

3. INVERSE FILTERING
Inverse filtering techniques has been used over 25 years to extract source
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characteristics from a speech wave. The more wellknown studies are those of Mil-
ler (1959), Lindgvist (1965), Rothenberg (1973), Holmes (1976), Sundberg and Gauf-
fin (1979). For my own studies in the past two years, Fant (1979; 1980) I built
an inverse filtering analog equipment operating from an FM-taperecorder and scaled
down 16 times in play-back speed, which allow. for high resolution graphical re-
cording on an Oscillomink. A part of a sentence to be analyzed was processed re-
peatedly with different settings of formant frequencies measured from oscillo-
grams and spectrograms. One such example is shown in Fig. T-B-2 which sumports the
general presentation already given schematically in Fig. I-B-1. The first trace is
the specch wave of a vowel{a], the second is the differentiated inverse filtered
version, and the third function is the corresponding undifferentiated source func-
tion. The fourth trace shows the speech wave after removing all formants but F1.

de Fl F2 AR
M(

SOURCE FILTER RADIATION |-‘——>-~~-—
FG i’
A
£ Fo A F2 oy
3 g,
f f f
GLOTTAL AREA GLOTTAL FLOW MOUTH OUTPUT FLOW RADIATED) PRESSURE
Agit) Ugit) u,th PyIn

DIF SOURCE > FILTER l———"

us[”“\l N L

Fig. I-B~1. Frequency and time-domain general concepts of
source-filter decomposition of voiced sounds.
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Fio, I-B~2. Oscillogram of vowel [ae}, male voice, Fp=75 Hz. From
top pressure wave, inverse filtering with differentia-
tion added, the same without differentiation and differ-
entiated inverse filtered function without F1 cancellat ion.
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This is a picture typical of male speech at low voice fundamental frocuen-
cies. Observe the continuity between the negative going glottal flow differential
and the starting amplitude of the first formant oscillation. A high quality con-
denser microphone was used in this recording.

Enother technique illustrated in Fig. I-B-3 is based on the use of a Rothenberq
type face mask, which preserves a dynamic mea. e of mouth output flow.*

(83 (aze1 ] Spesiinr W
{ 1) moUTR FLOW

[ 2} «PrICAL OpPTETTY

[ 3} spes=s owesau

,l'| , - . - Bt .
J z

[ y .I""‘i""?
. g
4 A M il

@

ﬁ%@%ﬁ\f i

Fig. T-B-3. Stressed Swedish vowel [ a]preceding k-occlusion
as in the word "Axel" showing (1) mouth flow, (2)
optical glottogram, (3) electroglottogram.

The recording was made simultaneously with an electroglottogram and with an op-
tical glottogram produced by transglottal illuminations and a light pick-up in

the tharynx, Kitzing (1979). In this processing inverse filtering was omitted

in order to bring out the Fl-ripple in the glottal closed phase of the mouth

flow to conform with the schematic presentation in Fig. I-B-1. The synchrony between
the optical, acoustical, and electrical glottograms at the points of glottal clo-
sure has been enhanced by a correction for the vocal tract and mask transit time.

In the electrical glottogram it is the rapid resistance fall which signals the in-
stant of yocal cords reaching contact.

The shape of the arca function peaks derived from the optical glottograms is
symmetrical and something between a half sinewave and a triangle, as generally
seen from calculations with the Flanagan-Ishizaka two-mass model. There is also to be
seen in Fig, I-B-3 a latency of the pcaks of glottal flow with respect to cor-
responding area peaks, which we shall discuss later.

The phonetic frame of Fig. I-B-3 is that of a stressed short Swedish vowel ([a]
before an unvoiced stop. There is a gradual increase of the glottis area towards
the end of the vowel with a temminating incomplete closure, which can be consi-
dered as pre—occlusion aspiration. It conpares well with Fig. 10 in Flanagan et
al (1975) experiments with the two-mass model of the vocal cords.

¥ Fdgq. TI-B-3 dendves grom a pifod study.dn Stockholm 1980 n cooperation with Martam

Rothenbena, Andens Lijquist, Peten Kifzing, Jan Gauffin, and Johan Sundbenrg.
The optical and efectrical glotfoghams wene produced with Pefer Kifzing's
(1979) insthwumentation.



