
Dept. for Speech, Music and Hearing

Quarterly Progress and
Status Report

Preliminaries to analysis of
the human voice source

Fant, G.

journal: STL-QPSR
volume: 23
number: 4
year: 1982
pages: 001-027

http://www.speech.kth.se/qpsr

http://www.speech.kth.se
http://www.speech.kth.se/qpsr




I. SPEECH PRODUCTION 

A. PRELIMINARIES TO ANALYSIS OF THE HUMAN VOICE SOURCE 

G. Fant* 

Abstract 
blajor problems of research into voice source acoustics related to 

synthesis by rule applications are discussed. A theoretical analysis is 
made of principle aspects of glottal flow shaping at varying lung pres- 
sure, glottal area- f unction, and m a 1  tract configurations. Covaria- 
tion of flow parameters with voice intensity and pitch is discussed. 
Spectrum matching techniques are illustrated by the use of a parameter- 
ized glottal pulse model (Fant, 1979a) and an analysis of the spectral 
consequences of formant time domain truncation due to glottal damping. 

Introduction 

In the past, modeling of the speech production process has been 

more concerned with analysis of vocal tract filter functions than with 

source functions. This is a natural priority for deriving essentials of 

a theoretical framework and has allowed for a reasonable quality of 

speech synthesis. However, there are considerable shortcomings in the 

present state of the art. We lack descriptive models of voice source 

variations with speaker, such as typical effects of age, sex, specific 

anatomical constraints, pathology, and speaking style. There still 

remains to parameterize and describe voice source variations within a 

linguistic frame of sentence, breathgroups, the immediate phonetic con- 

text, and prosodic categories such as lexical stress patterns, focus, 

reduction, and sentence intonation. Assimilations of voicing and voice- 

lessness and specific phonatory modes such as glottalization, can be 

better understood if described and quantified by time varying param- 

eters. 

One of the most apparent deficits of speech synthesis by rule is 

the lack of naturalness in producing female voices. This is not a 

matter of lacking data on source features alone. We need to incorporate 

more knowledge of female vocal tract functions and of source-filter 

interaction. The male domimce in the modeling of formant synthesizers 

is more deeply rooted than is generally understood. What is needed for 

the advance of the state of the art may be summarized as follows: 

(1) Improved acoustic models of voice functions including vocal tract 
source interaction. 

(2)  Time and frequency domain source models suited for parameterizatia. 

(3) Relations of source parameters to underlying physiological and 
aerodynamic parameters. 

(4)  Relations of source parameters to the phonetic frame and to speak- 
er/speaking particulars. These relations may in part be understood 
and formulated with reference to physiological pzrsmeters ( Fbthen- 
berq et al, 1975). 

* 
also in Working Paners, MIT Speech Group, 1982 I i 
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(5) Experimental techniques such as inverse filtering, glottography, and 
pressure/ f low transducers. 

(6) Analysis by synthesis techniques, e.g., spectrum matching, which can 
incorporate aspects of interaction effects. 

(7) Sufficient data collection and use of these models to allow the 
formulation of quantitative rules of synthesis applicable to various 
type of synthesizers, e.g., terminal-analog formant synthesizers. 
Me are still in a rather early stage of development of this area. 

The following is a status-of-theart-report. 

Glottal flow dynamics 

The most complete model of speechproduction is that of Flanagan 

and coworkers  lana nag an and Ishizaka, 1976; Flanagan et all 1975; Flana- 

gan and Ishizaka, 1978; Ishizaka and Flanagan, 1972) who havedweloped a 

twemass model of the vocal cords incorporated in a complete vocal tract 

network including the subglottal system, i.e., the lungs, bronchial and 

trachea and the supraglottal system including a finite cavity wall 

impedance and nasal system. Self-oscillation is insured by appropriate 

feedback of pressure/flow states affecting the mechanical system func- 

tion of vocal cord vibration. 

The two-mass vibratory pattern is accordingly under the influence 

of physiological parameters, i.e., lung pressure, muscular tensions, the 

rest position of the vocal cords, and the mass of vibrating parts to 

which adds the acoustic load of the sub and supraglottal systems. As 

long as the flow is not reduced by a supraglottal canstriction campar- 

able to that at the glottis, the glottal area function remains rather 

insensitive to articulatory variations. 

