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C. NOTES ON VOCAL TRACT COMPUTATION 
Pierre Badin* and Gunnar Fant 

Abtract 
In the general frame of vocal tract computation in the frequency 

domain, we describe experiments aiminq at the evaluation of different 
methods to handle the boundary conditions and the losses, that is, the 
radiation load, the viscous and thermal lases. the wall vibrations, the 
glottal and subglottal impedances, and the constriction resistances. 
We also discuss a metbd to determine poles and zeros for any transfer 
function in the tract. We give data for the Russian vowels (FANT, 1960) 
in different conditions, including diver's speech, and show an example 
of application to the study of a constrictive consonant. 

Introduction 
Vocal tract computations in the frequency domain is nowadays well 

established (FANT, 1960; PORTNOFF, 1973; MRAYATI, 1976; ATAL et al., 
1978; WAKITA & FANT, 1978; FANT, 1985). Thus, we will not enter into 
detailed derivations of the classical equations and electrical network 
representations of the acoustic propagation in the vocal tract. Our 
aim, in this study, was to compare different methods to handle the 
boundary conditions and the losses in the tract - that is, the radiation 
load, the viscous and thermal losses, the wall vibrations, the glottal 
and subglottal impedances, and the constriction resistances -, in order 
to achieve a better accuracy and computational efficiency, and to eval- 
uate the consequences of certain simplifications and alternative tram- 
fer function algorithms. We mainly used the Russian vowels (FANT, 1960) 
for these evaluations, and included some calculations on helium speech. 
We also illustrate a simulation of constrictive consonants. 

1. Vocal tract canputation: general frame 
In this part, we outline the purpose and function of the vocal 

tract computations : what kind of input data is to be processed, and what 
kind of data can be derived. Then we describe the computational prin- 
ciples. Comments are made on methods for pole/zero determinations. 

1.1 INPUT AND OUTPUT DATA FOR THE SIMUL?iTION 
The general purpose of the system is to handle any vocal tract 

configuration, and to derive the frequency transfer functions between a 
pressure or volume velocity source in the vocal tract and the output 
flow at the lips or radiated pressure, and the complex poles and zeros 
of these functions. 
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The input data  consist  of two sets of i t e m s :  

(1) Area function (the vocal tract is decomposed into a series of 
f i n i t e  length-tubes and -horns) ; location of sources, wall  
impedances and constriction resistance can be specified also; 

(2) Boundary conditionsand o t h e r  f e a t u r e s ( t y p e o f l o s s e s ,  ra- 
diat ion impedance, etc ...); state of the g lo t t i s .  

The a r e a  funct ion  values are p u t  i n  a f i l e ;  t h e  boundary f e a t u r e s  
can be entered by means of the keyboard (see Fig. 16b). 

The output data consist  of the frequency t ransfer  function between 
the source and the output flow a t  the  mouth, or the radiated pressure, 
and of its complex poles and zercs (see Figs. 16c and 16d). 

1.2 VOCAL TRACT CONFIGURATION AND -S 

1.2.1 Vocal tract configuration 
The basic configuration (see Fig. 1) is a s ingle  transmission line 

f o r  t h e  s u b g l o t t a l  system, a g l o t t a l  impedance, and a s u b g l o t t a l  net-  
work. Cavity w a l l  loading is introduced by dis t r ibuted or lumped imped- 
ances shunting the  l i n e  (see Fig. 11). A nasal branch is under develop- 
ment. A t e n t a t i v e  model of t h e  nasa l  system inc luding  t w o  shunt ing 
nasa l  s inuses  has  given promising r e s u l t s .  I t  w i l l  be descr ibed i n  a 
separate report. W e  are eventually aiming a t  a complete modular system 
including t h e  mixing i n  of o r a l  and nasa l  outputs  and the e x t e r n a l l y  
radiated sounds from the w a l l s  of the tract. W e  do not intend to review 
the  en t i r e  acoustic theory of speech production, ht we have attempted 
t o  test and to  c l a r i f y  some of t h e  formulas and computational proce- 
dures. 

The su lq lo t t a l  system is represented by a three c e l l  Foster network 
(ANANTHAPADMANABHA & FANT, 1982). The g l o t t i s  is represented by a 
r e s i s t o r  and an inductor  (see Sect ion 2.4). The vocal  tract i t s e l f  is 
composed of a series of e l ec t r i ca l  quadripoles corresponding to f i n i t e  
length-cylindrical tubes, -ccnical horns, parallel impedances, and se- 
ries impedances. A pressu re  source can be i n s e r t e d  between any two 
quadripoles. The basic frequency function to be computed is e i ther  the 
transconductance between the mouth output  f low IO and t h e  p res su re  
source  E o r  Ec, o r  t h e  r a t i o  between IO and Iq, I being t h e  inpu t  g q 
current to the vocal t r a c t  i f  the subylottal  system is supposed to have 
an i n f i n i t e  impedance. 

1.2.2 The e l ec t r i ca l  quadripoles 
1.2.2.1 Cylindrical  tube sections 

The derivation which leads from the basic equations of the acoustic 
waves propagation i n  a c y l i n d r i c a l  tube  t o  an equiva lent  electrical 
quadripole representation is well known and has been extensively t reated 
i n  t h e  l i t e r a t u r e  (FANT, 1960; FLANAGAN, 1972; MRAYATI, 1976). I n  our  
model, we  make use of the network of Fig. 2, taken frotn FANT (1960). 



glottal source 

su bglot t a l  system glottal impedance 

Tc"7 1 consonantal source 

radiation impedance 

1 

quadripole cells 

Fig. 1. General structure of the vocal tract simlation. 
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Fig. 2. Netmrk representation of cylindrical tubes. 





t ransfer  function between two points. It is thus possible to  derive the 

poles from an input impedance. This technique is mainly of in t e res t  f o r  
loss-free treatment of vowels. A disadvantage is that pole determina- 
t ions may become contaminated when zeros appear close to poles. 

