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ABSTRACT

This paper presents a pole-zero model based on a
multi-tube acoustic model for fricative sounds. This
model consists of the front and back cavity formed by
oral tract and pharynx, in which the excitation source
is located at the point of constriction. The transfer
function of this model including poles and zeros is de-
rived and its properties are investigated. Small losses
such as viscous friction which is an important for the
fricative sound in the vocal tract are considered and
the results show, if the vocal tract is lossless, the nu-
merator part of the pole-zero model is symmetric. The
transfer function with small losses overcomes the lim-
itation of the symmetry. This method is applied by
employing the inverse �ltering and an adaptive algo-
rithm to analyse fricative sounds.

1 INTRODUCTION

For fricative sounds the excitation source is inside the
vocal tract, where the acoustic waves propagate in two
directions. Thus the vocal tract is separated by the
source of excitation at the constriction into two cav-
ities. The back cavity traps energy and introduces
antiresonances, resulting in zeros in the transfer func-
tion. In this case the LPC method widely used in the
processing of speech signals is not properly adapted.

The method of acoustic modeling has its advantages
[1] and in [3] a simple model for fricative sounds is
discussed. The source location for fricative sounds
has been investigated [2]. In [4] an improved vocal
tract model is used to represent nasal sounds. Till now
transfer functions characterized by anti-resonances as
well as resonances for fricative sounds have not been
derived and computed on the basis of the acoustic tube
model. In this contribution the acoustic tube model is
improved by using a three-port adaptor at the position
of the excitation, therefore a proper transfer function
including zeros in the frequency response is derived

and zeros can be calculated from the numerator poly-
nomial of the transfer function.

2 POLE-ZERO MODELING FOR FRICA-

TIVE SOUNDS

The unvoiced fricatives [f], [s] and [
R
] are produced

by a steady air ow which becomes turbulent in the
region of a constriction within the vocal tract. The
location of the constriction determines which fricative
sound is produced. For the fricative [f] the constric-
tion is near the lips, for [s] it is near the teeth; and for
[
R
] it is near the back of the oral tract. Sounds are

radiated from the lips. In this case the vocal tract can
be characterized by the acoustic tube model depicted
in �g. 1. The excitation source is located at the junc-
tion of the section between two tubes.
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Fig. 1 Acoustic tube model for production of
fricative.

We can see that the acoustic wave at the point of ex-
citation propagates forward into the front cavity and
backward into the back cavity. Together with the ex-
citation source, there are three wave-directions at the
location of the excitation source.Thus we use a three-
port-adaptor to describe the acoustic characteristics
at the excitation source, as shown in �g. 2. The re-
lationship between the traveling waves in the remain-
ing adjacent tubes can be represented by two-port-
adaptors[5].
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Fig. 2  Three-port adaptor 
at excitation source

The entire vocal tract can be realized using two- and
three-port-adaptor in discrete-time domain as shown
in �g. 3.
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Fig. 3 Digital realization of the model in Fig. 1 in
discrete-time domain

the constants � are lossy coe�cients; Z and D express
the two- and three-port-adaptor; the constant �0 de-
scribes the opening of the glottis, its value lies in [-1,1].

Derivation of the Transfer Function

The three-port adaptor can be presented by a scatter-
ing matrix from the continuity equations for pressure
and ow [6]. The linear relation for the ow is given
by: 0
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S1 and S3 are the cross sectional areas of the front and
the back cavity and S2 describes the coupling of the
excitation source to the vocal tract.

The acoustic wave at the end of the back cavity is
partly reected; there is the relation A0= �0 B0 and
the equation(1) can be transformed into the following
equation: �
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TD is a 2 x 2 matrix and is the function of the scat-
tering transfer matrix of the back cavity, its elements
are fractions.

The transfer function is �nally derived and can be
expressed as:
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TF is the scattering transfer matrix of the front cavity.

If we have chosen the back cavity consisting of two
sectional tubes, the �rst tube is a single section tube,
the number of sections of the second tube is n; then
the transfer function can be expressed:
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r0 is the reection coe�cient between the two tubes
in the back cavity; �1 and �2 are the lossy coe�cients
of the back cavity. TDD is a 2x2 matrix and its ele-
ments are polynomials.

