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ABSTRACT

The use of applications for noise reduction often changes the characteristics of the input signal.
The successfil methods for eliminating noise unfortunately require high computational complexity,
and thus the process of obtaining the final result is slow.

The present article studies a model demonstrating the cording signal of human speech, visualizing
the noise in signal and its reduction through the Matlab application.

It is necessary to definite the level of detail for performance of each step of the algorithm, as well

as the provisions for possible exits and rules for making decisions. An ongoing analysis of the proc-

esses occurring during the execution algorithm is carried out. Intuitionistic fiizzy sets are used to esti-

mate noise reduction in speech.
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INTRODUCTION

Speech is a basic means of communication
between people. Human speech is a fundamental
way for humans to convey information to one
another. With a bandwidth of only 4 kHz; speech
can convey information with the emotion of the
human voice. Some properties of the speech
signal are: a one-dimensional signal, time as its
independent variable, random in nature, non-
stationary and the frequency spectrum not con-
stant in time. Although human beings have an
audible frequency range of 20 Hz to 20 kHz,
human speech has significant frequency compo-
nents only up to 4 kHz. The effect of interference
noise in speech signals is the most common
problem in speech processing.

Speech is distributed in the form of a sound
wave which spreads from the source in all direc-
tions and which is perceived by the auditory
system. Speech wave is seen as an analog signal
controlled by the photon apparatus of man. It is
presented in the form of a signal with a certain
amplitude and length (wavelength). Speech sig-
nals consist of analog speech models based on
undergoing of the process of converting a con-
tinuous analog signal into a signal with discrete
values called discretization, analysis and sym-
bolic presentation of the speech (Figure 1) [3-4].
Each sound wave can be represented as a spec-
trum of the incoming into its composition fre-
quencies.
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Fig. 1. A scheme for processing sound signals
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When doing research on any spoken lan-
guage, first of all the individual phones must be
identified. Then it is determined in what position
and what sound environment they meet each
other and what their distribution is. The phoneme
as the smallest segmental unit of speech serves as
a differentiation of morphemes and word forms.
The phoneme system of Bulgarian language con-
sists of 45 phonemes: 6 vowels (vocals) and 39
consonants. In speech it is realized in the form of
various options. The sensing characteristics of
human speech have been estimated using the
phonemes of the phoneme system of Bulgarian
language.

This article is the first of a series of articles
exploring many problems associated with noise
filtering and recognition of Bulgarian speech. It
examines how to apply filters to reduce noise and
improve the original source voice recording.
Then it will be used OM to describe the flow of
the processes during training and at the end it
will be used IRO to compile the assessment of
the applied filters in the current examination.
With the Matlab application a large number of
experiments are conducted to maximize noise
reduction. Figures 2 and 3 present a noisy speech
signal and an estimated speech signal.

Fig. 3. Filtered speech signals
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Interference noise masks the speech signal
and reduces its comprehensibility. It can come
from acoustical sources such as ventilation
equipment, crowds, traffic, reverberation and
echoes. It is possible to arise electronically from
thermal noise, distortion products or tape hiss. If
the sound system has unusually large peaks in its
frequency response, the speech signal can even
end up masking itself.

GENERALIZED NET MODEL

The generalized net model describes the proc-
ess of applying algorithm and estimations in
terms of IFS [1-2]. Initially, the following tokens
enter the generalized net with the respective in-
formation characteristics:

In place /11, a token enters with a characteris-
tic “speech signals™;

In place 1.4 a token enters with a characteris-
tic “algorithms for noise filtering”;

In place 14 a token enters with a characteris-
tic “compared algorithms™;

In place 1., a token enter swith a characteris-
tic “calculating of intuitionistic fuzzy estima-
tions”.

A generalized net model with an introduced
set of transitions A: A= {Z,, Z,, Zs, Z,} is devel-
oped, where the transitions describe the follow-
ing processes, respectively:

Tasks performed by speech recorder — tran-
sition Z;

Tasks performed by noise filtering algo-
rithms — transition Z5;

Tasks performed by compared input and fil-
tered signals — transition Z;;

Calculation of intuitionistic fuzzy estimations
— transition Z,.
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Fig. 4. GN-Model of noise reduction in speech



The Z, = {/,, L4}, {ZIﬂ, b, Lis}, Ry, (L, L)
mdex matrix of the transition conditions is:

| Lt L Ly
Ry= L | false false true 1)
Lig | Wiain Wia, true
where:
W, 1,51 = “1s available signal”;

W, , ,= “is available signal to noise filtering”.

The token entering place /; obtains new char-
acteristics “signal for noise filtering”.

The Z,= {L, lsdoa}, {6, Los}, Ro, (I 1y Log)
index matrix of the transition conditions is:

/ alse  true
R | @)
.| false true
Ly |Woys true
where:

W, ;= "noise filtering is complete™.

The Z; = {13, LSA}: {Zlf3: 14, Zs, LSA}: Rs, (13, L3A)
index matrix of the transition conditions is:

| lis Iy Is Ly
Ry= 1 | false false false true 3)
Ly | Wi Wiga Wiys true

W42 = good noise filtering™;
W,, ,= “additional application of filters”;
W, , s= “noised or rejected signal”.

The index matrix of the transition conditions
1S
Z= {Zlﬂ, szz, 1113, Lo}, {1113, Ly}, R3, (Zzﬂ, llfz, lJﬁ,
Lys)

| lys  Lag
lipn | false  true
Ry=liyy | false  true @)
lips | Jalse  true
Lyg |Wayys true
where:

W, 3= Tesults are estimated”.

The token entering at place L4 obtains char-
acteristic “estimations g;,v;”.

All calculated estimations take initial values
of {0, 0} , when > 0, the current (7+1)™ estima-
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tion is calculated on the basis of the previous
estimations according to the iterative formula:

Ly +1 Ly, v

i=1 i=1 )

®)

(W2 Vi) = (
where are the previous estimations and (i, V) is
the latest estimation of the messages for
uvel0,1]and p+v <1.

In this way the token at place lis forms the fi-

nal estimation of noise reduction on the basis of
the previous and the last calculated algorithm.

CONCLUSIONS

Efficient algorithms are applied for noise fil-
tering through Matlab partial filtering of noise
from speech signals. Tools for visualization of
the signals in different stages of the obtained
results are used.
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