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model of speech production, man-machine systems.

For the purposes. of speech synthesis, biometrics , medical and psychological diagnosis, the functioning of
the glottis during phonation has been studied many times. At present, a relatively trivial solution proposed
by Fant has established itself, regardless of the actual purpose of the system, using the "pusle source - filter"
model. The model of Fant allows the linear prediction method to perform reconstruction of the current form
of the vocal tract and the excitation of glottal volume velocity. But the practice shows that the fluctuations
of the speech tract due to psycho-physiological effect on the functioning of the facial muscles in most cases
are negligible. Thus, they are below the accuracy, which the linear model allows, using approximation with
a cascade of coaxial cylindrical sections of equal length and constant cross-section. This requires more
complex algorithms, and thus additional information is extracted from the pattern of air volume velocity
after glottis. In this study, it is to be shown, that the model of Fant actually allows depiction of the psycho-
physiological changes in the spectral features of the speech signal without the use of additional models. For
this purpose it is sufficient to analyze the relationships of the main parameters of the excitation pulse of the
source with the frequency response of the filter. In the current practice, these correlations are not considered

and the source and the filter are examined separately.

1 INTRODUCTION

Phonation is a process which takes place in the
middle part of the larynx and sets up vibrations to
the exhaled airstream. As a consequence of this
process the air volume velocity after the glottis
immediately shows vibrational patterns (Figure 1),
which determines the pitch frequency of the speech
signal (Tunkos, /1., bosmkues., T 1990). Changing
the tension of the vocal folds and the pressure during
the speech production process, one gets the desired
pitch frequency, needed for phonation of vowels and
voiced consonants. In the formation of non-voiced
consonants the vocal folds do not come near each
other and their constellation is like at physiological
breathing (Pickett J.M, 1982). In this case, the
incoming air pressure from the lungs is modulated
by the formation of turbulence and closure of the
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vocal tract. The spectra of the resulting sound
sources are modified by resonances, the frequency
of which depends on the time-varying shape of the
throat and mouth, the location of the tongue and
many more.

Modern study of acoustic phenomena in the oral-
pharyngeal tract began in 1941 with the work of
Chiba and Kajiyama (Chiba, T., Kajiyama M.,
1941). The fundament of the present theory and
practice is shaped in 1960 by Fant (Fant, G., 1960),
and others. The systems for processing, transmitting
and storing of speech signals use various methods
and techniques, but they are all based on a model of
the functioning of articulatory tract and the air
volume velocity after the glottis. The purpose of the
modelling process of speech production is not only
to study its properties and specifics, but also to solve
problems for its effective coding and transmission ,
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the automatic synthesis of speech and speech
recognition, for biometrical applications and others.
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Figure 1: Air volume velocity immediately after the glottis
for vowels and voiced consonants. Position of the vocal
folds: a - phonation of vowels and voiced consonants, b -
physiological breathing.

In every such model (Proakis, J.,2000), in one
degree of another, the main components of
articulatory tract in terms of the laws of acoustics are
reflected (Figure 2)
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Figure 2: Main components of the acoustic articulatory
tract.

These components include the excitation of the
vocal cords, the time-varying shape of the vocal
tract, radiation from the lips etc. Resonant
phenomena in the speech production process are
actually affected by losses in the walls of the tract,
depending on the thermal conductivity, elasticity and
friction. Significant influence is done by the nasal
cavity with the absorption of certain frequency
components of the spectrum (antiresonant
phenomena). This complex nature of the process
allows the development of many models, differing in
structure and degree of relevance. Interestingly,
despite the apparent complexity of the problem, it
found a relatively trivial solution proposed by Fant
(Fant, G., 1960), which has established itself in
practice regardless of the actual purpose of the
system.

The classical model of Fant separates the
excitation from the shaping of individual sound
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components of speech, allowing approximately
treatment of speech sounds as a linear system.
Lungs, which provide air volume velocity, are
presented as direct current power source. Their
output is divided, corresponding respectively to the
voiced and unvoiced parts of the signal. The pulse
generator modulates the air volume velocity from
periodical excitation of the vocal folds, and the noise
generator models the formation of turbulence in the
places, where the vocal tract changes its cross-
section. The final speech signal is obtained after the
components are added together and passed through a
filter with linear transfer function, which models the
articulatory tract.

