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B. THE SOURCE F I L T E R  CONCEPT I N  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 
w i t h  implications for a m r e  profound understandinq of the acoustic processes in- 
volved an8 their  mdelling in equivalent netmrks. The theoretical study is 
backed up by experiments with inverse fi l tering and other types of glottq-dphy. 
Special attention is devoted t o  time-varying bandwidths within a glottal 01x33 per- 
iod and the implications for defining overall effective bandwidths. The presence 
in the speech wave of voice source comrmnents as well as the presence of formant 
oscillati.on in the glottal  flow are discussed. Expressions for supra- and suh- 
glottal pressure fluctuations are also derived. An earlier propsea parametric 
model of glottal  flow and f o m t  excitation is reviewed and discussed with rcs- 
pect to  voice intensity and some dynamic factor in connected speech. 

1. INTRODUCTION 

The basic philosophy of acoustic theory of s p c h  production is that sleech 
involves a source function and a vocal-tract f i l tering process, i .e . ,  a raw mte- 
r i a l  and a sound shaping. Since vocal-tract f i l tering conveys a laraer p r t  of 
the information in speech less attention has been p y e d  to source functions. I n  
practical applications, such' as  s p c h  synthesis and vocoders and iri  general de- 
scriptive theory, source functions are mst ly  considered as simple on/off switch- 
ing of a quasiperidic excitation for voiced sounds alternating with discreet 
transients and noise sources for unvoiced solinds with the recognition that mixed 
excitation of voicing modulating noise sources also occurs. 

I n  recent years the demand for greater naturalness i n  spcech synthesis has 
developed a renewed interest in studies of t.he voice source and source f i l t e r  in- 
teractions. This demand which is paralleled by a general descriptive need in 
acoustic phonetics, e.g., with respect to s l ~ e c h  proscdy and individual voice 
qualities an8 speaking habits, is revealed when we attempt t o  synthesized female 
speech rule. Voice pathology and theory of singing are related topics, where the 
need for improved voice source models are apparent, Gauffin and S u n h r g  (1980) 
and Sundbcrg and Gauffin (1979). 

The following presentation is limited to  consjderations of the aeroc'lynamic 
and acoustic stages of voice production dealing with basic definitions of source 
and f i l t e r  functions, their  interaction an8 c o m n  dependency on articulatory pat- 
terns with a view of establishing improved quantitative models for the production 
process. This involved both considerations of haw to  A e c ~ s e  a stationary 

* 
This paper was an invited lecture presented a t  the IV F.A.S.E. Sympsilnn 
on Acoustics and Speech, Venic~, April 21-24, 1981 





I charac te r i s t ics  from a speech wave. The mre wellknown s tud ies  are those of M i l -  ' 
ler (1 959) , Lindqvist (1 965) , Rothenberg (1973) , Holmes (1976) , Sundkrg and Gauf- 

I f i n  (1979). Formy own s tud ies  i n t h e p a s t t m y e a r s ,  Fant (1979; 1980) I b u i l t  
an inverse f i l t e r i n g  analog equipnent operating from an FM-taperecorder and scaled 
down 16 times in play-back speed, which allowL f o r  high resolut ion graphical re- 
cording on an Oscillamink. A part of  a sentence to be analyzed was processed re- 
peatedly w i t h  d i f f e r en t  s e t t i n g s  of  formant frequencies measured frcm osc i l lo -  
grams and spectrograms. One such example is shown in F i q .  I-B-2 &ich su!~ports a e  
cjcneral pre.wntation already given schematically in Fig. I-R-1 . me f i r s t  tr-acc is 
the specch wave of a v o w e l I ~ ]  , the second is the  d i  f f e r m t i  ntcd invcr-se f i I t L-I-~YI 
version,  and the third function is the corresponding undifferentiated source €LUX- 
t ion.  The fourth t r ace  shows the  speech wave a f t e r  rcmoving a l l  f o m v l t s  but F1. 
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Fig. I-B-I. Frequency and time-domain general  concepts of 
source-f i l ter  decomposition of  voiced sounds. 
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Fin. T+-2. Oscil locjram of vowel [ae] , mle voice, FO=75 Hz. From 
top pressure wave, inverse f i l t e r ing  w i t h  c ? i  f T c . ~ - c ~ n t . i  a- 
t i on  added, the scme without clif fcrentiat ion ,lntl d i f  CCI-- 
en t ia ted  inverse f i l t e r e d  f ~ u l c t  ion without F1 c , ~ n c r l  la1 ion.  
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- 4 .  CIRCUIT THEORY OF VOICE PRODUCTION 