The glottal area as a function of time, Ag(t), is one candidate for 

an alternative source model oriented towards formant synthesis. One 

could thus start out with lung pressure Pt and glottal area ~ ~ ( t )  and 

solve for any flow and pressure within the comlete system, e.g., the 

output flow at the lips Uo(t) or the input flow to the supraglottal 

system ug(t), i.e., the glottal volume velocity flow. 

For the one-dimensional wave propagation Uo(t) is the convolution 

of u (t) with an all-pole system function. The reverse operation is 9 
what is aimed at in inverse filtering. It is to be noted that the 

inverse filtering requires setting of frequencies and bandwidths appre 

priate for an infinite impedance termination at the glottis. This is an 

important tie between theory and experimental techniques. 
I 



The glottal flow Ug(t) is not a simple function of Ag(t). In the 

first approximation ug(t) is proportional to ~ ~ ( t )  Next, we have to 

consider a skewing of the pulse U (t) to the right, i.e., a slower rise 9 
and faster delay than in ~ ~ ( t )  which is governed by the overall vocal 

tract inertia including the glottal inductance (~othenberg, 1981a). In 

addition, there enters a "ripple function" related to the overall sub- 

and supraglottal eigenmodes modulated by the time varying glottal im- 

pedance. This ripple function contains components excited during a 

previous voice cycle and excitations at the glottal opening and peak. 

In most instances the excitation at glottal closure is dominating. 

Because of the continuous variations of source and filter charact- 

eristics in human speech, the shape and ripple details of two successive 

flow pulses U (t) are never identical. Such perturbations probably add 
S 

to speech naturalness. At a high fundamental frequency, the ripple 

effects may become appreciable, Fant and Ananthapadmanabha (1982), and 

correspond to radical changes in the spectrum of the glottal flow. One 

aspect of formant ripple in the glottal pulse is the increasing rate of 

decay, in the first hand of F1-oscillation during glottal opening, which 

may cause a smaller or greater degree of "truncation" of the oscillatian 

preventing the carry-over of oscillatory energy to the next period. 

This effect is especially apparent in open vowels as [alproduced with a 

relatively narrow pharynx (E'ant, 1979a). 

There remains to develop quantified rules for predicting ripple 

effects from overall system parameters including articulatory states. 

We know more about the overall pulse skewing effects related to flow 

inertia. As pointed out by Rothenberg (1981a and 1981b), the inertia 

effect increases with vocal tract inductance and with glottal canduct- 

ance and has the overall efffect of increasig the rate of flow change 

just before closure which accounts for increased excitation power and 

thus increased formant amplitudes. A derivation of excitation trans- 

forms from the flow derivative was made by Fant (1979a) . Ananthapadma- 
nabha and Fant (1982) derived an expression for the pulse skewing as- 

suming a time bounded continuous glottal area function. 

Here follows an exact closed form solution for the flow ug(t) given 
lung pressure P1, a triangular glottal area function Ag(t), and a repre 

sentation of the sub- and supraglottal impedances by inductance elements 
I 

only. The triangular A (t) case is illustrated in Fig. 1. For simpli- 
9 

city, only the main determinants of pulse shaping have been included, 

thus omitting frictional resistance within the glottis and elsewhere, 



Fia. 1. G l o t t a l  fluw skewness assuming inertial loadinq and triansular slottal area function. 
----- 
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and the glottal inductance is included by its mean value only and lumped 

together with the total loop inductance L. If a short circuit is 

substituted for this load, we define a hypothetical flow UgO(t) = ~g(t) 

v such that the particle velocity vgo follows the Bernoulli equaticn 90 

where v is a constant since PC is a constant. A mean value of k=l 
90 

(which in reality is a sum of time varying glottal entry and exit 

coefficients) is adopted here. Eq. (1) lacks physical reality but 

serves to define a convenient parameter vgoo The instantaneous value of 

transglottal pressure Ap(t) (excluding pressure drop over the glottal 

inductance L~ = glg/~(t)) is on the one hand related to the instanta 

neous value of glottal particle velocity by the equation 

On the other hand, by the loop equation 

where vg(t)Ag(t) = Ug(t), is the glottal volume velocity. Rfter 
differentiation and introduction of the relative particle velocity x = 