We sha l l  now describe a new computationnally m o r e  e f f i c i en t  tech- 
nique w h i c h  leads i t s e l f  to the handling of zero f ree  t ransfer  functions 
such as  the overall  volume velocity t ransfer  I /I From Fig. 2, we  may 0 9' 
d e r i v e  a system of  equat ions,  f o r  t h e  c e l l  number n, wi th  f low and 
pressure inputs Un and P,: 

From that, we derive the  recurrence equations, fo r  Tn = U , / U ~ - ~  and 

'i,n: 

Starting from the radiation load, the recurrence equations involve 
(1) i d e n t i f y  o r  c a l c u l a t e  the load Zi, n-l, (2)  c a l c u l a t e  u ~ / u ~ - ~ ,  (3) 
c a l c u l a t e  Zi tn' and (4)  update t h e  t r a n s f e r  un/uO. This procedure is 
discussed i n  more d e t a i l  i n  FANT (1985). One can v e r i f y  that  it is 
poss ib le ,  when using t h e s e  equat ions,  to  i n s e r t  a t  any p o i n t  i n  t h e  
cascade any quadripole of another type, fo r  instance, para l le l  or series 
impedances (see Fig. 4), o r  a lorn network. 

This is this l a t t e r  m e w  which has been implemented and used in 
our model. 

1.3 DEXERMINATIOCJ OF POLES AND ZEROS 
Once we have obtained the  t ransfer  function of tile vocal tract a t  

any given frequency, t h e  problem is t o  decompose th is  funct ion  i n t o  a 
quotient of two polynomials i n  the form of: 
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When E = 0 the horn is catenoidal; when E = oo the horn is exponential; and when 
E = 3 - with h approaching infinity, the horn is conical. h 2 

Resonator length I 
Nominal characteristic impedance Zo = oc/A0 
Nominal propagation constant yo = a +jo)/c9 
Horn cutoff frequency oo = clh 
Propagation constant Y = yo(l - u ~ , ~ / w " ~  = yOmr 
Transfer constant r = 1 . ~  

Z = Zo/ t (increasing area) 
Characteristic impedance 

Z = Z o - ~  (decreasing area) 

Series element of T-network Y I  a = Z tgh- 
2 

Parallel element b = Z/sinhyl 
Transformer impedance ratio mz = AdA,  

f = -Z,,hyo coth - + E , d 1 

zo 1 g = -  coth-, and 
 YO h 

Increasing area , Decreasing area 
d f g  J 

Catenoiaizl horn 00 -Z&yo coth- 0 I -2, I - 
h 

t h-. 
hyo h 

Exponential horn Z&yo -z,,hYo Zolhyo - Zolhy,. 
Conical horn ZWO - zo(xo + OYO Z O / ~ O Y O  -z&o f I)YO] 

Fig. 3. Netmrk representation of horn sections. 
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In practice, we sha l l  be looking only fo r  a l i m i t e d  amount of poles 
and zeros, up to a given frequency l i m i t .  

1.3.1 Principle 
We use one of the methods proposed by FANT (1960, p. 41) f o r  

deal ing  with a l l  pole  funct ions T(s) = ~ / N ( s ) .  The same method a l s o  
applies to a zero function (these have to be deal t  w i t h  separately, see  
Section 1.3.4). F i r s t  we should notice tha t  a function T(s) containing 
poles only is, i n  the loss-less case, the inverse of a product of terms 
l ike  (1-s2/sn2), with sn = js. This function has a r ea l  par t  only, and 

t h e  poles correspond t o  the frequencies a t  which 1 / ~ ( s )  = 0. I n  t h e  
more genera l  case, when t h e  losses a r e  not  n u l l  bu t  smal l ,  t hese  pole  
frequencies a re  s l igh t ly  modified. An imaginary part appears in T(s) 
and we can then write: 

The search  f o r  t h e  poles involves two s t eps .  The f i r s t  is t o  
determine the values of sn = j'Lhl f o r  which N b ( s )  equals zero. Then w e  
use a f i r s t  order approximation of N ( s )  i n  the vicini ty of its zero: 

N ( s n )  = 0 leads then t o  

I f  we  write 

and i f  we note that 

the following results are obtained: 



with 

The principle of the program is thus to calculate N~(w) sampled 
with a certain frequency increment to look for changes of sign. Zero 
crcssings are obtained by linear interpolation. The derivatives N,' and 
NbO are approximated by finite differences. In this way, we can 
determine dn and Awn . 
1.3.2 Applications 

In order to check the validity of the previous equations, we ap- 
plied these equations to two simple cases: the transfer function of a 
uniform tube, which has the form : 

and a single second order resonance or low-pass filter, with 

The actual poles of the function, analytically solved from the 
zeros of ~/T(s) are: 

for the uniform tube, and 

for the single resonance. 
The maximum amplitude frequencies of T(s) and the -3 dB budwidths 

are for the unifonn tube and the single resonance, respectively: 

and 



Finally, the  method ws want to test leads to the  following results: 

fo r  the uniform tube, and 

f o r  t h e  s i n g l e  resonance. One can n o t i c e  that,  f o r  the uniform tube,  
t h e  t h r e e  d i f f e r e n t  e s t ima tes  of the poles  are i d e n t i c a l .  For t h e  
s i n g l e  conjugate  p o l e  resonance, the frequency of maximum ampli tude 
d i f f e r s  from the pole frequency, and i n  fac t ,  i f  we use the Awn correc- 
t ion  (which appear as second term i n  F1 and F2 expressions), our inter- 
polation generates a pole frequency equal to the frequency of maximum 
amplitude. This correction is of the second order, an3 the discrepancy 
could be explained by the  f a c t  that, i n  order to derive this correction, 
we  used only a f i r s t  order expansion of T(s). A second order expansion 
would lead to very complex equations and has not been used. 