Source f i l t e r  theory of voice production is the theory of  its approxima- 
t ions .  Time-varying and non-linear functions introduce d i f f i c u l t i e s  which ob- 
scure an insight  in e s s e n t i a l s  unless we take resort to s implif ied and approxi- 
mate t r a n s f o m t i o n s .  The physically mst cc rect w u l d  be to regard the  lung 
pressure Pg and its associated muscular back-up a s  the source and der ive the out- 
put f r m  a set of d i f f e r e n t i a l  equations representing the state of f l w  and prcs- 
sure in the  canbined subglo t ta l ,  g l o t t a l ,  and supracjlottal systems in cxtrcnr ly  
short  successive in t e rva l s  of t i m e .  This is ac tua l ly  the pr inc ip le  of the  Jshi- 
zaka-Flanagen ( 1  972) me1 which has mst in f luen t i a l  in spccch research. 
However, we need an "a l te rna t ing  current" source to  def ine the  t a p o r a l  o r  spec- 
t r a l  raw material  to  be shaped by the  f i l t e r i n g  process. One approclch which I-, 
have used since my e a r l y  m r k  is t o  derive an mpiva len t  current  Us=P (Z, 

I q ~ + ~ g )  
which defines the source a s  t he  flow through the g l o t t i s  impedance w i h  e vocal 
tract input terminals short-circuited, see Fig. I-B-4. This source funct j on is 
then applied t o  t h e  input  terminals of t he  vocal t r a c t  i n  p a r a l l e l  with the 
source impedance (Zsg+Zg) 

- 
Subglottal system Mouth 

-C 

Us = z.+=(t) Psg +--$-r- 
Zg(t) Vocal tract Ro 

Fis. I-B-4. Generalized voice p r d u c t i o n  ne tmrk .  

The t rue  expression f o r  t he  t r ansg lo t t a l  pressure drop t ime function is 

d 
P =Psg-Pi= ( R k + q )  Ug+ 
t 9 Fq. (1) 

i ; where a l l  the quan t i t i e s  are time variable ,  see Flanagan (1972) . The "kinetic" 
1 resistanceIp(dominatesandisrelated~theflmbytheapproximL7teucpression 
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in  which the part icle velocity 

is constant over the ent i re  extent of the g lo t ta l  o p i n g .  This  is i n  practice 
not so and an appreciable acceleration is to be expected from the averall inertia 
effecting the flow in the ent i re  vocal t ract .  Hmvcr ,  t h i s  simplification pro- 
vides a f i r s t  approximation 

whereby glottal  flow is proportional to g lo t ta l  area. 
In a quasitransform expression referring to Fig. I-B-4 we w y  relate the actual. 

g lot ta l  flow to the g lo t ta l ,  s ~ l o t t a l ,  and supraglottal impedanbes and the lung 
pressure Pg 

where Zv(s)  is the vocal t r a c t  input impdance. F m  t h i s  expression WF? may make 
the general conclusion that the glo t ta l  flow would have zeros whenever ei ther the 
vocal t ract  input inpdance o r  the subglottal impedance has poles, which muld 
occur a t  the resonance frequencies of the uncoupled supra- and subglottal t racts .  
However, the glot ta l  flow also  contains resonance cmpnents  from the ent i re  
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 e t  a1 (1 972) . 