v~(~)/v, we end up with an equation 

x2 + ax + bx' = 1 

where 

1 LAg E LA- 
a = b' = IL~~' = 

(c~k/2)v go = 
t,m 

The triangular area function ~ ~ ( t )  is assumed to be s ~ e w i c a l  w i t h  a 

base length of 2tf. The parameter gee is the glottal conductance deri- 
vative in the noload, short circuit case. The solution for the rising 

branch at -tf < t < 0 is a constant velocity slope I 



For the second interval,  0 < t < tf the  solution becomes 

f x  = '$ '+41+a2/4 '  artanh Y 

The g lo t t a l  flow is now 

U g ( t )  = XVgO %(t) 

A t y p i c a l  v a l u e  of t h e  p a r a m e t e r  a, assuming a n e u t r a l  t u b e  

configuration, is a = 0.34 corresponding t o  a lung pressure of P1 = 5 cm 

H2°, Agmax = 0.2 crn2, a g l o t t a l  pu l se  l eng th  2 t f  = 5 m s  and a total  
inductance of 7 mH. The l imi t ing  values of Eq. (7) a t  t=tf is 

o r  a +1.4 dB inc rease  i n  U ' ( t )  a t  c losure ,  which means 1.4 dB h ighe r  
9 

formant amplitudes than i n  the short  c i r c u i t  case. If  the ar t iculat ion 

is  changed towards a vowel [i] w i t h  L = 12 mH, w e  g e t  a=0.57 and x=1.35 

o r  a 2.5 dB inc rease  of  t h e  f l o w  d e r i v a t i v e  a t  closure.  With an addi- 

t iona l  shortening of the pulse length by a factor  3, w e  note a parameter 

a=1.71 and x=2.2, o r  +6.7 dB, w h i l s t  t h e  peak f low Ugmax has  decreased 

t o  t h e  o rde r  of  0.6 of i t s  n e l o a d  value. 

The maximum skewness, i.e., maximum a, is a t t a i n e d  wi th  a sma l l  

lung p res su re  P1, a s m a l l  du ra t ion  of  t h e  c los ing  branch of  A (t), a 
9 

large g l o t t a l  area, and a large max vocal t r a c t  inductance EL. P h y s i e  

logical and aerodynamic constraints appear t o  exclude extreme covaria- 

t i o n  i n  t h i s  d i r ec t ion .  Under normal condi t ions  f o r  a m a l e  voice,  w e  

may thus expect vowel specif ic  variations of excitation related to pulse 

skewing over a range of l e s s  than one o r  t w o  decibels in x with greater  

va lues  f o r  [i], [u], and [a] than f o r  [E] or [a ]  . A t  h igher  degrees 

of constriction than i n  vowels, there is a reversal towards lower exci- 

ta t ion  because of supraglottal constrictions reducing the t ransglo t ta l  

p res su re  drop and increased a c o u s t i c  loading. The skewness funct ion  

ca lcu la t ed  by kcthenberg (1981a and 1981b) i s  p r i n c i p a l l y  t h e  same a s  

o m s  but leads t o  exaggerated conclusions concerning the closing slape. 

A s  already pointed out by Rothenberg (1981a), h i s  derivation was based 



on a linearly time varying conductance which is not the same as our 

physically more realistic model of a linearly varying area function 

%(t). Our instantaneous value of glottal conductance 

is flow dependent as required by theory. ~othenberg's modeling gave 

infinite negative slope for a=l (his Lt=l). For this parameter value 

our model provides the more moderate value x=vg/vgo=1.62 or a 4.2 dB 
increase in the flow derivative at closure. 