In modern systems, this model has found its
discrete implementation (Figure 3).
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Figure 3: Digitalized model of Fant.
Generating a voiced speech segment after the z-

transform of a sampled speech signal is described by
the equation:

S(2)=U,(2)V(2)L(2) (1)
Ug(2)= Y.z %)'G(2)o,, o
n=0
o-SOIl
Tk

It is assumed, that the sampling period is T=1,
and the period of the pitch frequency is a multiple of
it Tp = KT (Damyanov, D., Galabov, V., 2012a).
The transfer function of the model of the glottis, the
model of the vocal tract and the lips radiation can be
combined in a common transfer function:

H(z)=G(2)V(2)L(z) 3)

And the speech production process can be
written as

S(z)=E(2)H(z) “4)
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S(z)=Z{s(nT)}, s(nT)=s(t)| (5)

t=nT

Where E(z) is the z-transformed pulse excitation
of the glottis. Adoption of certain hypothesis about
the spectral properties of the glottis, of the vocal
tract and the lips radiation (Fant, G., 1960) allows
the use of an all-pole filter:

6
H(z) = 1 (6)

Finding the coefficients of this filter is a task,
successfully solved in theory and practice. (Proakis,
J.,2000, Trashlieva, V., Puleva, T., 2011)

2 MOTIVATION

Using a process of speech production of type source-
filter, based on the model of Fant, many of the tasks,
associated with the processing of speech signals are
successfully solved. In this study, it is to be shown,
that despite their simplicity, these models are able to
explain some phenomena of the speech production,
observed in the changes of current psycho-
physiological state of humans. These include
changed rations of the amplitudes of formant
frequencies (less harsh or ringing voice), impaired
understandability, etc. For their description and
analysis of the functioning of the glottis during
phonation has been studied many times, in order to
create relevant model, especially for the purposes of
speech synthesis, medical and psychological
diagnosis, and biometrics. Much of the testing
methods are borrowed from medicine in order to
achieve greater accuracy, or to make measuring
easier. All of the above methods do not work
directly with the desired variable, but with some
other, depending on the desired one. Given the
complexity of making laryngoscopic  and
laryngoendoscopic studies, and especially the need
for medical intervention, and because of the
significant impact of these methods on the overall
process of speech production, a great number of
indirect methods have been developed. These
include  methods, base on electromyography -
registering the signals of muscle activity in the
throat while speaking, glottography - working with
the impedance of the neck in the plane of the glottis,
which largely depends on the cross-section of the air
volume velocity after the glottis. Despite numerous

studies, currently there is no unified theory that
explains the process of these changes in the spectral
characteristics of the speech signal. Most authors
seek the cause of these phenomena in the psycho-
physiological change in current form of the
articulatory tract. The model of Fant allows the
linear prediction method to perform reconstruction
(with some degree of approximation) of the current
form of the tract and the excitation of acoustic
volume velocity after the glottis. It is expected, that
the modelling of the speech tract provides conditions
for obtaining relevant information about the
functioning of the facial muscles and the
corresponding parts of the nervous system, which
are extremely sensitive to current psycho-
physiological state of the individual (Ekman, P,
Friesen, W., 1978 ). But the practice shows, that the
fluctuations of the speech tract due to psycho-
physiological effect on the functioning of the facial
muscles in most cases are too small . Thus they are
below the accuracy, which the linear model allows,
using approximation with a cascade of coaxial
cylindrical sections of equal length and constant
cross-section (Pfister, B., Kaufmann, T., 2008).

This requires more complex algorithms and
thus additional information is extracted from the
pattern of air volume velocity after glottis. The air
volume velocity gives information about the current
psycho-physiological condition in two ways - first,
through the entire process of speech production,
concerning the higher nervous activity, and the
second by the functional state of the autonomic
nervous system, including the overall muscular
tonus (Reuter-Lorenz, Patricia A., et.al., 2010, Kalat,
James W. 2012). For the extraction of this
information, the use of relatively complex models is
required, describing the tension on the vocal folds,
the mechanism of stretching and vibrating, the
pressure of the incoming air flow from the lungs,
etc. In this study, it is to be shown, that the model of
Fant actually allows depiction of the psycho-
physiological changes in the spectral features of the
speech signal without the use of additional models.
For this purpose, it is sufficient to analyze the
relationships of the main parameters of the
excitation pulse of the source with the frequency
response of the filter. In the current practice, these
correlations are not considered and the source and
the filter are examined separately. For readability
purposes, the following simplifications will be made
that do not change the generality of the study:

