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. ABSTRACT

This article concerns the model investi-
gations in auditory system. The model is
synthesized on the basisof a little number
of the raw data, with a limited system com-
plexity, and an element reliability. Hence,
the model structure concerns as a hier-

archical system with a high potential re-
liability.

INTRODUCTION

The analysis of speech signal is asso-
ciated with model investigations in audi-
tory. The auditory system is divided into
several schemical levels: mechanical con-
version level of sound signal, sensoryle~
vel and neuron processing lével.

The auditory system complexity depends
on the signal processing level. If the
spinal ganglion cosists of about BQOOODQk
rons, then the brain consists of about
I0000000 neurons. The auditory system is
a complex hierarchical system. It intends
to the prediction systems /I/. There are

two ways of the complex system simulation:

analytical and synthetical. .
An analytical method is based on the de-

terminate of majority common real system

parameters and their linkages. The most
models of auditory system is based oﬁ the
analytical approach /2,3,4,5{ The main dis-
advantage of this apprbach lies in practi-
cal impossibility to take into account the
whole information about structure and beha-
viour of auditory system. Hence, the mo~
dels obtained are private and explain on-
1y partial effects of auditory model ope-
ration. The analysis 6f the complex sysbtem
must not be done by independent simulatim
of parts. Hence, the private models can
not exﬁlain the basic behavioral princip-
les of auditory system.

The synthetical approach is more prefe-
rable. It is realised by means of optimum
models synthesis, which then approximafe

to the real system due to nearing objecti-

* ve functors and linkages between model -,

and system parameters. The main difficul-

ty of using of the synthetical approach

lies in the term "optimum" for the audito-
ry model system. Due to the analysis of the

common processing principles of the infr-
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we extrac-

s tem /6/,
mation in auditory sys imum losed

ted as optimum criterion -.mlnl o
information of the input 31gnaditzry e
del processing. Besides, an au F et
systen should hold & high poten
bility.

PROBLEM STATEMENT

e
The complexity of the model structur

is limited upper,
§=N;£8,<® .
< .
where Nj = infér&ation capacity of t

i-th element;
n - generalized punber elements. .
The elements have threshold of sens

vity IIPt"'C‘C" >0

where t - reaction time; 7 - error of

conversion; p - input signal power;1e oo
The model elements are not reliaP N

are not substitute after refusal. fo .

bility of no-failure element operation

limited upper p< P,<7 - i
The loss information of the input sig
nal is calculated by funct?r
8= [[$w)-¥(W)]* dw
w
where w =1xD - signal regionj Q - fre
quency range; D - dynamical range.
ww)=L"[a(f)] -
where L — signal definition operator a(f)
in model; 1"~ return operator.
The task is the jnformation probability
t 1
search of the model and the structura
elexent linksage definition. The need of
loss cinizization defipnes a decision =
rsking task.
R . ivi-
FPrequeacy- aad dynazic ranges are di
ded into subranges, with trheir own data
—odel elezent. The co=Ton dgcisicn task

is in /8,7,8/, due to this decision task

nthesized the auditory model sys~
was 8Y model relates to the symmetri-
ven Thii m class m—order /1/. Hence,the
cal sy? eoperationable, till its every
syi:e?i:jolvins m_élementS) is working,
pa

The probabilitynoflﬂf—iﬁis?re model ope-
ration is: k=§ﬂﬂ; %

é} w;>m |
where wi=0 - for failured element; wi=I -
gor operatable element; Pj = probability
of no-failure operation of 1-th element;

.=’/-P"
QLIn the piesent model the common element

complexity is equal, hence: Pj=p;=p
Lo¢ i n-
S0 R:Z Cap 9
The value‘zgtimations R are /I/, by
n—2°, and% <Po

> 1 - exp (-kn)
R {< 1 -exp[-Rn +0(ln /z.)]

1-m/n
m .z —
where k =71@2fzp’n,‘+(/ n)fﬂ 1-P
Thus by‘€;‘<Po’ the system reliability
9
approximates to 1.

¥odes Description

The synthetized model involves: filter
system, threshold elements, spaceadding
linkages, and time adding filters.