However, there still remain uncertainties (Gauf fin et al, 1981 ) 

concerning the temporal variation and flow dependency of the factor k in 

Eq. (2) and the range of variation of inductance terms. An increased 

inductance originating from a constriction at the false vocal cords or a 

low k would add to the skewness effect. It should be kept in mind that 

the pulse skewing effect by definition reflects the time variation of 

particle velocity vg(t) = ug(t) / ~ g (  t) 

For small values of the parameter a, the velocity parameter x = 

with 
I 

If the glottal area function ag(t) Contrary to Fig. 1 starts w i t h  a 
gradual rise, which is often the case, we will find that v starts with 

9 
a reduction as long as A'~ increases and then increases, the latter 

phase constituting an acceleration of air particles through the glottis. 

The range of vgmin to vgmax has been experimentally determined 

from the contour of the transglottal pressure drop obtained by miniature 

pressure probes with the Kitzing and Lijfqvist's (1975) technique (see 

E'ig. 2). As an example we found P1 = 13 cm H20 and Pm, = 22 cm 

H2G. Translating to velocity by Eq. (2), we get vgmax/vgmin = = 

1.7 and vgmax/vgo = 1.3 which corresponds to a=0.53. From a simul- 

taneous optical glottogram, the duration of the descending part of 

Ag(t), projected from the slope, was measured to be tfl.1 ms. With an 
estimate of L = 7 mH and Pl = 13 cm H2G, we conpute Agmax = 0.23 cm 2 
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[ a ]  ['aksal] 

Fig. 2. Supra-, sub-, and transglottal pressures and glottal area from translu- 
-tion for an unstressed vowel, above, and a stressed vowel, belm. I 



from Eq. (5) which is a reasonable value. The open quotient, i.e., the 

ratio of pulse duration to voice period duration, was relatively low, 

Oq=0.35 and FO=136 Hz. The vowel was an unaccented [ a ]  in the word Axel 

spken by a trained subject in it zing). 
The model thus predicts that the intraperiod variation of particle 

velocity is proportional to the square root of the considerable swing in 

the transglottal pressure and we have demonstrated that essentials of 

these pressure fluctuations are predictable from a model with a simple 

inductive loading. This model also predicts the negative peak of supra- 

glottal pressure at closure which is the starting point of formant 

oscillations. As follows from Eq. (3), the contour of the transglottal 

pressure drop is the negative of that of a differentiated inversefilter 

curve with a proprortionality factor 1 L. 

The additional ripple component in a complete model may cause 

fluctuations in the excitation function with maximum at F1-values higher 

than F l = ~  and minimum at F1-values lower than F 1 ~  or approximately 

F1=FO(n - + 1/4) for the two cases, see Fant and Ananthapadmanabha (1982) 

and Rothenberg (1973). 

My general impression from inverse filtering of the male voices is 

that the ripple superimpmed on the regenerated ug(t) is less than that 

exhibited by the Flanagan et a1 model (1975). On the other hand, there 

is always a finite ripple remaining in the differentiated inverse filter 

curve which cannot be cancelled and at high Fo you may see double 

positive peaks, as predicted from model calculations (Ananthapadmanabha 

and Fant, 1982; Fant and Ananthapadmanabha, 1982). 

Voice intensity and Fo-variations 

The primary factor involved in raising voice intensity is the 

subglottal or, rather, lung pressure. Kith resource to Eqs. (1) (2) (5), 

and (8), we may now investigate the differential effect of a P1 increase 

ignoring for the moment concomitant changes in all other parameters. 

Starting out from Agmax = 0.2 cm 2 , tf = 2.5 ms, P1= 5 cm H20, L = 10 rnH 

and increasing P1 to 10 cm ~ ~ 0 ,  we note from Eqs. (1) and (2) an in- 

crease of particle velocity by - = 1.4 which is 3 dE only. Fur- 

thermore, the parameter a decreases from 0.48 to 0.34 which amounts to a 

0.6 dB reduction in the particle velocity scale factor x at closure. In 

all, the net gain is thus 2.4 dE which is much less than the gain in SPL 

of the order of 9 dB reported in the literature (Isshiki, 1964; Lade- 

foged and McKinney, 1963). 







somewhat constrained by the unnatural experimental condition of subjects 

phonating into a Sondhi-tube which does not provide a reliable reproduc- 

tion of the low frequency components of the flow. The study of Monsen 

and Engebretson (1978) describes Fo and source intensity compared to the 

data fom the Flanagan model experiments. Their intensity measure is 

more related to the flow pulse intensity than to the overall SPL of the 

sound. As a result, they report a smaller range of intensity variation 

than what could be expected. 

ke have more data on sustained phonation relating to singing. Fig. 

