p-ISSN 1607-3274 PagioenexrpoHika, iHpopmaTuka, ynpasainss. 2025. Ne 4
e-ISSN 2313-688X Radio Electronics, Computer Science, Control. 2025. Ne 4

UDC 057.087.1:621.391.26

ANALYSIS OF PROCEDURES FOR VOICE SIGNAL NORMALIZATION
AND SEGMENTATION IN INFORMATION SYSTEMS

Pastushenko M. S. — PhD, Professor, Professor of V. V. Popovskyy Department of Infocommunication Engineer-
ing, Kharkiv National University of Radio Electronics, Kharkiv, Ukraine.

Pastushenko O. M. — PhD, Senior Researcher, Serviceman of the Armed Forces of Ukraine, Ukraine.

Faizulaiev T. A. — Director of “TAF-87” LLC, Kharkiv, Ukraine.

ABSTRACT

Context. The current task of evaluating formant data (formant frequencies, their spectral density level, amplitude-frequency
spectrum envelope, formant frequency spectrum width) in voice authentication systems is considered. The object of the study is the
process of digital preprocessing of the voice signal when extracting formant data.

Objective. Evaluation of the effectiveness of traditional procedures for digital preprocessing of a user voice signal and develop-
ment of proposals for improving the quality of formant data extraction.

Method. A mathematical model for extracting formant data from an experimental voice signal has been developed to study the
influence of normalization and segmentation procedures on the quality of the resulting estimates. By modeling the process of extract-
ing formant data, the results of digital processing of normalized and non-normalized voice signals are compared. The influence of the
processed frame duration of the experimental voice signal on the quality of the formant frequencies assessment is estimated. The
results are obtained for the experimental phoneme and morpheme.

Results. The obtained results show that when processing a voice signal with a sufficient signal-to-noise ratio, normalization pro-
cedures are not mandatory when extracting formant data. Moreover, normalization leads to a less accurate measurement of the spec-
trum width of formant frequencies. It is also unacceptable to use a processed frame duration of less than 40 ms. These results allow
us to modify the traditional method of voice signal preprocessing. The use of the modeling method in the study of the experimental
voice signal confirms the reliability of the results obtained.

Conclusions. The scientific novelty of the research results lies in the modification of the voice signal preprocessing methodology
in authentication systems. Eliminating normalization procedures at high signal-to-noise ratios of the voice signal, which occurs in
user authentication systems, makes it possible to increase the speed of formant data extraction and more accurately estimate the width
of the formant frequency spectrum. Selecting a frame duration of at least 40 ms for the processed signal significantly improves the

accuracy of formant frequency determination. Otherwise, the estimates of the formant frequencies will be high. Moreover, when
processing phonemes, the processed voice signal cannot be divided into frames. Practical application of research results allows to
increase the efficiency and accuracy of the formant data generation. Prospects for further research may be studies of the influence of
normalization and framing procedures on other elements of a template of the authentication system user.

KEYWORDS: authentication, voice signal, normalization, segmentation, formant data.

NOMENCLATURE
i is an analyzed element of the voice signal;

N, is a number of elements in a processed voice sig-
nal window;

Sj is a non-normalized voice signal element;

Spi 1s a normalized voice signal element;

Smax 1S @ maximum value of the absolute values of a
processed voice signal sample;

abs is a designation of the absolute value of an ele-
ment being analyzed;

max is a designation of the maximum value selection
function;

T is the duration of a processed section (frame) of a
voice signal in seconds;

df is a frequency resolution of spectral analysis in
hertz;

fq is a sampling frequency of an analyzed voice sig-
nal in hertz.

INTRODUCTION
In modern society, the problem of information secu-
rity of computer systems in various organizations and
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institutions of all forms of ownership and purposes is be-
coming more acute. Information protection and reliable
operation of computer systems is one of the most impor-
tant tasks, which largely depend on the methods of au-
thenticating users and processes. In information systems,
authentication procedures are becoming a key component
in ensuring security. Authentication systems are widely
used in computer systems, mobile devices, online services
and play a decisive role in confirming user access rights
to systems and their resources.