I n  o rde r  to  test  th is  r a t h e r  s imple  method, we have checked t h e  
r e s u l t s  obtained wi th  t h e  Russian vowels (see d e f i n i t i o n  i n  Sec t ion  
3.1). Table 1 shows the comparison between the computed poles and hand- 

widths, and the values obtained by determining manually the frequencies 
corresponding t o  peak values of the abso lu te  value of t h e  t r a n s f e r  
funct ion,  computed w i t h  a frequency increment of 1 H z ,  and t h e  -3 dB 
bandwidths. Moreover, we g ive  t h e  c o r r e c t i o n  cornputed from Eq. 11. W e  
can s e e  t h a t ,  i n  m o s t  of t h e  cases ,  t h e  r e s u l t s  a r e  better when t h i s  
frequency c o r r e c t i o n  is used. This a way to  v a l i d a t e  t h e  method. An 
argument fo r  the method is that an equal spacing of poles minimizes the 





dis tance between pole frequency and maximum amplitude frequency. A 

shortcoming is when two poles merge t o  a s ing l e  spec t ra l  peak. The 
bandwidth values do not check very well i n  some cases, but we cannot 
s t a t e  t h a t  the  -3 dB algorithm is the  be t t e r  one, s ince  it might be 

affected by neighboring formants (leading to a non symmetrical peak or  
to a missing -3 dB point). 

1.3.3 Loss-less case: interpolation method 
In order to ensure a sufficient precision, the previous method must 

be used with a relatively small frequency increment, around 20 Hz, which 
means 250 points  i f  w e  need the  poles up t o  5 kHz. This is not a grea t  
problem, especially i f  we need to plot the corresponding curve (see Fig. 
16c, for instance) a t  the same time. But, i f  a rapid evaluation of the 
pole frequencies fo r  a given vocal t r a c t  configuration is needed, an- 
other method can be used. We f i r s t  ca lcu la te  the  values y(£) = Nb(f) 
for increasing frequencies fn  with a relatively large frequency incre- 
ment (a few hundreds Herz) unti l  a sign reversal is found ( ~ ~ - ~ . y ,  < 0). 
We then cohnpute the derivative 

and the first estimate is - 

The following estimates are also computed: 
r 

from j = n t o  j = n+k, s o  t h a t  A f n+k < 1 Hz. The f i n a l  pole frequency 
value F1 = fn+k+l is now determined with an accuracy of about 0.1 Hz. 
In a l l ,  l e s s  than 40 points  on the  vocal t r a c t  t rans fe r  function is 
needed for the calculation of five formants (FANT, 1985). 

1.3.4 Independent determination of poles and zeros 
A useful procedure is to determine the pole part N ( s )  and the zero 

part A(s )  of the transfer function 



Fig. 5. Input impedance of a loaded quadripole. 

Fig. 6. Exanple of a consonantal m a 1  tract configuration. 



separately from the  analysis of the equivalent network. As i l l u s t r a t ed  
i n  Fig. 6, we may introduce a g l o t t a l  volume velocity source I prwid-  

9 
ing an open c i r c u i t  pressure Ec substituting the t rue  consonant source 
Ec a t  the l e f t  of t h e  s w i t c h  i n  series w i t h  Ec. The transconductance 
1~1% may now be broken up in to  t w o  parts: 

I f  there are no resonances causing smrt c i r cu i t s  in  the shunting 
branches of t h e  ladder  network, both 10 /~g  and E ~ / I ~  w i l l  be a l l  po le  
funct ions  without  zeros and may be c a l c u l a t e d  from t h e  procedure i n  
Sec t ion  1.3.1. The poles  of EC/1 are t h e  zeros of I /E  and, thus,  9 9 .C 
const i tute  the zero function A ( s )  of T(s). I f  s h o r t c i r c u i t l n g  branches 
occur to  t h e  l e f t  of Ec only,  t h e r e  e n t e r  i d e n t i c a l  ze ro  funct ions  i n  
I I and E,/I which ev iden t ly  cancel  i n  ~ ( s ) .  There remains i n  T(s)  
01 9 9 

the pole function part of I I and the pole function of ~ ~ 1 1 ,  which is 
the zero function of T(s). 

01 9 

The procedure f o r  eva lua t ing  t h e  ze ro  func t ion  A ( s )  is, thus ,  t o  
start from ~ 1 %  which is divided, i.e.,inverse f i l te red ,  by the product 
of shunting zero functions. The same procedure is applied to I I f o r  

01 9 
s o r t i n g  o u t  the po le  funct ion  N ( s ) .  S h o r t c i r c u i t i n g  branches t o  the 
r i g h t  of t h e  consonantal source  are included i n  t h i s  process  of pur i -  
fying 1~11~  but do not a f f ec t  the calculation of the zero function A(s). 

This genera l  approach is a l s o  use fu l  f o r  dea l ing  wi th  nasa l  con- 
sonants and nasalized vowels. 

2. Vocal tract ccmputation : losses and boundary conditions 
I n  t h i s  p a r t  w e  analyze, one by one, t h e  d i f f e r e n t  l o s s e s  i n  t h e  

vocal t r ac t ,  and the boundary conditions. W e  describe d i f fe rent  solu- 
t ions (radiation and wall impedances), and try to assess their influence 
on the poles ,  zeros,  and bandwidths of t h e  vocal  tract t r a n s f e r  f unc- 
t ions.  