e The influence of the transfer function of
the glottis and the lips radiation will be
neglected, since they don't affect the
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formant frequencies, but only their
decay ;

e The excitation of the source will be
considered as a sequence of rectangular
pulses;

e The attenuation of formant frequencies
will be ignored, i.e. poles of the filter of
the vocal tract will lie of the unit circle;

3 PRODUCTION OF FORMANTS
IN HUMAN SPEECH

In this study, it is assumed, that the model of the
vocal tract is of second order:

k, a)f @)

s’ + )

H(s)=
i.e. the signal will contain only one formant with
circular frequency @, . The excitation pulses are of
type (Damyanov, D., Galabov, V., 2012b):

e(t) _ 1, (m_l)Tg Sl‘<t0penﬁglottis +(m_1)Tg (8)
0. Lopen gloris H(m=DTy <t<mT,
m=1LN, imp -1

where T’ . is the period of the pitch frequency , and

lopen_glottis is the duration of the phase of open

glottis. The output signal for the period of the pitch
frequency (m=1) is:

olf

AR _ _IF ; il
‘Sapen _ glottis (=4 open _ glottis Aopen _ glottis sm((o]t + (puperr _ glottis ) (9)

for ¢

open_glottis> 1€ 10 the phase of open

glottis, and:

IF IF H IF
Sclosed _ glottis 0= Aclosed _ glottis Sln(a)lt +@elosed _ glottis) (l 0)

for ¢t>¢

open_glottis» 1€ T the phase of closed

glottis, where:

1F .
Aoapeniglottis = k] is the DC component of the

signal in the phase of open glottis

IF _
Aopen _glottis — k 1 and
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wt :
1 openz_ glottis ) are the

1F :
Aclosed _glottis = 2k] S11(
amplitudes of the signal in the phases of open and

closed glottis

1F

-” and
Popen _ glottis = D) an

2 a)ltopen _ glottis

IF ~
Pelosed _glottis = 2 are the

angular phases of the signal in the phases of open
and closed glottis

@, = 27f, are the circular frequency, which

corresponds to the formant frequency f; .

We can observe the following important features:
= In the two phases - of open and closed glottis
- the formant frequency is determined only
on the coefficient of plain gain of the filter
= The amplitude of the signal in the phase of
closed glottis depends again on this
coefficient, but also in a complicated way
on the ratio of duration of the preceding
phase of open glottis to the period of the
formant frequency.
= The phase shift of the signal depends in a
similar way on the above stated variables.
Practically, this means that without changes in
the filter parameters, i.e. the geometry of the vocal
tract, changes in length of the phase of open glottis
can increase or decrease the formant frequencies of
the speech signal (Damyanov, D., Galabov, V.,
2012a). For better understanding of the paradigm, a
dimensionless coefficient is introduced, which is
proportional to the duration of the phase of open
glottis to the period of the formant frequency:

= . 11
wltopeniglottis a)ltopenigloms (an

In terms of amplitude of the signal before and
after closure of the glottis the coefficient can be
defined:

IF 12
7 B Aopen _ glottis ( )
AlF 4P T AF
open _glottis“closed _glottis — Acjpsed _ glottis
where the Lclosed _glottis = Ty - Zopen _glottis 18 the

duration of the phase of closed glottis during the
period of the pitch frequency (Damyanov, D.,
Galabov, V., 2012b). The functional relationship
between these two coefficients is:
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(13)

2511

wltopeni glottis)
2

r = f[r ]:
1F 1F 15 :
Aopenfglatria/‘closediglottis “ open_glotis

It can be seen, that varying the duration of the
phase of open glottis, without changing the filter
parameters, i.e. the geometry of the vocal tract, for a
given amplitude of the generated signal in the phase
of closed glottis can take any value from zero to two
times the amplitude in the phase of open glottis
(Damyanov, D., Galabov, V., 2012c).