The known types of authentication have their advan-
tages and disadvantages, and the practice of their applica-
tion shows their low reliability. In this regard, intensive
research is being conducted on the use of biometric user
features in authentication systems and various access sys-
tems. It is known that among biometric authentication
systems, voice systems are preferable by the effi-
ciency/cost criterion [1]. Moreover, modern voice systems
do not implement all the achievements of digital signal
processing, which are widely and effectively used in radio
communications and radiolocation. Currently, the Ukrain-
ian state bank PrivatBank is implementing voice authenti-
cation systems, which emphasizes the relevance of the

research.
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The theoretical basis of voice authentication proce-
dures is formed by research conducted in the field of
speech recognition, which began in the middle of the last
century. Both in the field of speech recognition and in
authentication systems, digital processing of the voice
signal begins with the preprocessing stage. Then, in au-
thentication systems, specific procedures for forming a
user template are performed. The stage of extracting fea-
tures from the voice signal and placing them in the tem-
plate is the second stage of voice signal processing. At the
third stage, voice systems compare the current user tem-
plate with the data placed in the template database, and a
decision is made on the user access to resources.

User features extracted from a voice signal typically
include: pitch frequency, formant data, cepstral and mel-
frequency cepstral coefficients, etc. Formant data play a
special role, including: formant frequencies; their spectral
density level; amplitude-frequency spectrum envelope;
spectrum width of formant frequencies.

A formant is a resonant frequency in the human vocal
tract that provides a unique timbre and quality of speech
sound. Formant frequencies are created by the structure of
the vocal tract, the shape and position of the tongue and
lips during speech. Formants are decisive in phonetics and
speech processing in all practical applications.

Formants also play a decisive role in a new practical
task, namely, voice synthesis.

In this case, modern scientific literature focuses on is-
sues of evaluating formant frequencies, for which fre-
quency filters, spectral analysis, wavelet transform, neural
networks, etc. are used. In practical applications, prefer-
ence is given to spectral methods.

The object of study is the process of digital preproc-
essing of a voice signal during the extraction of formant
data.

The subject of the study is the sampling methods and
procedures for extracting formant data from the voice
signal of the authentication system user. At the pre-
processing stage, the processed signal is traditionally
normalized and divided into separate sections (frames) to
extract user features.

The purpose of the work is to evaluate the effective-
ness of traditional procedures for digital preprocessing of
a user voice signal and to develop proposals for improv-
ing the quality of formant data extraction.

1 PROBLEM STATEMENT
It is known that voice signal normalization is an im-
portant stage of preprocessing in voice authentication
systems, aimed at bringing the signal to a standardized
form to improve recognition accuracy. Even simple nor-
malization, which comes down to dividing each element
of the processed voice signal array s; by the maximum

value of the absolute values of the processed data
Spi =i/ Smax » (1)
where
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for all analyzed elements within the range of change i
from 1 to N, , allows to significantly increase the signal-

to-noise ratio. Here N, is the number of elements in the

processed voice signal window. Also, the processed data
is converted to the range from —1 to 1.

However, authentication systems typically process
voice signals with a sufficient signal-to-noise ratio (20 dB
or more) and the feasibility of normalization procedures
for extracting formant data is questionable.

In order to extract user features, authentication sys-
tems are further recommended to process in a sliding
window with some overlap. In this case, the duration of
the processed section (frame) is selected in the range from
20 to 40 ms. Note that in most cases, spectral analysis is
used to extract user features, including formant data. It is
known that the frequency resolution of spectral analysis is
determined by the duration of the processed signal, name-

ly

df =T, 3)

where 7 is the duration of the processed section (frame)
of the voice signal in seconds. For a discrete signal and
digital processing, the specified relationship is trans-
formed to the following form

df = fa/ Ny “

where f; is the sampling frequency of the voice signal in

hertz.

Setting the window duration to 20 ms opens the ques-
tion of the formant data extraction quality for authentica-
tion purposes.

2 REVIEW OF THE LITERATURE

The theoretical foundations for the acoustic spectral
theory of speech were formulated quite a long time ago by
the German scientist H. Helmholtz, which are still used
today. Here we will also note the works of the Swedish
acoustician G. Fant, who developed the theory of distinc-
tive features — a universal acoustic classification of
sounds. In the proposed classification, a special place is
given to formant data.