STL-OPSR 1/1981 - 25,

4, CIRCUIT THEORY OF VOICE PRODUCTION

Source filter theory of voice production is the theory of its approxima-
tions. Time~varying and non-linear functions introduce difficulties which ob-
scure an insight in essentials unless we take resort to simplified and approxi-
mate transformations. The physically most cc rect would be to regard the lung
pressure Pg and its associated muscular back-up as the source and derive the out-
put from a set of differential equations representing the state of flow and pres-—
sure in the combined subglottal, glottal, and supraglottal systems in extromely
short successive intervals of time. This is actually the principle of the Tshi-
zaka-Flanagen (1972) model which has become most influential in speech research.
However, we need an "alternating current" source to define the temporal or spec-
tral raw material to be shaped by the filtering process. One approach which I_
have used since my early work is to derive an equivalent current Ug=P,(Zg +Zg)
which defines the source as the flow through the glottis impedance wi?h tge vocal
tract input terminals short-circuited, see Fig. I-B-4. This source function is
then applied to the input terminals of the vocal tract in parallel with the
source impedance (ng+Zg)

Nose :ElRo
Psg Zg(t)
Subglottal system Ug | Pharynx ' Mouth :}Ro
Us=Z Psg(t) > ;9
sg"'zg ’359“) Vocal tract Ro
Zsg

Fig. I-B-4. Generalized voice production network.

The true expression for the transglottal pressure drop time function is

P gPag-Pi= (R+R,) Ugt SelLgUy) Eq. (1)

where all the quantities are time variable, see Flanagan (1972). The "kinetic"
resistance Rk dominates and is related to the flow by the approximate expression

Rk::( ) . = F‘Q‘ (2)
2 Ag() zAg(t)
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in which the particle velocity

vg® (2Pyy/ Q) §=Ug/Ag By. (3)

is constant over the entire extent of the glottal opening. This is in practice
not so and an appreciable acceleration is to be expected from the overall inertia
effecting the flow in the entire vocal tract. However, this simplification pro-
vides a first approximation

}
Ug(8) =vg (£)Ag(t) ™ (2P g/ @) % - Ag(t) Bg. (4)

» whereby glottal flow is proportional to glottal area.

In a quasitransform expression referring to Fig. I-B-4 we may relate the actual
glottal flow to the glottal, subglottal, and supraglottal impedances and the lung
pressure Pg

P
B 9

where Z,(s) is the vocal tract input impedance. From this expression we may make
the general conclusion that the glottal flow would have zeros whenever either the
vocal tract input impedance or the subglottal impedance has poles, which would
occur at the resonance frequencies of the uncoupled supra- and subglottal tracts.
However, the glottal flow also contains resonance components from the entire
supra- plus subglottal systems, which tend to cancel the effects of the zeros in
the output sound. An exception is unvoiced aspirated sounds, where the frequen-
cy of the subglottal formants may obscure the interpretation of the spectrum,
Fant et al (1972).

The two alternatives of defining a current source, the glottal volume flow,
and the short-cuircuit flow both have their drawbacks. The true glottal flow U
becomes an object of incremental calculations in the time domain of a complexity
not less than that of solving for the output. Moreover, U, contains sucerimposed
formant oscillations which implies a linear dependency on”the particular articula-
tion. The true advantage of Uy as a source candidate is that it enables us to spe-
cify the initial conditions for the transient response of the supraglottal tract
~ after closure, which determines a major part of the formant enecrgy.

The linear source-filter dependency is avoided if we define the source by the
underlying short circuit current Ug but we lose the control of the source depen-
dency of aerodynamic pressure drops in supraclottal constriction as well as the
. specific glottal flow shaping induced by the overall inertia effects. The best we
- can do then if we want to define a source by a reasonable transfer equation is to
. chose the transform parameters for the short-circuit source, such as to anticipate
" certain overall aspects of source filter interaction which can be made as a part
of a synthesis proaram. Essential of the source filter decomposition may be stud-
ied in a simnlified circuit, Fig, I-B-5, with constant subolottal pressure and the
supraglottal tract modelled by a single marallel resonance circuit revresenting
the first formant F1. The solution can then easily be extended to a multiple pole
transmission line renresentation of the vocal +ract.

