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The source-filter paradigm has been widely used to model, synthesize and analyse vocal sounds. In spite of their
efficiency, most of such models neglect some physical phenomena which could significantly improve naturalness.
In this paper, we consider a modified source-filter model which includes a simplified aeroacoustic coupling between
the glottal airflow and the vocal tract while keeping low-cost computation and efficient analysis methods.
We introduce a glottal area waveform model derived from observations on high-speed video-endoscopic recordings
and based on the so-called Liljencrants-Fant (LF) model. The vocal tract is modeled by a concatenation of straight
pipes with lossless plane waves propagation. The coupling is ensured by the standard Bernoulli equation, a flow-
separation model and continuity constraints for acoustic pressure and flow at the inner end of the vocal tract.
This voice production model is driven by the sub-glottal pressure, the glottal area and the vocal tract geometry.
Moreover, we introduce a sound analysis method for this model.
In conclusion, we present some synthesis, analysis and transformation examples to evaluate the performances of
this model and compare it with a classic source-filter model.

1 Introduction

In this paper, we present a voice production model based
on simple well-known elements. With this model, we aim to
highlight the importance of the coupling between the source
and the filter.

This paper is organised as follows: in section 2 we present
a glottal area waveform model and a method to estimate the
model parameters from measured glottal area waveforms, in
section 3 we present the complete voice production model
and we discuss the relevance of this model in section 4.

2 Glottal area waveform model

2.1 Observation of high-speed videoendoscopic
recordings

Among all the techniques of glottal activity exploration,
high-speed videoendoscopy is one of the most accurate. There-
fore, during former works at IRCAM, Gilles Degottex and
Erkki Bianco have built a database of synchronised biometric
signals measured during phonation including high-speed video-
endoscopic recordings of glottal folds. These signals also in-
clude electroglottographic recordings (EGG) and voice recor-
dings. Gilles Degottex established a method in order to ex-
tract glottal area waveform (GAW) from a high-speed video-
endoscopic recording of the glottis [1].

In our work, we began by observing the glottal area wave-
forms extracted from the database. Figure 1 presents an im-
age coming from a video presenting simultaneously high-
speed video-enscopy, extractedGAW, recorded voice and some
spectral features of GAW and sound.

Figure 1: Image coming from a video presenting high-speed
video-enscopy of the glottal folds, extracted GAW, recorded

sound and some spectral features of GAW and sound.

Despite the huge variability of the extracted GAWs, we
observed that most of the signals have a quite similar periodic
pulse shape. A very common pulse model used in voice pro-
duction model is the Liljencrants-Fant model (LF model) [2]-
[3]. Initially conceived as a glottal flow model, this model
reveals to be relevant as a GAW model. The general shape
of the LF model, driven by one temporal parameter (the pe-
riod), one amplitude parameter and four shape parameters is
presented on Figure 2.
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Figure 2: One period of LF model. This model has one
temporal parameter T , one amplitude parameter E and four

shape parameters {tp, te, ta, tc}
(top: function, bottom: derived function).

2.2 Glottal area waveform estimation method

We have developped an estimation method of the LF pa-
rameters for measured glottal area waveforms. The goal of
this algorithm is to estimate the LF parameters that give the
best estimation of a target derivedGAW signal extracted from
the database.

Supposing that the target signal contains N periods, the
estimation algorithm consists of N steps:

• rough estimation of the parameters by detecting max-
ima, minima and zeros on the target signal,

• 1 ≤ n ≤ N − 1: optimization of the LF parameters for
periods n and n + 1 with the simplex method [4], the
criterion is the quadratic distance between the model
and the target.

Figure 3 presents some results of this estimation method.
One can see on this figure that, despite their variability, LF
model is relevant to model GAWs. Nevetherless, this model
is not able to capture tiny riples and other phenomena like
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bouncing during the closing phase. Thus, new diveristy mod-
els for glottal area waveforms are presently under considera-
tion.
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Figure 3: LF estimation examples.
(−) derived GAW, (− • −) LF estimation.