2 .1  RADIATION IMPEDANCE 

I n  this  s e c t i o n  we f i r s t  desc r ibe  d i f f e r e n t  models of r a d i a t i o n  
impedance, then present some comparison results.  

2.1.1 Different m e l s  
The radiation impedance loads the end of the vocal t r a c t  line: this 

impedance conta ins  a r e s i s t i v e  p a r t  i n  which t h e  r ad ia t ed  energy is 
consumed i n  ser ies  w i t h  a reactance representing the effect ive m a s s  of 
v i b r a t i n g  a i r  a t  t h e  l i p s  (FANT, 1960, p. 34). 
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2 .l. 1.1 Piston in sphere model (PIS) 
The basic model commonly adopted is the model of a vibrating piston 

set in a spherical baffle; the equations have been derived by MORSE 
(1976, p. 323 ssq.); we use a computer subroutine written by U.K. LAINE 
(personnal communication). Fig. 7 shows the real and imaginary parts 
of the normalized radiation impedance ZR/(pc/%). where ~g is the mouth 
area, for two different areas. 

This model involves the calculation of series and is, thus, not 
very efficient computationally. For this reason we have looked into 
other models also. 

2.1.1.2 STEXENS, KASCIWSKI. 61 FANT model (SKF) 
In 1953, STEVENS, KASOWSKI, & FANT reported the use of an analog 

electrical network to fit the theoretical model at low frequencies. 
This model is depicted in Fig. 8. It was incorporated in the LEA 
analog, FANT (1960). The normalized impedance is presented at Fig. 9 
for two different mouth areas, in comparison with other models. 

2.1.1.3 WAKITA & FANT model (WF) 
Another model is the one used by WAKITA & FANT (1978). Their 

radiation impedance is defined by: 

with 

and 

where ~ ( w )  is defined by 

8 For XOI we use the approximation = 0.8, in order to conform to 
FANT'S expression (1960, p. 36) of the "end correction" : 

Fig. 9 shows the behavior of this model also. 







Table I?a- Effects of different models of radiation impedance on the 
pole frequencies of the F&ssian vowels. 

(A) pole frequencies with the PIS model (imaginary part only), 
(B) 'I 

I 1  with the WF model ( I 1  " 1 1  

(C) difference ( B) - (A) / (A) , in % , 
( B' ) ple frequencies w i t h  the SKF &el ( imaginary part only) , 
( C' ) difference ( B' ) - (A) / (A) , in % . 

Remarks : 
- neither the losses nor the wall impedances and the subglottal 

system are taken into account ; 
- the figures between parenthesis represent the radiation areas . 



Table 1133. Effects of different models of radiation impedance on the 
bndwidths of the Russian vowels. 

(A) bandwidths with the PIS model (real part only), 
(B) II with the W F  &el ( I' " ]I 
(C) difference ( B) -(A) / (A) , in % , 
(B' ) bandwidths with the WF model ( " " )I 
(c') difference (B')-(A)/(A), in %. 

Same remarks as for Table IIa. 



Table IIa. hf luence of the  r e s i s t i v e  and inductive p a r t  of the  radia t ion 
impedance (PIS model) on the  poles and bandwidths, fo r  the  Russian 
vuwels . 

(A) pole frequencies with a short c i rcui t  a t  the muth, 

I:{ :: n o  for R ~ ( Z R )  = 0 and I ~ ( Z R )  # 0, 
I I  

for R e ( Z R )  # 0 and Im(ZR)  # 0, 
(D)  difference (B)-(A)/(A) , i n  %, 
(E) bandwidths for m(ZR) = 0 and &(ZR) # 0, 
(F) It for I ~ ( z R )  # 0 and R ~ ( Z R )  # 0-  

Same remarks as for Table IIa. 



essentially a differentiation. A more exact formula is given by FANT 
( 1960) : 

The factor %(w) is a smooth high frequency emphasis of about +1.5 
dB per octave from 312 Hz to 5000 Hz. It represents the combined 
effects of directivity (baffle effect) and increase of radiation resist- 
ance in excess of the frequency proportionality. Because of lacking 
experimental verification %(w) is generally omitted from calculations. 
However, for more detailed studies of the fricative generation, it 
should be taken into account together with the assumed initial frequency 
weighting of a random noise source. 

2.2 VISCOSITY AND HEAT CONWCTION IDSSES - COMPLM -STICS 
2.2.1 The formulas 

The viscosity and heat conduction losses within a section of a 
cylindrical tube may, according to FANT (1960) and FLANAGAN (1972), be 
represented by a resistance R (viscosity) and a conductance G (heat 
conduction), see Fig. 2, 

and 

where 7 is the adiabatic gas constant, and (I, h and are the visco- 5 
sity, the coefficient of heat conduction, and the specific heat of air. 

From this and from Fig. 2, we can derive: 

and 



REAL PART IMAGINARY PART 

Fig. 9. Canparison of the radiation impedances for 3 rrrodels. 
(1) Piston in Sphere model, 
(2) Stevens-Kasawski-Fant mdel, 
(3) Wakita-Fant mdel. 









which, after sane simplifications, leads to the approximation: 

where 

F = 
1 - -  1 

, C  = -  , and Zo = g. 
W 

Thus, the wall impedance loading may be omitted and subtituted by 
a frequency transformation such that the velocity of sound and the 
attenuation constant may be rewritten: 

Since the formant frequencies are proportional to c, there follows 
that any formant frequency Fn can be derived from the infinite wall 
impedance case Fd by: 

Furthemre, the -width increase due to the walls is: 

Even with the more common assumption of wall thickness, D being 



independant of A(x) ,  Eq. 38a holds for the low frequency of the f i r s t  ! 
formants. 