The main excitation at the closing edge of the glottal flow pulse Ug or of
the corresponding short current flow Ug may be modelled by a ramp source

S(S) = "—-a—t——" '—2‘ = "Ué/s2 Eq- (6)

where we may altematively chose Ug -insteac of Ug with consequences to be derived
in the following analysis.
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Fig. I-B-5. Simplified networks representing a single resonator
generation of the first formant.

The filter function relating output current (s) through the radiation re-
sistance Ry to the source S(s) may in both instances be put in the general form
2
OJO »
H1(S) = 3 ‘ Eq. (7)
(s+ obq) “+ W2
1 1

2 -
0 = VLLr V/Le=1/141/Lye

where W

Lge

- - - 2.2
Oy = MBy=1/2TRLC, 1/R=1/RH/R + WLY/R,

2 2 2 _ 2. 2, 2
Lg(1+R,/W Ly )i Rge = Rg(1+ WLg”/Rg“)

with the understanding that the source elements R, and L, are infinite during an
ideal closure phase and over the entire voice per?od, if the Ug(s) source is
chosen. ,

The radiation transfer from the current through the lips to the sound pres-
sure at a an from the speaker is proportional to frequency, Fant (1960)

= Q-5
Be(s) = 3772 » Eq. (8)
The combined transform of source vocal transferzand radiation is thus
—Ué. wo
Hv(s)=S(s)-H1(s)-Hr(s) = ifrea Eq. (9)

s[(s+ ot) %+ w, 1)
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and the corresponding time function becanes

p,(t,a) = -U. - 2., e"“B1tc

s " Tfra GS{ETTF-It*' l'F.I} Eg. (10)

The next step is to define the entire extent of the source pulse by a smooth time
functicon, for instance with a rising branch U=i=130[1—msmg{tv-‘]‘1}] and a falling
branch U=Up [K coswg(t-Ty)-k«1 ] ,

- - 1 1
where wg—z'iTFg and Fg = W; see Fig. I-B-6 from Fant (1979).
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Fiag. I-B-6. The source model, Fant (1979).

This source pulse has discontinuities in the derivatives at the instant of opening
Tq, peak T,, and closure T3. The transient response at T, and T are damped oscil-
lations Wl%’l lower initial amplitudes than the response to the Ty ramp already
derived above and they decay 6-dB per octave faster with frequency. The inverse
Laplace transform also provides expressions for the residue in the speech wave of
the differentiated source pulses. Providing Fy is large compared to F, they are
preserved in almost the original source shape but for a small phase sh?ft. The
analysis further proves the continuity between the negative peak of the source re-
sidue in the speech wave and the starting amplitude of the oscillations at the in-
stant of opening.

We are now in the position to describe the essentials of the history of
events within a single voice period. The T, and T, oscillations, as well as pos-
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sible residual T3 oscillations from previous periods, are subjected to a slight
time variable increase in frequency during glottal opening and a time variable
damping due to the glottal differential resistance which we may approximate with
twice the Ry (t) previously derived. Thus L= gd/Ag(t) and Rg=2Rk=g vg/A (t), with
the possible generalization v_(t) =Ug(t)/Ag( . We thus have“an instantareous

the

bandwidth which is the linear sum o

By (£)=1/2WRC+Ry/2TT -L+1/2 TRy, (£)C Bg. (11)

contributions from vocal tract internal losses, radiation losses, and glottal los-
ses. The latter term may reach high values of the order of Fq in open sounds as

(a] which is a situation of almost impedance match comparing the characteristic

~ impedance of the pharyngeal tract with the glottis resistance. 1In this situation

the rate of oscillation decay is accordingly very high, as illustrated by Fig. 1-B-7,
the formant oscillation is effectively- truncated in the glottal open part and the

* waveshape becomes daminated by the source residue. 1In a leaky voice there is a
permanent increase of losses during the maximally closed phase. The yreater the
glottal opening, the smaller is Rg and the larger is the damping effect.
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Fig. I-B~7, Time—domain calculation of the response of a one-
formant approximation of the vocal tract. Left co-
lum:pressure wave, F1 oscillation excited at clo-
sure, at opening, the source flow. Right colum:
integrated speech wave, sum of F1 oscillation, F1
oscillation at the glottal peak, and finally, the
differentiated source function.