The t w  alternatives of defining a current source, the glottalvolume flaw, 
and the s h o r t - c u h i t  flow both have their drawbacks. The true glot ta l  f l m  Ug 
becorrres an object of incremental calculations in the time damain of a ccmplexity 
not less than that of solving for the output. Moreover, U contains su~rirc\r=os& 9 formant oscillations which implies a linear depdency  on the par-ticular articula- 
tion. The true advantaqe of Ug a s  a source candidate is that  it enables us to spe- 
cify the in i t i a l  conditions for the transient resymnsc of the supraglottal tract 
af ter  closure, which 3etermines a major part  of the formant energy. 

The linear source-filter dependency is avoided i f  we define khe source by the 
underlying short c i rcu i t  current Us but we lose the control of the source d e w -  
dency of aerod:mamic pressure drops in supraqlottal constriction as  w e l l  a s  the 

, specific g lot ta l  flow shaping inc?uced by the overall inert ia  effects.  Tl?e best w e  
, can do then i f  we want t o  define a source by a reaso~able transfer qua t ion  is IX) 

chose the transform -parameters for the short-circuit source, such as to anticipate 
certain overall aspects of source filter interaction which can be mde as  a part 
of a synthesis promam. Essential of the source f i l t e r  tiecarpsition may be stud- 
ied in a s i ~ l f f i d  c i rcu i t ,  ~iq. IcB-5, with constant subqlottal pressure and t,h@ 
su~raa lo t ta l  t r ac t  &elled by a single y r a l l e l  resonance c i rcu i t  re~resent ing 
the f i r s t  formant F1. The solution can then easily be extendd t o  a multiple pole 
transmission l ine  re~resenta t ion of the vocal. t ract .  

The min excitation a t  the closing edge of the glot ta l  flow pulse Ug or  of 
the corresponding short current flow Us m y  be modelled by a ramp source 

i where ie may alternatively chose Ug inste;$of Us with consequences t o  be derived 
1 in the following analysis. 

k * .", ..A+: 
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Fig. I-B-5. Simplified netmrks representing a single resonator 
generation of the f i r s t  formant. 

The f i l t e r  function re la t ing  output current (s) through the radiation re- 
sistance % t o  the source S (s) may in both instan be put i n  the qcneral form 

2 

HI (s) = 
W o  q. (7) 

(s+ dl) 2+ G12 1 

w i t h  the understanding that  the source elements R and L are  in f in i t e  during an 
ideal closure phase and over the ent i  re voice per?%, i f  %e U (s) source is 
chosen. g 

The radiation transfer  from the current through the l i p s  to the sound prcs- 
sure a t  a cm from the speaker is proportional to frequency, Fant (1960) 

I-l.$) = = 4'N -a Eq. (8) 

me combined transform of source vocal t ransfer  and radiation is thus 
-ug . 

(s) =S (s) -HI (s) -Hr (s) = . -__-- "6 Fq. (9) 
47T.a sI(s+ u113 
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sible residual T3 osci l la t ions  from previous periods, are subjected t o  a s l i g h t  
time variable increase i n  frequency during g l o t t a l  opening and a timc variable 
damping due to the g l o t t a l  d i f fe ren t i a l  resistance which we may approximte w i t h  
twice the %(t) previously derived. = gd/%(t) and %=2Rk=q vg/A (t)Z w i t h  
the possible generalization vg (t) =U ) . W e  thus have an instantdeous 
bandwidth which is the  l inear  sum 07 the 

B1 (t) =1/2 R R C + % / ~  I7 *L+1/2 T T R ~ ,  (t) C Eq.  (11) 

contributions from vocal t r a c t  in ternal  losses, radiation losses,  and g lo t ta l  los- 
ses. The l a t t e r  term may reach high values of the order of F1 i n  open sounds a s  
[a] which is a s i tua t ion  of almost impedance match cmpxing the character is t ic  
impedance of the pharyngeal t r a c t  with the g l o t t i s  resistance. In t h i s  s i iuat ion 
the ra te  of o s ~ i ~ l a t i o n  decay is accordingly very high, a s  i l lus t ra ted  by Fig. 
the formant osc i l la t ion  is effectively-truncated i n  the g l o t t a l  o p  part and the 
waveshape b e m s  dcaninated by the source residue. In a leaky voice there is a 
permanent increase of losses during the maximally closed phase. The yrcatcr the 
g l o t t a l  opening, the  srnaller is Rg and the  larger is the damping effec t .  