Properties of the Transfer Function

We can see that the numerator of the transfer function
is a polynomial containing the zeros in the transfer
function. From this polynomial we can calculate the
zero locations after estimating the model parameters.
It can be seen that the back cavity determines the

zero locations of the transfer function, while the front
cavity has no e�ect on it.

It can be seen that if the vocal tract is lossless(�1 =
1; �2 = 1) and the glottis is closed or open(�0 =
1; �0 = �1), the numerator polynomial of the transfer
function is symmetric or antisymmetric,

zn+1 + r0z
n
� r0z� = 0 (7)

To break the symmetric or antisymmtric relation there
are two ways, either a loss is to take into account in
vocal tract or the factor �0 of the glottis changes in
(-1, 1).

If the area at the junction is S1 = 0, the back cavity
is eliminated, and the matrix TD becomes a standard
scattering transfer matrix of a two-port adaptor and
the pole-zero model is transformed into the well-known
all-pole model.



3 EXPERIMENTAL RESULTS AND CON-

CLUSION

The total lengths of the pole-zero models are chosen
according to the fricative sounds. The block length
for the analysis of speech signals is chosen as 20 ms
coressponding to 160 sampling values at a sampling
frequency of 8 kHz.

The pole-zero model is inverted and we can get the
inverse structure of the �lter, as displayed in �g. 4.

The model parameters are analyzed and optimized
from natural speech. We have used the inverse �lter-
ing method [7] to calculate the parameters of the front
cavity and an adaptive algorithm to optimize the pa-
rameters for the excitation source and the back cavity.
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Fig. 4 Inverse �ltering structure of the �lter in Fig. 3

First of all we generate a synthetic signal using a pre-
scribed pole-zero model, then we determine the reec-
tion coe�cients from the synthetic signal. A compar-
ison of the original and calculated frequency response
is shown in �g. 5. It is shown that this model has �ve
resonances and the zeros appear in the frequency re-
sponse of the original and the calculated model. Both
zeros of the analytic result compared with the am-
plitude of the original frequency response are shifted
torwards higher frequencies.

Then this pole-zero model is applied to investigate
the fricatives. The speech material is produced by a
male speaker. The results of two fricatives are pre-
sented in this paper.

The �rst example is the frictive [f]; its model is given
by a total of ten tubes with the front cavity consisting
of 2 tubes and the back cavity consisting of 8 tubes
of di�erent cross sections. The excitation source is lo-
cated between the second and the third tube. Fig. 6
shows the analytic results. The spectrum of the speech
is in good coincidence with the amplitude of the fre-
quency response shown in �g. 6 A. The zeros that can
be clearly seen in the groupdelay �g. 6 B appear also
in the magnitude response.

Fig.5 Comparison of the amplitude of original (solid)
and analytic(dotted) frequency response.

The widths of the antiresonances and resonances are
increased, if small losses are included in the vocal tract,
but their locations are almost unchanged.

The second example is the fricative [
R
]; its model

is composed of 8 tubes in the front cavity and 2 tubes
in the back cavity. The �rst tube in the back cavity
is a single section tube, while the second tube consists
of three tubes with same cross sections. It can be seen
from in �g. 7 that the fricative [

R
] has �ve resonances

and two antiresonances.

The calculated results compared to the spectra in-
dicate that the pole-zero model can properly handle
fricative sounds. It turns out that the glottis in terms
of �0 is important for the adapation of the model. In
future work we will investigate this e�ect and how �0
can be calculated directly from speech signals.
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Fig.6 Analytic Results of the fricative [f]: A:
spectrum(dotted line) and analytic frequency

response(solid line) with small losses; B:
correspondung groupdelay; C: Comparison of
frequency response with small losses(solid line)

and lossless(dotted line).

Fig.7 Comparison of spectrum (top) and analytic
amplitude response (bottom) for fricative [

R
].

Solid line: small losses; dotted line: lossless case.
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