What is the relation of the glottal flow to the preceding short-circuit
source Ug? From the equivalent network we derive

Ug(s) _ [ (S+0-C1)2+ 5121
US(S) [ (s+ d1)2+ 0)12]

Fq. (12)
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which contains the time variable resonance frequency of a bandwidth already dis-
cussed and a zero representing the maximum of the input impedance, or, in other
words, the first formant without regard to the glottal load. This zero-pole pair
may be regarded as a spectral notch filter with a pole frequency

el l _1.li = _ 1,1 ‘}
F1-2TT[':L+LQE:' C] somewhat larger than the zero t'requancyl“1—2—ﬁ—[-r-q—:} and

with a pole bandwidth which exceeds the zero bandwidth by the time variable glot-
tal bandwidth 1;"21TRgeC. The depth of the spectral notch ignoring the difference
between F and Fq is ~ R_/(R *Rq). However, in the expression for the sound out-
put the zero disappears dnd re merely remains a formant peak which has an in-
stantaneous peak level of Ry(t)/Ry(t)+Rq). This reduction, which may be quite
appreciable, more than 20 dB, will, however, not show up in a spectrun averaged
over a voice fundamental period or leonger. Om the contrary, if the VT intermal

losses are relatively high, the additional Rg damping acoounts for only a slight
decrease in the overall signal level.

How do we define an effective formant bandwidth in this case? A study of
Fant and Liljencrants (1979) supports the view, see Fig. I-p-8, that if a truncoted
damped oscillation has the same starting amplitude as an ideal exponentially
damped oscillation, it is perceived maximally similar if the bandwidth of the
ideal exponentials satifies a condition of the same integrated mean value of
signal amplitude, see Fig. I-B-8.

e T Bt |

a Tl Bet \

Fig. I-B-8. Bandwidth of truncated exponential equals that of a continuing
reference.
-TB. T -TB, £
- L 1-e 1
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Incidentally, this is also the criterion of the same effective peak spectrum level
which may explain the perceptual results. The following tabulation exemplifies
the equivalent bandwidth increase due to truncation. The bandwidth during glottal
closure is B¢=1/2RyC=35 Hz and F=100 Hz and 200 Hz.

Table 1;,-*’T':I Fy=100 Hz, AB Fp=200 Hz, AB
I-B-1 0.2 140
0.3 87
0.4 63 132
0.5 40 87
0.6 29 60
0.8 10 23
1.0

0 0
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We may conclude that the bandwidth increase due to truncation is rather small
when the opening quatient of (glottal pulse duration) / (voice fundamental period)
is small and when the voice fundamental frequency is low. The F( proportionality
is apparent. Also the effect of a truncation is larger when the bandwidth during
glottal closure is low. (An alternative 3 dB down spectral criterion does not in
itself have any perceptual relevance and provides bandwidths larger than those
derived from our signal mean value criterion.)

What can be said about the waveshape of the true glottal flow Ug(t) compared
to the assumed Ug(t) source? One expected feature is an F1 oscillation superim-
posed on U_(t). 1In order to find a sensitive measure we can calculate
Ug(t) —Ug(t9=U (t) , which is the current through the vocal tract input shunt.
If we néglect 'Ly, we could determine Ug(t) as the vocal tract input pressure Pj(t)
divided by Rg. A solution for P4(t) by means of an inverse Laplace transform within
the one-formant model of Fig. I-B-5, '~ provides a solution differing from that of
the sound pressure wave in front of the speaker by a constant factor only. Thus
the F1 oscillatory component is

- ot
Pi(t) = -LUS e cos (qt+ 191) Eq. (14)

The amplitude of the negative pressure spike at glottal closure point T3 is
simply the evoked pressure
dUS(t)

dt
With the particular choise of pulse shape I have selected the flow derivative
at closure is

Ul = Uy \/2k—1 Eg. (15)
_ g
(t—T3)

where Uy is the peak flow Pg /Ry and Ry is the minimum static flow resistance
which is half the differentigl resistance. The maximal value of instantancous
glottal bandwidth is thus

L

across the inductance L due to the rate of change of the current Ug(t).