This effect becomes more interesting, if the
speech segment contains several periods of the pitch
frequency.  Then, besides the coefficient

")ltopen glotis =wlt0pen_ glottis® the ratio of the

amplitudes will be affected by the ratio of the length
phase of closed glottis during the period of pitch
frequency:

_ topen _ glottis (14)

full _imp
Tg

k

In this case one can obtain relatively complex
analytical  dependencies. For example the
relationship of the amplitudes of the signal in the
phase of closed glottis to the phase of open glottis in
the second period of the pitch frequency is given by

rAF 1F =Sy P 15
Aopen _ glottis Aclosed _ glottis V& - 5 ( )

,
DO\lopen _ glottis

Toyt, . is
) cos( P1lopen _ glottis )}

4k1 sin(-
Sull _imp

r 2 2
ot .
)+ ky smu,,,w)] .

ky sin(r,
[ 1 ( D1lopen _ glottis k full _imp

[7 2k, sin 2

»
! ’open _ glottis

)+ kl sin(
K full imp 2

2
r“)ltupen _ glottis ﬁ)J

If we assume that:

numbits = total number of bits (16)
from the binary presentation of N

Then, for the N-th period of the pitch frequency
the dependencies are as follows:

(20)

v . Otlopen  glottis (17)
Aclosed _ glonis = 2k1sin( f)
sin( @1 - Dilopen _ glottis a+ 1
2 k Sull _ imp
numbits  —1
gmmbits 2 BSB ) BFB
sab =2
numbits sab @11 gpen Jortis B
N z ( ]—[ 2 cos( pen__ gl 2 (ampl =3)),
sab =2 ampl =2 Sfull _imp
+ sin( ot - D1l open 27 glottis (+ (zsab —1_ 0 psab+1
numbits
( > BBS )))) BSB
sub =sab +1
sab +1< numbits
where
18
0, if the sab —th significan t bit ( )
BSB = from the binary presentati on of N
is equal 0
1, else
0, if the first bit
BFB = from the binary presentati on of N
is equal 0
1, else
0, f the sub—significan t bit
BSS — from the binary presentati on of N
is equal 0
1, else
BBS = BSS, if sab=numbits (2 1)
BSB +numbits —sab -1, else
and
1F g F _ 22
Aopen_glottis_ k +Aclosed_glottis((N D) (22)

. a, lonidV 7
—sin@yt— open_glotti +7

kfull_imp 2

One can make the following conclusion:

By changing the ratio of the duration of the
phase of close glottis to the length of the pitch
frequency and without changing the geometry of the
vocal tract, one can generate speech segments, in
which the formant amplitude for each subsequent
period increases, decreases, or does not change
much. This can be seen in the two parts of figure 4.
In the figure, a speech signal, generated with the
model of Fant is resented. It contains one formant,
which has frequency 420 Hz. The pitch is 199 Hz,
and the plot contains 9 pitch periods. The signal in

the first part has _ , and the
lopen _ glottis =39 ms

second part has .
Lopen _ glottis = 25 ms
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4 CONCLUSIONS

The study shows that the model of Fant adequately
describes many phenomena of the speech production
process, that are known form theory and practice.
The reason for this probably lies in the genesis of the
model. A "pulse source-filter" model is created for
simplification of the process of analysis and
parameterization of a specific implementation. This
is accomplished, with the assumption, that the filter
is practically independent of the source of excitation.
This allows the implementation of effective methods
and techniques for the evaluation of the filter. This
approach gives excellent results in most cases -
mainly in speech analysis, synthesis, coding and
transmission. When the speech signals are used for
medical, psycho-physiological, biometrical purposes
however, it is customary to consider that the model
of Fant is not sufficiently relevant. This requires the
use of much more complex models and additional
information sources. Recently, the problem becomes
even more acute with the ever increasing demands
on quality of processing and transmission of speech
signals and their use in mobile devices. This paper
shows, that the model can be made much more
efficient without further complication. This is
achieved, using the cumulative effect of some of the
processes, that can be found in source and in the
filter.
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Figure 4: Speech signal, generated with the model of Fant,
containing one formant, with pitch 199 Hz, 9 pitch
periods, with formant frequency 420 Hz, and duration of
the phase of open glottis 39 ms for a) and 25 ms for b).
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