I 

It should be remarked that the network i n  Fig. 11 is not a ccanplete 
representation of the wall impedance. The wall compliance and the wall 
radiation impedance have been omitted. We could use a radiation imped- 
ance i f  we want to  mix i n  oral and nasal outputs as well as the sounds 
externally radiated by the walls of the tract, see FANT (1972). 

2.3.2 L,umped wall impedance models 
O u r  insight i n  the actual distribution of the wall impedance and 

its dependency of the cross-sectional area remains rudimentary. How- 
ever, it i s  important to  see to  that the actual distribution adopted 
w i l l  provide closed tract resonances and bandwidths of the order of FW = 
180-200 Hz and BW = 70-90 Hz, and abut  20% higher values for an average 
female subject. 

Since the wall effects are predominant i n  a low frequency region, 
it should be possible to  attain the required overall effects by a few 
lumped impedance elements. Tkis view was also supported by the oberva- 

tion of FANT e t  al. (1976), that the maximum vibrational amplitude 
measured externally was localized to one area just above the larynx a d  
one a t  the cheeks. An implementation of this type i s  shown i n  Fig. 12. 
The model was tested by WAKITA & FAWT who found that the assumption of a 
wall loading independence of the cross-sectional area A(x) gave rather 
too large F1 shifts for a vowel [a]. We have, accordingly, modified the 
impedance level of toul lumped branches by a factor (6/pm)Oo5 where 
is the mean area over a 4 c m  part of the area function centered around 
the insertion points of the shunts. These two probe areas terminate a t  
the lips and a t  the outlet of the larynx tube. The narrowing of the 
lower pharynx and larynx of [a] is now matched by an increase of the 
wall impedance factor. 

2.3.3 Calculations 
We have made calculations of the formant frequency shifts i n  each 

of the s i x  Russian vowels and a neutral single tube resonator when wall 
impedances are included by their imaginary terms only. Because of the 
high Q conditions, F ~ / B ~  = of the order of 2-3, this is allowable as 
found out from controls retaining the real part of the wall impedance 
which did not significantly influence the results (less than 1%). 

Three different conditions were tested: 

(1) lunped element representation according to  Fig. 14 with area in- 
dependant impedance level; 

(2) the same with impedance level adjusted by the factor (6/%)Og5; 

(3) frequency t r a n s f i t i o n  technique assuming distributed impedance 
with wall thickness proportional to A-O*~,  Fw = 190 Hz and = 76 
Hz. 





Table IVb. IBndwidths for the Ftussain vowels with different yielding 
wall models. 

(A) area independant lumped w a l l  impedances (canplex values) , 
(B) area dependant lumped wall impedances (complex values), 

( c )  frequency transformatiors c = ~ ~ . ( ~ - ~ ~ 2 / ~ 2 ) - 1 / 2 ,  - 
n ~~z 

and"="',+-. 
C 
0 B2 + f2 

with Fw = 190 Hz andqa = 76 Hz. w 9 
C L 

- W 
(D)  formulas Fn2 = Fni2 + Q~ %W - B~ (T) 

n 
Remark : the radiation impedance is the imaginary part of the PIS model. 
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van den BERG e t  al. (1957) measured kg = 0.785, and ANANTHAPAD- 
MANABHA & FANT (1982) proposed kg = 1.1. 

Eq. 42 is implemented in  our model, and the factor kg can be given 
any value. 

2.4.2 Influence of the glot t i s  m a n c e  on the vocal t rac t  
Table V gives the pole frequencies for a uniform tube for different 

types of g l o t t i s  impedance. The subglot ta l  sys tem is removed and re- 
placed by a shor t -c i rcui t ;  there  a r e  no vocal t r a c t  losses,  and the  
radiation impedance is short-circuited. 

We can check t h a t  the  pole frequencies a r e  independent of the  
g l o t t i s  resistance,  i f  there  is no g l o t t i s  inductance. On the  other 
hand, the sh i f t  caused by the inductance is insignificant i f  the glot t is  
resistance is used. Finally, the bandwidths are very much affected by 
the  inductance. 

FANT & LILJENCRANTS (1979) have shown t h a t  the  main cor re la te  of 
perceived formant i n t ens i ty  is the  mean value of the  corresponding 
formant oscillation during a fundamental period. If the glottal  closed 
s t a t e  occupies more than one half of the  period, the  mean value of the  
formant amplitude w i l l  not change much in  comparison w i t h  a moderate and 
a very large damping i n  the  open phase. With a very large damping i n  
the  open phase, it is the  r e l a t i ve  duration of the  closed phase ra ther  
than the degree of damping which determines the formant amplitude and, 
thus, i nd i r ec t ly  a measure of the  e f fec t ive  bandwidth. Therefore, the  
frozen s ta te  calculations of the glottal  contr ikt ion to formant band- 
widths are not a reliable s u b t i t u t e  for an exact interactive calcula- 
tion procedure, see further ANZWEUPADMZUGGWl & FANT (1982) and FANT & 

ANANTHAPADMANABHA (1982). 
For the  present study we have selected Ps = 16 cmH20, % = 0.027 

2 mm , lg = 1.2 cm, d = 0.3 cm, and kg = 1, which represent a ra ther  small  
g lot ta l  opening. The calculated + = 49R and % = 2219 i n  a l l  acousti- 
c a l  ohms lead t o  a t o t a l  res is tance of 6.7 pc. The r e su l t s  of the  
bandwidth calculat ions a r e  reported i n  Table V I .  The e f f e c t  of the  
g l o t t a l  load is la rges t  on formants t h a t  a r e  associated with the  back 
cavity. 