F
_ 1 . _ 1
Bgo = m and a corresponding ng = “Bgo
w
- _ 2
Thus Py, = -U§-L = Pgy - 3‘11 o Vok-1 Bq. (16)
U (t) P.(t) R
q = 1 . go
and U Pag Rg(t) Eq. (17)
or Ug(t) = Pi(t)/Rg(t) Eq. (18)

The ratio of the vocal tract input pressure to subglottal pressure P, (t) /PSg can
now be estimated. Assuming F¢=600 Hz, F4=150 Hz, B o=300 Hz, and K=)f, we gét a
ratio of 25% which is of the right order of magnitude compared to experimental da-
ta from the Flanagan et al (1978) model and the direct measurements on a human
speaker by Kitzing and Ldfgvist (1975). ‘

The damped F1 oscillation evoked at T, does not penetrate the glottal flow
until next glottal open interval, when it has lost an appreciable part of its
amplitude and is subjected to additional higher rate of damping and competes with
secondary excitations at Tq and T,.

Now, assuming Fp=100 Hz and a 5 ms duration of the glottal pulse with a peak
location 3 ms after opening and a mean glottal bandwidth of 200 Hz in the rising
part of the pulse, there would remain an F1 oscillation in U, of the order of a-
bout 40 dB below the peak flow. This is rather small in viegz of the relative
large glottal bandwidth. However, the gain in Uq current due to the low Rg is
counteracted by the faster damping within the glottal pulse.
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A simpler derivation independent of the particular glottal flow model is the
following:

Ug{t] - ;Ué']:t] T -;Ltt} B1.. (39)
o [wilts | d g

in which the derivate UY is defined as Uo/Tq and Tg is the pulse declination time,
Fant (1979). We now need absolute measures of total vocal tract inductances. A
narrow constriction has an inductance €/n, where € is the length and A the area.
For a transmission line input instead of the single resonator implied in Fic. I-B-5
the expression for the input voltage response in Eg. (14) shall be modified sub-
stituting L for (4£AL)/TY2, where { is the total length of the tube and Al the
inductance per unit length,

Furthermore, there enters an amplitude factor (2n-1)-2 for Fn=F1, Fa, F3 etc,
It should be observed that these damped oscillations start in the same se and
not in altermating phases as in the output. This is because of the alternation of
poles and zeros in the input impedance. Thus, it would not pay to make a spectral
analysis of the subglottal pressure ripple with LPC-techniques.

The total lumped vocal tract inductance would accordingly be 1.2¢ for a tube
of 17.5 am length and 6 cm? cross-section area and larger for any sound with local
constrictions. From the tabulations in Fant (1960) we may quate {/A ratios rang-
ing from 2 for the vowel [ €] to 6 for [a] and 8 for (1 ], which implies that the
initial amplitude of the starting negative spike in the input pressure varies with
the vowel in proportion to £/A. Furthermore, if we take into consideration the
entire subglottal tract as a tube of 20 cm length and 2.5 am® cross-sectional area
it would have an €/A ratio of 3.2. At the instant of glottal closure the sub-
glottal pressure has reached apositive peak of U'Lsgr which is of the same order
of magnitude as for the supraglottal negative spike.- The particular ratios of
sub~ and supraglottal spikes implied by the particular €/A ratios fit well with
the Kitzing and L&fgvist data.
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The superposition from one period to the next is more apparent for female
than for male voices and, accordingly, we could expect a greater F1 component in
the glottal flow. It remains to be seen. From inverse filtering experiments,
Lindgvist (1965), and from the Flanagan model data we know that the glottal flow
shows greater irregularity for [i] than for other vowels. This fact conforms
with the greater lumped inductance for [1] and the less glottal damping which
allows the residual F1 ripple to sustain within the glottal open period. However,
the glottal flow waveshapes described by Flanagan and Ishizaka appear to contain
more F1 ripple than we have seen from inverse filter experiments.