w.: 

7. 
U 
+. m: . . a:' 

Fiq. 1-9-7, Time-domain calculation of the response of a one- 
formant approximation of the vocal t r ac t .  Left co- 
1umn:pressure wave, F1 osc i l la t ion  excited a t  clo- 
sure, a t  opening, the source flow. Right column: 
integrated speech wave, sum of F1 osci l lat ion,  F1 
osc i l la t ion  a t  the  g l o t t a l  peak, and f ina l ly ,  the 
different iated source function. 

What is the re la t ion  of the  g l o t t a l  flow t o  the preceding short-circuit 
source Us? Frcgn the  equivalent netmrk vie derive 





We my conclude that  the bandwidth increase due to truncation is rather small 
when the opening quatient of (glot ta l  pulse duration) / (voice fundmental period) 

I is small and when the voice fundamental frequency is low. The Fo proportionality 
is apparent. Also the effect  of a truncation is larger when the bandwidth during 
g lo t ta l  closure is low. ( ~ n  alternative 3 dB d m  spectral cri terion does not in 
i t s e l f  have any perceptual relevance and provides bandwidths larger than those 
derived f r m  our signal mean value cri terion.)  

What can be said about the waveshape of the true g lo t ta l  flow U g ( t )  cuiq~red 
to the assumed U s ( t )  source? One w t e d  feature is an F1 oscillation suy~rim- 
posed on U (t).  In order to find a sensitive measure we can calculate 
Us (t) -ug ( t e = ~  (t) , which is the current through the % vocal t rac t  input shunt. 
I f  we neglect%g, we could determine U g ( t )  a s  the vocal ract  input pressure P i ( t )  
divided by Rg. A solution for P i ( t )  by means of an inverse Laplace transform within 
the one-formant -1 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 

- d.t 
pi ( t )  = -L U; e cos ( Ol t+ q1 Eq. (14)  

The amplitude of the negative pressure spike a t  g lo t ta l  closure point T3 is 
simply the evoked pressure 

dUs (t) 

d t  across the inductance L due to the ra te  of change of the current U s ( t ) .  

With the particular choise of pulse shape I have selected the flow derivative 
a t  closure is 

Eq. (15) 

where UO is the peak flow Ps / ~ g  and Rg is the minimum s t a t i c  flaw resistcmce 
which is half the d i f f e r e n t d l  resistance. The maximal value of instantaneous 

I 

glot ta l  bandwidth is thus 
- - 1 

Bgo 2n .2%C 
F1 and a corresponding Q = - 

Bgo 

or  U g ( t )  = P i ( t )  /R (t) 
9 

Eq. (18) 

The ra t io  of the vocal t r a c t  input pressure to subglottal pressure P. (t) /pSg can 
now be estimated. Assuning F1=600 Hz, Fg=150 Hz. !3 =300 Hz, and K=+, we get a 
ra t io  of 25% which is of the r ight  order of magnitugz ~xmpred  to q r h - m t a l  da- 
ta from the Flanagan e t  a1  (1978) d e l  and the direct  m e a s u r m t s  on a h m  
speaker by Kitzing and Lijfqvist (1 975) . 

The damped F1 oscil lat ion evoked a t  T3 does not penetrate the glot ta l  flow 
unt i l  next g lo t ta l  open interval,  when it has los t  an appreciable part of its 
amplitude and is subject& to additional higher ra te  of damping and ccanpetes w i t h  
secondary excitations a t  TI and T2. 