2.5 THE SUBGLMITAL SYSTEM 

2.5.1 Description 
When the glot t i s  is open, its impedance is no longer very high, and 

thus, the  coupling between the  lungs and the  vocal t r a c t  is no longer 
negligible, for instance, it happens that some extra resonances appear 
i n  the  spectra  of ce r t a in  sounds (FANT, 1969; FANT e t  al., 1972). I t  





Tab lem,  Influence of the subglo t ta l  systern on the Russian -1s. 

(A) pole frequencies i n  the lossless case, 
( B )  pole frequencies with g l o t t i s  + subglot ta l  system, 
(C) pole frequencies with t h e  g l o t t i s  only, 
(D)  d i f ference (B)-(A)/(A) ,  i n  %, 
(E)  bandwidths with g l o t t i s  + subglot ta l  system, 
(F) bandwidths with t he  g l o t t i s  only 

All losses and inductances are nul l ,  except for t h e  subglot ta l  system ; 
P~ = 16 cmH2O. Pq = 0.027 c m 2  and lg = 1.2 cm. t h a t  is 
Fg = 2 7 0 n  and Lg = 12.67 mH. 



is, thus, important to have a model of this subglottal system, and to 
connect it to the vocal tract electrical line. 

FANT et al. (1972) have derived a model of the subglottal system 
and resonance properties of its input impedance. We represent this 
input impedance by three RLC modules as specified by ANATHAPADMANABHA & 

FANT (1982) (see Fig. 13). The frequency characteristics of this imped- 
ance is shown in Fig. 14. It is clear from this figure that there are 
three poles, and three zeros, of which the first one is at the zero 
frequency (the lung volume capacitor approximated by a skrortcircuit). 

2.5.2 Influence on the vocal tract 
The influence of the subglottal system on the poles and zeros of 

the vocal tract is rather complex. It is obvious that this influence 
depends very much on the glottis impedance and also on the position of 
the pressure source. 

In fact, since the glottal impedance in normal voicing is relative- 
ly high, the role of the subglottal system is small. It is possible to 
verify this assumption from Table VI, where we can see that the major 
modification to the poles and the bandwidths is due to the glottis 
impedance itself and not to the sukglottal system. 

2.6 CONSTRICTION 
To compute the resistance at a constriction in the vocal tract, we 

first compute the DC glottal air flow from the lung pressure and the 
overall aerodynamic resistance, the main part of which resides either in 
the glottis or in the supraglottal constriction, compare Section 2.4.1. 
We assume that the volume velocity flow is the same in the whole vocal 
tract. The average particle velocity in a constriction of the cross- 
sectional area %, is thus vc = uC/2ic. 

According to FANT (1960, p. 173-174), there are three different 
sources of resistance. The first one corresponds to the BERNOUILLI 
equation, written with the coefficient kc (see Eq. 40a), for a small 
signal approximation: 

The second term comes from the laminar streaming: 

where 1, is the length and dc the diameter of a constricted (cylindri- 
cal) tube. 



.............................. 

..................... ...................... ............................................................... ...................................... , 

0 5 10 15 20 cr 

I; glot t is  I,w2 L,, lmouth  

Fig. 12. Lumped yielding walls repmsentatim. 
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The third term, corresponding to the t u r h l e n t  flow, is: 

w i t h  

and 
vcdc R = -  

e v 

being the FEYNOLLk number fo r  the constriction; v is the kinematic coef- 
f i c i en t  of viscosity, defined as the ratio of the viscosi ty  coeff ic ient  
to the density of the gas. 

I n  f a c t ,  f o r  c o n s t r i c t i o n  s i z e s  usua l ly  encountered i n  speech 
production, the laminar streaming term is negligible compared to the one 
corresponding t o  t h e  f low turbulence  i n  a tube,  and t h i s  latter is 
usually smaller than the EERNOUILLI term. More specifically,  the nature 
of t h e  r e s i s t a n c e  depends on t h e  type  of f l o w  i n  t h e  tube  and, thus ,  a 
choice should be made between t h e  laminar  and t h e  t u r b u l e n t  t e r m s ,  
deperding on the REXNOLLk number at  the constriction. 

The R1 resistance is related to  the compression of the flowing air 
ve ine  from a l a r g e  a r e a  to  a s m a l l  one: it can, thus ,  be located a t  the 

upstream i n l e t  of the  constriction. The turtxllent term corresponds to a 
resistance which is spread along the constricted tube, tut, since it is 
somewhat smaller than the F3EFWOUILLI resistance, it can be lumped into 
t h a t .  Thus, we w i l l  use on ly  one r e s i s t a n c e  a t  t h e  i n l e t  of t h e  con- 
s t r ic t ion .  W e  determine the tube wich has the smallest area, aid insert 
t h i s  r e s i s t a n c e  i n  series between t h e  T - c e l l  corresponding t o  t h i s  
constriction tube and the previous one. 

2.7 HORN SM;TIW 

W e  have a l r eady  given t h e  network r ep resen ta t ion  f o r  a r a t h e r  
general type of horn sections. Some preliminary experiments showed that 
it is important  to  d e f i n e  t h e  vocal tract shape i n  t h e  v i c i n i t y  of a 
consonantal source  wi th  a g r e a t  p rec i s ion ,  i f  we want t o  be a b l e  t o  
s tudy  t h e  e f f e c t s  of a s h i f t  of t h e  source  loca t ion .  I f  w e  want t o  
avoid an exceedingly large amount of s m a l l  tube sections to represent 
the tract, the  horn sections seem to be a good solution to this problem. 
A s  a p r a c t i c a l  modular u n i t ,  w e  decided t o  use  con ica l  horns,  and to 
define the constriction i n  the way shown by Fig. 15. Another a l tem- 
t ive,  which is simpler fo r  overall  cavity shape modeling, is the cate- 
noida l  horn. I t  is less s u i t e d  f o r  m u l t i p l e  cascading to  s tudy  t h e  
influences of the source locations. 