The filter system has the transfer func-
tion vy .

ylj,w,x)=exp[-1448(ye 21)°-j5Qe y] ()
where x — space coordinate (filter number)
Q - gain-bandwidth product of the filter
system; y=w/w, ; Wy — resonance filter
freguency with number x=0.

The threshold elements are equal ~ allo-
cated along axis x in several rows. A thre-

, t in i-th row is
sbold of elemen .
2;=2,p
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Where B>f .

The element linkages are defined by

functors:tx’

9 ) S JRltex (e 2) (), 2)dx b o

. t Ip
Vant)=] [h(tra )bz, -2 )M(r; ) dr de 5y

where h,,hJ -~ welght functions of the time
summation; h,,b, - weight functions of»
space summation; L,M - threshold element
reactions; io - upper filter number level.
The relations analyse (I7,(2),(3) has
shown, that the model is not critiéal to
value Q, since the filter timé constants
and weight function constants are matched.
The model parameters estimation can be do-
ne by common psychéacoustical and neurody-
namical data of auditory human system and

by functional model analysis,

Parameter Model Improvement

There are many papers dealing with the
subject parameter measurement and parame-
ter estimate of the filter system of the
auditory analyzer, but the results are
contradictive /9,10,II/,

The model described agrees well with
relative levels of auditory system. It
was found that the gain~- band width pro-
duct defines the curve of absblute sense-~
tive level; a threshold curve type, amp-
litude-, and frequency modulation sensi-
tivity, and etc. It follows, that the

frequency group .width (critical bandwidth)
in guditory gygtem agrees with the band-

pass relative filter. Hence,

0=ﬁﬂw&¥/92nf

where fmed = medium group frequency;
forit — critical frequency band for Theqr
Thus, gain- bandwidth product Q depends

on filter resonance frequency Wpege Sin-

Ce Wreg is a coordinate function X,
w/'ey(x)"wa; e*
we have, that Q is also coordinate func-
' . tion x.

It was found, that the gain- bandwidth
means in the frequency range I-IO ke/s
agrees with the artical results /10,I1/,
and in range below 500 kc¢/s ~ with expe-
rimental data of Bekesy /9/.

INPUT SIGNAL CODING

Final signal description is defined with
expressions (2) and (3)., The functor g(x,
t) defines the amplitude spectrum of the
input signal, and ¥ (x,t) - differential

from the phase spectrum.

In the bandwidth (x)
: Wres (X
WwW(x)= L2177

Aw(x) 2(%)

8(x,t) and ¥ (x,t) can be represented as
one count on the coordinate.

From condition (I) these counts nust be
taken in points of the largest value g(x,
t). I.e., the restcounts it is necessary
to supress by means of the suppression
function § (t, x)

5(¢,2,)=9(¢,2) ~ P, (¢, x)
Pzi(t,z)=6(x) ¢ (x)

b(x) = {< 1 X4-AXsX<X,+Ax ;
>1 x,~Ax>X>X,4AX

)

where P, (t,x) - breakpoint in x, becomirg
by the excitation g (t,x) in the point x .

¥
8(x) - model reaction coused by the sine
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signal.

Such a function is realized on the basis
of the known lateral iphibition. A making-
decision procedure on the basis (4) iss
if § (t,x)> 0, so & signal in point Xy
exists, if § (t,x) < 0, so = isn't.

Values g(x ,t) and ¥ (x ,t) - are the
result of the first level of the coding
of the final description. It’s adaptive,
since g(x ,t) and ¥ (x ,t) are defined by
input signal structure.

CONCLUSIONS .
The model described and a mumber of
signal processing mechanisms ére very
common with the data mentioned in neuro-

dynamics and psychoacoustics dealing with
numan sound signal sensibility. At the
éame time, the model is optimal as to mi-
nimum eriterion of the loss information
with potential reliability, near to I.

The theoretical and the experimental
mode investigations provided us to study
the perception mechanisms particularly;
simutaneous - and sequential mechanisms
of disable, to-tone suppression; the vo-
wel attribute determination and etc.

It was found, that the sounds formants
are markedly changed during the base tone
period, it allows one to .obtain the infor-
mation about the speech signal thin stru-

- cture.
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