Another effect associated with the total lumped inductance in the vocal tract
and its relation to glottal resistance is the latency of the glottal flow peak
versus -che glottal area function peak. The total flow inertia also includes that
of the glottis which in case of maximal opening of 0.16 cm? and a depth of 3.2 mm
of the glottal passage has an inductance of 2 Q. With a representative glottal
minimum resistance of 0.8 @c, the time constant of (Ltot) /Rgo becomes of the or-
der of 1 ms for the [i] and about 0.5 ms for a more open sound, which is of the
right order of magnitude compared to data from the Flanagan-Ishizaka experiment, Figs.
I-B-9,°10 and the inverse filter exveriment of Fia. I-B-3. This .flow latency due
to the inductance was already observed by Flanagan and Landgraf (1968) and has
been especially studied by Rothenberg (1980). One consequence of this inertia
effect is the acceleration of glottal particle velocity and the increase of the
steepness of the closing slope of the glottal pulse camwpared to the glottal area
function and also compared to the assumed Ug source. One special problem is that
of superposition. It was observed by Fant et al (1963) that in a series of phona-
tions of sustained a7 vowels with a large span of Fp values F4 rightly dis-
played maxima, when F4/F was a whole integer 1, 2, 3, 4 etc. The second
formant amplitude, however, did not vary in amplitude synchronously with the
F,/Fy ratio but seemed rather synchronized with the F¢{/Fp ratio. This could im-
p{y that superimposed F1 ripple in the glottal flow had increased the steepness
of the pulse closure by an extent which was effective over the entire spectrum.
These effects need to be studied in more detail.

Another secondary effect was described by Flanagan and Ishizaka (1978).

Just before glottal closure the displacement current in towards the glottis, due
to the upper parts of the glottis expanding during the contraction of the bottom
part, counteracts the steepness of the descending slope and thus reduces the
spectral level of the source somewhat. Holmes (1976) claims the presence of sig-
nificant excitation during the interval of glottal closure. This also remains
to be verified. ,

5. VOICE SOURCE PARAMETERS AND THEIR DYNAMICS

Most of this paper has been concerned with the problems of defining source
functions of vowels and to describe source-filter interactions. For the practic-
al use of a source model it should have parameters that have sufficient specifi-
cational power and can be readily quantified from acoustic analysis. These as-
pects and the dynamic variations in connected speech have been the topics of se-
veral articles in our quarterly reports, Fant (1979, 1980). I shall here only
make some general comments.

There are many different combinations of three parameters that can specify
a pulse shape. In retrospect I now feel that the K and F, parameters are less
important than (1) the direct measure of the closing steepness Ug, which is the
scale factor of all formant amplitudes and (2) the volume of air contained in a
glottal pulse, which sets the amplitude level of the baseband peak.

Accordingly, within the constraints U§ = Uj wg(ZK-1)§ of the source model, Fig.
I-B-6 , formant amplitude levels increase either by an increase in the asymmetry
factor K or by an increase of Fg, i.e., by an overall shortening of the glottal
pulse, which both result in increased Ug- Spectrum shifts at constant source
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peak Fg and . varying K and a selected normalizing Fg=125 Hz is shown in Fig. 1-B-
11 referring to initial amplitudes of formant oscillations and in Fig. 1-B-12 refer~
ring to the +12 dB per octave pre-emphasized source spectrum (including special
directivity and baffle effects, see Fant (1960, 1979b).
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closure,

At a low voice intensity level, the Fg peak may override the Fq peak in ampli-
tude, see Tig. I-B-13,and this happens dynamically at the end of voicing in an
open breathgroup final position. A reduction of Fq initial amplitude and an in-
crease of bandwidth cooccur as a result of abduction in aspirated voiced sound
segments, Similar phenomena occur in nasalized boundary regions, Fant (1979,
1980) . A certain extention of the source model may be necessary for representing
the dynamics of incomplete closure within a voice period.

There appear to be two modes available to produce an intensity increase.

One is a rise in the overall scale factor of glottal flow pulses which is a main
consequence of increased subglottal pressure. The other is an adduction of the
vocal cords physiologically induced by a medial compression, which may increcase
the steepness of the closing branch of glottal pulses while maintaining or cven
reducing the amount of air contained in a single pulse. This is Lypically the
pattern found in syllabic stress, whilst an overall emphasis of a word or a part
of a sentence appears to be accomplished by the first mentioned or by some com-
bination of the two modes, compare the discussion of Rothenberg et al (1974) and

SO
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Lindgvist (1965). However, the pilot study of Fant (1980) shows that a syllabic
stress contrast need not be associated with a voice source change, the durational
patterns being of main importance.
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