The equat ions f o r  the con ica l  horn a r e  obtained by using 

w i t h  h going to  i n f i n i t y ,  i n  t h e  equat ions of Fig.3. W e  use  on ly  t h e  
increasing area model i n  both forward and backward directiorr; deper-ding 
on the end areas of  t h e  cone. 

In order to introduce the viscosi ty  and heat conduction losses, we  
have defined an average value o f a .  

We know that the area function is: 

For a very s m a l l  section, dx long, we  have: 

Thus, we can define 

This average value is used i n  t h e  T-cell  p a r t  of t h e  network i n  
Fig. 13. W e  have checked fo r  several configurations that approximations 
w i t h  0.1 c m  long tube sections provide pole frequencies within 1 Hz of 
the conical horn models and bandwidths within 10-20%, depending on the 

cone angle  ( t h e  f i t  is better f o r  s m a l l  angles) .  This accuracy is 
judged to be satisfactory. 

3. Applied studies 
I n  t h i s  p a r t  w e  r e p o r t  on vocal  t r a c t  s imula t ions  appl ied  t o  t h e  

re ference  Russian vowels. Then, we g ive  t h e  r e s u l t s  of a p re l imina ry  
study on one constrictive consonant, and, f inal ly ,  provide some data  on 
helium speech. 

3.1 REFERENCE: DATA FOR THE RUSSIAN VOWELS 
By "I?ussian vowels" we  mean the s e t  of vocal tract configurations 

corresponding to the ar t iculat ion of the  Russian vowels [a] , [el, [ i] , [ol 
[u], and [*] s tud ied  i n  FANT (1960). The f i r s t  l i n e  (x = 0) of the 













Fig. 17. Transfer function between radiated pressure at the muth and 
consonantal source pressure, for the /g/ con£ iquration in 
the FANT (1960) conditions, that is: 
- infinite wall impedances, 
- glottis resistance of 5 pc (no glottis inductance), 
- tongue pass resistance of 0.25 pc, 
- pressure source in the middle of the constriction. 

Fig. 18. Influence of the glottis and constriction resistances. 
(1) neither glottis nor constriction resistances (L =O), 
(2) glottis resistance only ( =8.5 L =O), g 

(3) constriction resistance o%y (<=I 9 . 3 ,  $=O) , 
(4) glottis and constriction resistances (Lg=Ol. 



1 Fig. 19. Influence of the g l o t t a l  opening. 
I 
i (a) no g l o t t a l  inductance: 

(the four  curves are sh i f t ed  10 dB £ran each other f o r  b e t t e r  
readab i l i ty )  

(b) w i t h  g l o t t a l  inductance: 
(3) and (4) are t h e  s m  as i n  (a) , without g l o t t a l  inductance, 
(5) = 0.1 cm2; % = 43.2n;  L~ = 3.4 m ~ ;  R, = 2.6711; 
(6) Pg =0.025&; Rg =230.0P; Lg =13.7 mH; R, = 0.670; 

I 

i (the curves (3) and (5) are sh i f t ed  20 dB above (4) and ( 6 ) ) .  



3.2.4 Influence of the source location 
Fig. 20 shows the influence of the source location on the transfer 

function. It appears that, as long as the source is located in the 
vicinity of the constriction where the corresponding area is small, a 
small shift of the source has an effect limited to a small shift in the 
frequency and the level of high frequency zeros. But if the source is 
located inside the large cavity downstream of the constriction, a small 
shift of the source leads to a substantial shift in frequency of the 
upper zeros arrd some reduction in the F3 level. These zero shifts were 
expected since the volume of the part of the front cavity behind the 
constriction varies significantly when the source is shifted due to the 
fairly large cross-sectional area. When the source is shifted to the 
inlet of the teeth path (curve (6)), the main effect is a high frequency 
emphasis related to an additional zero below the main formant. 

We may conclude from this preliminary study, that our model is a 
useful tool allowing a detailed study of different aspects of speech 
production theory, including consonants. 

3.3  HELIUM SPEECH 
I In this section we compare the poles and bandwidths obtdined for 

normal speaking conditions, that is, the air at a pressure of 1 Atmos- 

phere, with m e  obtained for a presumed diving condition assuming a 
depth of 300 m and a helium/oxygen breathing mixture of 99% He and 1% 

O2 
For both conditions studies have been undertaken of incremental 

bandwidths, i.e., differential contributions from various dissipative 
elements within a neutral tube model. For the set of Russian vowels, 
the comparison involves formant frequencies and total bandwidths. 

As 2 The glottis state is the one used in Section 2.4.2 ( = 0.027 mrn , 
Ps = 16 cm HZO, lg = 1.2 cm, d = 0.3cm, kg = 1) for all the calcula- 
tions. The following physical constants have been adopted: 

the subscript h standing for heliox at 300m depth, am3 the subscript 0 
for air at normal pressure*. 

* 
These have been chosen to allow ccanparisons with results from calcula- 
tions of M.R. RICHARDS & R.W. SHAFER (personal ccpnrrrunication). 



Fig. 20. Influence of source location. 
The figure has been split into three parts for better 
readability. xs = 0 corresponds to a source located 
at the outlet of the constriction, which is the tube 
of 0.4 an length and 0.4 an2 area (see Fig. 16a). 

( 1  -> xS = -0.4 a, (4) -> xS = +0.4 Crn, 
(2) -> xs = 0.0 an, (5) -> xs = +0.5 ~ r n ,  

(3) -> xs = + 0 . 3 ~ r n ,  (6) ->dental source. 