Now, assuming FO=lOO Hz and a 5 ms duration of the glot ta l  pulse with a peak 
location 3 m s  a f t e r  opening and a mean glot ta l  bandwidth of 200 Hz i n  the rising 
part of the pulse, there muld r a i n  an F1 oscil lat ion in U of the order of a- 
b u t  40 dB below the peak flow. This is rather -11 in v i . 4  of the relative 
large glot ta l  bandwidth. However, the gain in  Uq current due to  the law % is 
counteracted by the fas ter  damping within the glot ta l  pulse. 





The superposition f ran  one period to the next is more apparent for  female 
than for  male voices and, accordingly, we could expect a greater  F1 v n e n t  in 
the g lo t t a l  flow. It remains to be seen. Fran inverse f i l t e r i n g  experiments, 
Lindqvist (1965), and f ran  the  Flanagan m d e l  data w know that the g l o t t a l  f l w  
shows greater i r regular i ty  fo r  t i ]  than f o r  other  vowels. This f a c t  conforms 
with the greater lmped inductance for  [il and the less g l o t t a l  damping wfiich 
allows the residual F1 r ipple  to sustain w i t h i n  the  g l o t t a l  opcn period. However, 
the g lo t t a l  flow waveshapes described by Flanagan and Ishizaka appear t o  c o n t a h  
more F1 ripple than we have seen from inverse f i l t e r  experiments. 

Another ef fec t  associated w i t h  the total lmped inductance i n  the vocal t r a c t  
and its relation to g l o t t a l  resistance is the latency of the g l o t t a l  flow peak 
versus ihe g lo t t a l  area function peak. The total flow i n e r t i a  a l so  includes that 
of the g lo t t i s  which in case of maximal opening of 0.16 cm2 and a depth of 3 .2  rrtn 
of the g lo t t a l  passage has an inductance of 2 9 .  W i t h  a representative g l o t t a l  
minimum resistance of 0.8 g c,  the t k  constant of (Ltot) /Rgo becares of the or- 
der of 1 ms for the [i] and about 0.5 m s  f o r  a more open sound, which is of the 
r ight  order of magnitude compared to data f m  the  Flanagan-Ishizaka experiment, Figs. 
I-B-9,"lO and the inverse f i l t e r  exxrirnent of Fiu. I-B-3. This flow latency due 
to the inductance was already observed by Fldnagan and ~andgra f  ( I  968) and has 
been especially studied by Fbthenberg (1980). One consequence of t h i s  ine r t i a  
e f fec t  is the acceleration of g l o t t a l  pa r t i c l e  velocity and the increase of the  
steepness of the closing slope of the g l o t t a l  pulse c a p i r e d  to the g l o t t a l  area 
function and a lso  canpared to  the assumed Us source. One special problem is that 
of superposition. It was observed by Fant et  a1 (1963) t h a t  in a series of phona- 
t ions of sustained [ael vowels with a large span of Fg values F, r ight ly  dis- 
played maxima, when F / F~ was a whole integer 1 , 2,  3, 4 etc . The second 
f o m t  amplitude, h m v e r ,  did not vary in amplitude synchronously with the  
F / F ~  ra t io  but sea& rather  synchronized with the F1/Fo ra t io .  This could im- Z p y tha t  superimposed F1 r ipple  in the g l o t t a l  flow had increased the  steepness 
of the pulse closure by an extent which was effec t ive  wer the e n t i r e  spectmm. 
These effects  need to be studied i n  mre de ta i l .  

Another secondary e f fec t  was described by Flanagan and Ishizaka (1978). 
Jus t  before g l o t t a l  closure the displacement current in towards the g l o t t i s ,  due 
to  the upper parts of the  g l o t t i s  expanding during the contraction of the bottan 
part, counteracts the steepness of the descending slope and thus reduces the 
spectral level of the source scmew;hat. Holmes (1 976) claims the presence of sig- 
nif icant  excitation during the  interval  of g l o t t a l  closure. This a l so  remains 
t o  be verified. 