3 Voice production model

3.1 Vocal tract and radiation models

The source-filter model, in its most common version, con-
siders an autoregressive filter. One can interpret this filter as
an acoustic tube model. J.D. Markel and A.H. Gray pointed
out the link between an autoregressive filter and the transmit-
tance of a straight pipes concatenation with lossless propaga-
tion of plane waves [5]. In our model, we consider a similar
vocal tract model, presented in Figure 4, under lossless plane
waves propagation hypothesis. This vocal tract is entirely
described by the area of its M sections {A0 · · · AM−1}.
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Figure 4: Vocal tract model

We introduce the following notations:

• p(x, t) stands for the acoustic pressure inside the vocal
tract at the abscissa x and at the time t and P(x, s) for
its Laplace tranform,

• u(x, t) stands for the acoustic flow inside the vocal tract
at the abscissa x and at the time t and U(x, s) for its
Laplace tranform,

• o(t) stands for the output sound.

Additionally, we consider an ideal radiation model:⎧⎪⎪⎪⎨⎪⎪⎪⎩
p(L, t) = 0 ,

o(t) ∝
∂u
∂t

(L, t) .
(1)

Under these hypothesis, the vocal tract presented in Fig-
ure 4 is modeled by the following set of equations in the
Laplace domain:{

U(L, s) = Ht(s)U(0, s)
P(0, s) = Zin(s)U(0, s)

, (2)

⎧⎪⎪⎪⎪⎪⎪⎪⎨⎪⎪⎪⎪⎪⎪⎪⎩
Ht(s) =

2cM−1 e−2Mτs

H+M−1(s) + H−M−1(s)

Zin(s) =
ρc

AM−1

H+M−1(s) − H−M−1(s)

H+M−1(s) + H−M−1(s)

, (3)

[
H+m(s)
H−m(s)

]
=

1∏
i=m

[
1 −μi

−μi e−4τs e−4τs

] [
1

e−4τs

]
, (4)

cm =

m∏
i=1

(1 − μi) , (5)

μi =
Ai − Ai−1

Ai + Ai−1
, (6)

where ρ stands for the air density, c for the celerity of sound
and τ = l

2c .

3.2 Remarks about the immitances

The digitized versions of the transmittance Ht and the in-
put impedance Zin obtained for the sampling period Ts =

4τ = 2l/c are⎧⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎨⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎩

Ht(z) =
2cM−1z−

M
2

H+M−1(z) + H−M−1(z)
,

Zin(z) =
ρc

AM−1

H+M−1(z) − H−M−1(z)

H+M−1(z) + H−M−1(z)
,[

H+m(z)
H−m(z)

]
=

1∏
i=m

[
1 −μi

−μiz−1 z−1

] [
1

z−1

]
.

(7)

We can also write Ht(z) =
2cM−1z−

M
2∑M

k=0 hkz−k
and we can then show

the following property{
h0 = hM = 1 ,
hk = hM−k 1 ≤ k ≤ M − 1 .

(8)

This property is a very strong constraint on the autoregres-
sive filter Ht and have various consequences on its behavior.
However, this property is entirely due to the ideal radiation
model, i.e the perfect reflection at the outer end of the vo-
cal tract, and will disappear as soon as the radiation model is
modified.
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3.3 Forced glottal folds model and aeroacous-
tic coupling

In our voice production model, we consider that the glot-
tis is entirely described by its area AG(t), which means that it
has no thickness. We consider the lungs and the trachea as an
ideal pressure source, i.e. sub-glottal acoustic speed and flow
are null. According to the Bernoulli’s principle, considering
an incompressible flow under quasi-stationarity hypothesis
inside the glottis, we have{

ps(t) = pG(t) + 1
2 ρ vG(t)2

uG(t) = AG(t) vG(t)
, (9)

where ps(t) stands for the sub-glottal pressure, pG(t) for the
glottal pressure, vG(t) for the glottal acoustic speed and uG(t)
for the glottal air flow.