3 shows two sets of glottal flow and fLow derivatives for a vowel 

phonated at a gliding pitch from 85-250 Hz. One set originates from 

subject JS, a trained singer phonating into a Rothenberg mask at KTH in 

Stockholm (Fant and Ananthapadmanabha, 1982). The other was produced at 

UCLA Linguistics Department with subject GF using a B&K condenser m i m e  

phone and an analog inverse filter. The trend is similar for both 

subjects (bass voices) and in qualitative agreement with data of Sund- 

berg and Gauffin (1978). The flow amplitude shows a maximum around 115 

Hz and then decreases in inverse proportion to Fog The flow derivative, 

indicative of formant amplitudes, shows a maximum at FO=118 HZ and then 

exhibits a fall rise contour indicating increased efficiency at higher 

pitch. 

The open quotient 0 in the phonation of JS showed a decrease frm 9 
0.6 to 0.4 towards higher Fo which contributes to the intensity increase 

at high Fo whereas the Oq of GF increased somewhat with Fo. The varia 

tion of the open quotient with F~ in normal speech is not documented. 

One could expect a gradual increase of the open quotient towards a 

falsetto mode, Lindqvist (1970). The variation of open quotient with 

the subject's voice type and mean Fo also remains to be studied. 

In Fig. 3 are included matching data points (crosses) for a hypo- 

thetical glottal flow model illustrated by Fig. 4. Four different pitch 

levels are considered, F0=83. 3 , 112.5, 167, and 333 Hz. ?he parameter 

Fg, the inverse of twice the rise time of the standard glottal pulse, 

Fant (1979a), was held constant with a steepness factor K=l in the 

descending branch. Consistently, Fg was chosen to equal 1.5 Fo and 

the open quotient was 0.5, i.e., a pulse duration of half the duration 

of a voice fundamental period. The flow peak amplitude at F0=83.3 and 

at ~0=167 is half that at 122.5 Hz and decreases 6 d~/oct above 167 Hz. 

The spectral levels of individual source harmonics, with +6 d~/oct  

added for radiation transfer, have been plotted within the contour of 
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Fig. 4. -1 glottal flow and +6 dB/oct emphasized spectra illustrating phonation a t  
Fo=8.33, 112.5, 116.2, and 333.3 Hz w i t h  F =1.5 Fo, K=1, and Oq=0.5. Fourier 
integral spectrum envelopes. Hammnic anpyitude ratios stay invariant. 
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the Fourier integrals of the pulses. The vertical location of any curve 

is proportional to 20 log Fo, since F ~ = ~ / T ~  is the conversion factor 

between Fourier integral and Fourier series. This is specifically 

illustrated in Fig. 5. The vertical distance between any two curves 

approaches the sum of two components, one is related to the flow deriva- 

tive at closure u'~,, the other to Foe A shorter pulse duration ac- 

counts for a frequency scale expansion. These transformations upset the 

low frequency spectral slopes. At ~0=83=3, curve A, there is a -9 dB 

step in the octave from 333 to 666 Hz, whilst the curve F for FO=330 Hz 

shows a +0.5 dB step towards its second harmonic. At higher frequencies 

all curves approach -6 d~/oct. 

The low frequency source spectrum peak Fg below F1 would dominate 

the spectrum at a low Fo a relative high F1, a high B1, and moderately 

low K-values as in the termination of voicing before a pause. Thus 

combining the source spectrum curve A with a VT transfer function of 

F1=500 Hz, B1=62 Hz, arad Q1=lO* would produce a first formant spectral 

level L1 of 4 dB above the F source peak at 166 Hz (see Fant, 1959 and 
g 

the similar example in Fig. 8). 