The conditions are 2 $ = 0.1 an , F$ = 4 3 . 2 4  
Lg = 3.4 mH, R, = 2. 7n. 
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3.3.1 Incremental bandwidths for the uniform tube 
I n  the loss-less case, without the wall loading and radiation 

impedances, the poles frequencies are evidently proportional to the 
velocity of the sound, c, and, thus, would be expected to increase by 
the factor K = ch/co. Taking into account the wall impedance loading 
(FANT, 1972; FANT & LINDQVIST, 1968), by means of Eq. 38a, we arrive a t  
a frequency shift factor 

The expected shifts of incremental bandwidths w i l l  next be treated. 
The viscous and thermal losses are subjected to the following 

proprtionalities : 

% w c - a R Y E  fi; correcting factor: 0.51 ,/v o 

Since BR corresponds to  69% of the total  bandwidth and BG to  31%, 
the expected correcting factor is: 

If % i s  the radiation resistance, and i f  we neglect the wall 
impedances and the radiation inductance, we can show that the corre- 
sponding bandwidth is given by: 

i f  we suppose ~ ( w )  = 1. 
For the wall losses, we can derive: 



-om FANT (1972, p. 29), we know that: 

and so 

For the glott is  resistance, i f  we neglect a l l  the inductances 
(walls and radiation), we can s b w  that the corresporlding bardwidth is: 

The results are given i n  the Tables IXa and IXb for two different 
conditions : without glott is  inductance and withglottis inductance. 
One can verify that they check, a t  least i n  order of magnitude. Some 
discrepancies may be due to the fact that these formulas are approxima- 
tions only. 

In the heliox pressure case, the glottal inductance Lg being pro- 
portional to p , dominates the glottal impedance and, thus, screens off 
the glottal resistance from the vocal tract. Accordingly, glottal 
losses are minimized. Without glottal inductance, on the other hand, 
the glottal bandwidths increase by a factor of the order of 16. The 
extreme glottal bandwidths have relevance for "leaky" voices only. 

3.3.2 Ftussian vwels-Heliox conditions 
I n  Table X the pole frequencies and bandwidths for the Russian 

vowels are compared for normal speaking conditions and for the heliox 
mixture. 

As expected the frequency shift is very close to ch/co for F3, F4, 
and F5. A s  a consequence of the wall impedances, the ratio is much 
higher for F1 and F2 and is approximately predictable from Eq. 38a. The 

bandwidth shifts  display more complex patterns. However, a general 
okservation is that the order of magnitude of bandwidths shift factors 
is ch/cO. The wall impedances have a small part only i n  this shift and 
glottal losses are limited by the assumption of a f ini te  glott is  
iliiuctance. 

Appendix 
Here we give the values used througlmut the paper for the different 

physical constants. The values for air are given a t  normal atmospheric 
pressure. 



Normal conditions 

Fom. bb 1 2 3 

Bandwidths 

R & G  4.8 8.7 11.4 

Rad . 2.8 29.5 80.1 

Walls 10.6 1 .O .2 

G l o t .  15.6 16 .6 16.3 

All 33.9 55.6 107.5 

Heliox mixture 

Bandwidths 

Walls 28.4 2.68 4.3 4.30 -9 4.50 .5 5.00 .6 6.00 

G l o t .  249.8 16.01 321.4 19.36 294.2 18.05 273.7 16.79 274.5 16.74 

A l l  292.0 8.61 408.8 7.35 515.9 4.80 669.7 3.92 843.5 3.60 

Table omparison between t h e  incremental bandwidths f o r  normal 
speaking conditions and for  heliox mixture, without g l o t t i s  inductance, 
f o r  a uniform tube (16.54 c m ,  6 cm2). 

In a l l  cases, the imaginary pa r t  of the radiation load (PIS model) 
and of t h e  wal l  impedances (a rea  independant lumped impedances) were 
used. 

In  t h e  second p a r t  of t h e  t a b l e ,  f o r  each formant, t h e  second 
numrner is the r a t i o  between the value fo r  the heliox mixture and the one 
corresponding to the normal conditions. 

The g lo t t i s  resistance is 2 7 0 n  for  the normal conditions and 510 
for  the heliox mixture. 



Normal conditions 

Bandwidths 

R & G  4.7 

Rad . 3.1 

Walls 8.9 

Glot . 15.2 

All 33.5 

Heliox mixture 

Form. No 1 2 3 4 5 

Bandwidths 

R & G  4.7 1.00 8.7 1.01 11.5 1.01 13.9 1.01 16.0 1-01 

Rad . 10.6 3.42 78.9 2.65 220.3 2.74 403.2 2.84 587.6 2.87 

G l o t .  93.8 6.17 33.7 2.44 12.7 1.21 6.1 0.79 3.7 0.64 

All 135.6 4.05 125.7 2.38 245.1 2.40 422.8 2.60 606.1 2-70 

Table 1%. %nparison between t h e  incremental  bandwidths f o r  normal 
speaking conditions and fo r  heliox mixture, w i t h  g l o t t i s  inductance, for  
a uniform tube  (16.54 cm, 6 cm2). 

In a l l  cases, the  imaginary part of the radiation load (PIS model) 
and of  t h e  w a l l  impedances ( a rea  independant lumped impedances) were 
used. 

I n  t h e  second p a r t  of t h e  t a b l e ,  f o r  each formant,  t h e  second 
nummer is the  r a t i o  between the value fo r  the heliox mixture and the one 
corresponding to the normal conditiorls. 

The g l o t t i s  r e s i s t a n c e  and inductance a r e  270~1. and 12.67 mH f o r  
the normal conditions and 510n and 53.7 mH for  the heliox mixture. 







-- 
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