The coupling between the glottis model (9) and the vocal
tract model (2-6) is ensured by the continuity of the acoustic
state at the inner end of the vocal tract{

pG(t) = p(0, t)
uG(t) = u(0, t)

. (10)

The inputs of this source model are the sub-glottal pres-
sure and the glottal area. Thus, contrary to the classic source-
filter model, the acoustic state [pG(t), uG(t)] is not forced but
is induced by the model. In other words, while the classic
source-filter model is driven by forced acoustics, our model
is driven by forced geometry.

3.4 Complete voice production model

The complete voice production model is written⎧⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎨⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎩

O(s) = sU(L, s) ,
U(L, s) = Ht(s)UG(s) ,

PG(s) = Zin(s)UG(s) ,

UG(t) = AG(t) ξ(t)
√

2
ρ
|ps(t) − pG(t)| ,

ξ(t) = sgn
(
ps(t) − pG(t)

)
.

(11)

where Ht(s) and Zin(s) are defined in (3).
We can show that this system is not realizable and that a

realizable version of this model is⎧⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎨⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎪⎩

O(s) = sU(L, s) ,
U(L, s) = Ht(s)UG(s) ,

P̃G(s) = e−4τsZ̃in(s)UG(s) ,
UG(t) = AG(t) F

(
ps(t) − p̃G(t)

)
,

F(x) = sgn(x)
(√

c2 AG(t)2

AM−1
2 +

2
ρ
|x| − c AG(t)

AM−1

) (12)

where

Z̃in(s) = −
ρc

AM−1

2 e4τsH−M−1(s)

H+M−1(s) + H−M−1(s)
. (13)

Finally, the digitized version of the model is immediately
obtained by choosing the sampling period Ts = 4τ = 2l

c .

4 Examples and validation

4.1 Influence of the coupling

Figure 5 presents the influence of the coupling on the
glottal airflow. Three sounds have been synthesized with
the same subglottal pressure and the same GAW. The vo-
cal tracts are differents for the three sounds and correspond
respectively to the vowels \u\, \i\ and \o\ (from top to bot-
tom). These vocal tract geometries come from [6]. As one
can see, the influence of the coupling on the glottal airflow
can be drastic.
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Figure 5: Comparison of AG(t) (-) and uG(t)(-)
From top to bottom: \u\, \i\, \o\

4.2 Influence of the non-linearity

Figure 6 presents the influence of the non-linearity intro-
duced by the coupling. 5 sounds have been synthesized with
the same GAW (extracted from the database) and the same
vocal tract (corresponding to the voyel \a\ [6]). We can ob-
serve that increasing the subglottal pressure induces an im-
portant spectral enrichment. This is only due to the simple
non-linearity introduced by the Bernoulli’s equation and cor-
responds to a natural behavior of voice production.
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Figure 6: Evolution of the synthesized voice’s spectrum
when ps inscreases.

From top to bottom: ps=1cmH2O, ps=5cmH2O,
ps=10cmH2O, ps=20cmH2O, ps=40cmH2O

5 Conclusion

In this paper, we presented a voice productionmodel based
on a modified source-filter model which includes a simpli-
fied aeroacoustic coupling between the glottal airflow and
the vocal tract. We also presented an analysis method for LF
parameters estimation on measured glottal area waveforms.
We observed the relevance of the LF model as a glottal area
waveform model and we saw that the coupling between the
glottal airflow and vocal tract is crucial for the naturalness
of the sound and the improvement of the model driving. A
global analysis method, estimating all the model’s parame-
ters to re-synthesize a measure from the database is currently
under development.

Furthermore, the perspectives of this work are a global
improvement of the model. In our work, we start from the
source-filter model and we try to introduce step by step some
physical phenomena which could significantly improve nat-
uralness by building at each step a new model and the corre-
sponding analysis method.

Finally, we are also working on an electronic device for
in vivo and non invasive exploration of the glottal activity.
This device should bring much more information than actual
technologies like electroglottography and should help us to
build more accurante glottal source models.
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