At a first glance it seems paradoxical that curve F in Fig. 5withits 

law flow amplitude would have a spectral level 18 dB above that of 

curve A. However, we may easily verify these 18 dB as deriving by 12 dE 

from Fo and by 6 dB from the twice-as-large flow derivative. It should 

be kept in mind, however, that the high spectral level at high Fo is 

significant only when formants coincide with a harmonic, i.e., when 

there is a maximum superposition from previous periods. Such carry-over 

could also be reduced by extra heavy damping in the glottal open period. 

The extent of such truncation at high Fo has not been studied. 

Spectrum matching 

We are now approaching an important technique for voice source 

studies - spectrum matching or analysis by synthesis in the frequency 

domain. Time domain inverse filtering reveals more of the overall pulse 

shapes relevant for a lower part of the spectrum than spectral levels in 

formant regions. The direct approach is to calculate an FFT of the 

inverse filter output after appropriate presetting of formant frequen- 

cies and bandwidths and the inverse of a higher pale correction. The 

inverse filtered spectrum would satify the needs of a formant synthesi- 

zer tuned to the same F-pattern and b-pattern as the inverse filter. 

* 
VT higher pole, correction for F2 and higher formants add +2 dB to the Q1. 





One difficulty is the uncertainty in the F- and B-analysis and 

higher polse correction; another is truncation effects. Also, we need 

some kind of data reduction to make synthesis feasible, especially in 

view of the fact that detzils of the source spectrum become vowel- or 

articulation-specific. It is to be emphasized again that the F- and B- 

settings should not be determined by far-reaching procedures for mini- 

mizing source spectral ripple. This would generate the same kind of 

FnBn gitter which distorts LPC analysis. 

One way out is to build up a synthetic spectrum by a model which 

contains a parametric source, e.g., an extension of the Fant (1979a) 

source and a vowel transfer function which allows the simulation of 

truncation effects, i.e., intraglottal B(t) variations. The model must 

operate with an appropriate Po and the spectrum match should be per- 

formed on a harmonic basis. 

he do not have much experience in such matching. A few examples 

will be given here. Start out with a summation of the spectral cwves 

of F1, F2, F3, and F4. 

Add correction for poles higher than the fourth  ant, 1959): 

Hk4 = 0. 54x2 + 0.00143 x4 (dB) 

where 

and It is the overall length of the speaker's vocal tract when articula- 
ting the specific vowel. 

Add a standard source (Fant, 1959) modified with +6 d ~ / o c t  rise far 

radiation. An F, proportianal factor is added if a harmonic spectrum is 

to be calcualted. 

The combined source and radiation function including the Fo-factor 

is : 

where 



STL-QPSR 4 /I 982 

x = f / ~ ~  A = ms[x(r +q3)] D = ~ x =  

B = (l-2~)cos (~9,) E = sin x(rc+q2) 

In the time domain the source pulses are defined by a rising branch 

O< t< tr 

where Fg = 1/2tr, and a falling branch at tr<t<tf* 

which hits the zero line at 

with a slope at closure of 

It should be observed that the maximum slope in the descending branch 

occurs prior to closure if Kcl. The ratio of the negative slope at 

closure to the maximum slope of the ascending branch is 2 m  . This 
is an easily observable measure in inverse filtering without final 

integration and one of the ways of experimentally deriving K (Fant, 

1979a, 1979b). 

The spectral consequences of varying the main source parametersF 
9 

and K are illustrated in Figs. 6 and 7 which pertain to the Fourier 

integral source spectrum normalized by a +12 d~/oct preemphasis. The 

effect of a compression of the time scale is, as already pointed out, to 

expand the frequency scale and to increase the spectral level propor- 

tionally as required. In Laplace transform notation if m(t)=H(s), then 

The K-parameter executes a more nonuniform influence. There is a an- 

stancy of spectrum level at low frequencies and a tendency of constant 



I 

12 dB/oc t added 

oms - I 

Fig. 6. Wl glottal flaw and +12 dB/oct emphasized Fourier integral 
spectra illustrating two values of the temporal scale factor Fg. 





spectrum slope of -12 dB/oct (0 slope after correction) with a spectral 

gain porportional to w, as required by the flow derivative at 
closure, Eq. (20). mly at K=0.5, representing lack of discontinuity at 

closure, does the spectrum display a -18 d~/oct roll off and with peri- 

odic zeros spaced at intervals of F . 
g 

The simplest mathematical approach to a source spectrum is a l/f2 

function, which combined with radiation reduces to l/f. Figs. 6 and 7 

illustrate the model source in excess of this first approximation. The 

low frequency emphasis at relatively low K-values is apparent, as also 

shown in Fig. 8 with the VT transfer function below F2 added. The model 

source here provides a peak at the second harmonic not present with the 

l/ f source. 