5 .  V O I C E  SOURCE PARAMETERS AND T H E I R  DYNAMICS 

mst of t h i s  pper has been concerned with the problems of defining source 
functions of vcwels and to describe source-fil ter interactions. For the practic- 
a l  use of a source m d e l  it should have parameters that have suff icient  specifi- 
cational power and can be readily quantified from acoustic analysis. Thcse as- 
pects and the dynamic variat ions in connected speech have been the topics of =- 
veral  a r t i c l e s  in our quarterly reports,  Fant (1979, 1980). I sha l l  here only 
make some general carranents. 

There are many di f ferent  combinations of three parameters that can specify 
a pulse shape. In r e t r o s p c t  I now f-1 that the K and Fg parameters a re  less 
important than (1) the d i rec t  measure of the  closing steepness UH, which is the 
scale factor of a l l  formant ampljtudes and (2) the  volume of a i r  contained in a 
g l o t t a l  pulse, which sets the amplitude level  of the baseband peak. 

Accordingly, within the constraints  U& = U0 Ug (2K-1) 4 of the source nodel, Fig .  
I-B-6 , formant amplitude levels  increase e i the r  by an increase i n  the asymnetry 
factor K o r  by an increase of Fgl i.e., by an overal l  shortenins of the g l o t t a l  
pulse, which both r e s u l t  in increased UA. Spectrum s h i f t s  a t  constant source 



peak Fg and  varying K and a selected normalizing F9=125 Hz is s h m  in Fig. I+- 
I1 r e f e r r k g  to i n i t i a l  amplitudes of formant oscillations and in Fig. 1-~-12 refer- 
r ing  to  the +I2 dB per  octave pre-emphasized source spectrum (including s p c ~ i a l  
d i r ec t iv i ty  an8 b a f f l e  e f f e c t s ,  see Fant (1960, 1979b). 

I I 
F9 F1 F2 F3 F4 

1 8  16 24 32 F/Fg 
1 2 3 4 kHz (Fgs125 Hz: 

Fig. I n i t i a l  ~ P i t u d e s  of  each Fig. The voice source spectrum 
I-B-11 of F1, F2 and F3 oscilla- I-B-12 var ia t ion  with normalized 

t ions  evoked a t  the g l o t t a l  frequency sca le  and vary- 
openj-ng TI , PA T2 I m d  ing  steepness f ac to r  K .  
c losure. 

A t  a Iw voice i n t e n s i t y  leve l ,  the Fg peak may override the F1 peak jnampli- 
tude, see Fig. 1-~-13,and this h a w n s  dynamically a t  the end of voicing in an 
open breathgroup f i n a l  posi t ion.  A reduction of F1 i n i t i a l  amplitude and an in- 
crease of bandwidth cooccur a s  a r e s u l t  of abduction i n  aspirated voiced sound 
segments. Similar p h e n m n a  occur i n  nasalized boundary regions, Fant (1979, 
1980). A cer ta in  extent ion of  the source model may be necessary f o r  representing 
the dynamics of incamplete closure within a voice period. 

There appear to  be ha mdes ava i lab le  to produce an in tens i ty  increase.  
One is a rise i n  t he  ove ra l l  sca le  f ac to r  of g l o t t a l  flow pulses which is a main 

I consequence of increased subglo t ta l  pressure. The other is an adduction of the  

I vocal cords physiologically induced by a medial canpression, which may incrcase 
the steepness of t he  c losing branch of  g l o t t a l  pulses while m j n t a h i n c j  or even 

1 reducing the m u n t  of a i r  contained in a s ing le  pulse. This is typical ly  tl~e 
I pat tern found i n  sy l l ab i c  stress, whils t  an overall mphas is  of a m r d  or a part 
I of a sentence appars to be accor~q~lished by thc. f irst  ncntioncrl or Ly stxrlc <-an- 

bination of the t m  rmles, compare the  discussion of Rothenberg et a 1  ( 1  974) and 
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Fig. I-B-13. Non-linear spectrum shift at increasing 
voice effort. Below, three pulses with 
the same flow derivative at closure but 
varying absolute value of pulse areas. 

Lindqvist (1965). Haever, the pilot study of Fant (1980) shws 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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