Fig. 9 shows the result of spectrum matching of a vowel[&-], see 

Fant (1981), with the sum of Eqs. (14, 15, and 16). Bandwidths were 

chosen with guidance of the data published by Fant (1972). A vocal 

tract length of it = 16 cm was assumed and the source parameters gave a 

best match with F =140 and K=l. Except for the underestimtion of B1 

and B2, the overall fit is within a few dB. 

There is one apparent reason for the discrepancy at the F1 and F2 

peaks. During glottal opening the corresponding damped oscillations may 

be heavily damped. An idealized reconstruction of such a truncation 

phenomenon is shown in Fig. 10. Assuming 50 Hz bandwidth in the glottal 

closed part and a truncation after 4 ms, the spectrum level at the peak 

is reduced by 6.6 dB and the peak attains a convex shape with a 220 HZ, 

3 dB down bandwidth and zeros at 2 250 Hz. 
Also included in Fig. 10 is the frequency response of an untrun- 

cated formant of the sane peak spectrum level. It attains a bandwidth 

of 107.5 Hz. This is a perceptually best match as found by Fant and 

Liljencrants (1979). The remaining quality difference is discriminable 

(Ananthapadmanabha et al, 1982). 

Truncation is one of the factors responsible for the finite "rip 

ple" in the glottal flow but other nonlinear effects add. As shown by 

Ananthapadmanabha and F'ant (1982), there is a tendency of the ripple 

spectrum to depart from that of a single F1 resonance by spectral 

broadening and dispersion up in frequency. 

Conclusions 1 
There exist two major source-filter alternatives for dealing with 

voiced sounds. One is to refer to a source flow, proportional to the 
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[ae] MEASURED 
CALCULATED 

Fig. 9. Spectrummatching of a vuwel a £ram Fant (1959). Source 
Fg=140 Hz, K=l, vocal tract length 16 on. G l o t t a l  closed 
bandwidths from Fant ( 1 972) . Observe F1 and F2 pdak 





glottal area function, which requires a most complex filter function 

including the time variable and nonlinear glottal impedance and its 

interaction with the entire sub- and supraqlottal system. The other is 

to define the source as the true but complicated glottal flow in which 

case the filter function becomes a simple all-pole function. A third 

alternative, suitable for practical formant synthesis, is to retain the 

major glottal flow pulse shape, exlusive of ripple effects, as a source 

and extend the formant syntesizer with means of FOsynchromus formant 

bandwidths and possibly also F, -modulation in order to approximate 

truncation and ripple effects. The spectrum matching exemplified here 

is a step in this direction. It remains to perform a detailed time- and 

frequency-domain reconstruction by means of inverse filtering and spec- 

trum matching combined with the modeling exemplified in Fant and Anan- 

thapadmanabha (1982). Such an analysis should be extended to cover a 

wide range of cambinations of articulatory and phonatory states. 

The main emphasis in this article, however, has been to illustrate 

the concept of pulse-skewing in the transformation from glottal area to 

glottal flow, to analyze how pulse skewing depends on lung pressure, 

vocal cord adjustments, glottal area function, and vocal tract configu- 

ration with implications to voice intensity and F -variations in speech. 
0 

There remains much work to be done in establishing the covariation 

of physiological and aredynamic factors in different voice registers, 

especially in pressed voice, and in normal modes of intensity and 
0- 

variations in speech. koreover, we need a systematic study of source 

parameter variations within a phonetic frame of segmental and prosodic 

elements and to extend rules to include speaker/speaking specifics. 

Such data collection should be based on a more flexible source model 

than that of Fant (1979a) or Rothenberg et a1 (1975). 
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