The theoretical foundations of digital processing of
speech signals are presented in the works of Rabiner L.R.
and co-authors, for example, [2]. This is one of the first
textbooks in which the concepts of normalization, seg-
mentation (framing), window functions and frame over-
lapping were introduced.

We would like to draw attention to the modern fun-
damental work [3]. This work provides detailed research
on the issues of digital processing of voice signals, includ-
ing the issues considered in the article.

Formant data form the basis of modern templates in
authentication systems, but they are also used in a number
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of other speech-processing applications, including medi-
cine. It is known that the first two formants determine the
results of speech recognition, while the third and fourth
play a significant role in speaker identification [3].

One of the main procedures of preliminary processing
of a voice signal is its normalization. A large number of
articles is devoted to the problem of normalization. Let us
pay attention to the work [4], which considers various
mechanisms of normalization in the recognition of Eng-
lish vowel sounds. It was found that the first and second
formants of vowel sounds depend on the size of the vocal
tract. It was noted that normalization can partially elimi-
nate this effect. At the same time, it was concluded that
for better perception of vowel sounds, preference should
be given to simpler normalization procedures.

In [5] the results of studies are presented that indicate
the connection between perception and pronunciation. A
comparative analysis of the original voice signals percep-
tion and their normalized representations is performed.
The problem was solved using the example of language
learning by people who were not native speakers.

Formant frequencies are increasingly analyzed not on-
ly for speech recognition or authentication purposes, but
also for other purposes. For example, in [6], the length of
the vocal tract is estimated and scale-invariant representa-
tions of formant templates are created. Normalization is
widely used, both when processing individual sounds and
in the interests of combining the estimates obtained for
different sounds.

The paper [7] investigates the use of vowel formants
for text-independent speaker authentication, including
methods for extracting and filtering formants. Normaliza-
tion procedures and digital processing in the form of indi-
vidual frames are widely used.

Audio processing has become an integral part of mod-
ern applications in areas ranging from healthcare to
speech-controlled devices. At the same time, segmenta-
tion of the analyzed data plays an important role in audio
signal processing. Neural networks and deep learning
have been increasingly used to solve this problem. There-
fore, the work [8] deserves attention. The analysis pre-
sented in this paper confirms and establishes the impor-
tance of deep learning methods in audio segmentation.

In [9] 2 model based on non-negative matrix factoriza-
tion was developed and investigated. Using procedures
for segmenting the analyzed signal, the developed model
allows dividing the analyzed data into speech, noise and
music.

In the article [10] a compact segmentation model is
developed that improves the quality of speech translation
by framing and pre-training with punctuation. The advan-
tage of the developed model is the increased efficiency of
solving the speech translation problem.

3 MATERIALS AND METHODS
A mathematical model for extracting format data from
a voice signal has been developed to study the influence
of normalization and segmentation procedures on the
quality of the resulting estimates. The experimental voice
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signal containing the word “odyn” (“one” in Ukrainian)
with a sampling frequency of 64 kHz was analyzed. This
signal is presented in Fig. 1.

Source signal, GdkHz

Amglitude

Samphes w0t

Figure 1 — The analyzed voice signal

We will conduct the study of the proposed signal in
three stages. In the first stage, we will analyze the pho-
neme “0”, which makes up the first part of the analyzed
signal. In the second stage, we will analyze the morpheme
“dyn”, which makes up the second half of the analyzed
signal. Information on the processing of the entire signal
will also be obtained.

The main method of evaluating formant data will be
spectral analysis of the amplitude-frequency spectrum of
the voice signal under study. The spectrum was evaluated
using the fast Fourier transform. In this case, we will pay
some attention to the voice signal normalization proce-
dures. The normalization procedures will be implemented
using the norm method. As a norm, we will use the max-
imum value of the amplitude of the signal under consid-
eration.

The main studies concern the assessment of the influ-
ence of the processed frames duration (sections of the
voice signal) on the results of the evaluated formant data.
Here, three variants of frame duration are also considered:
20 and 40 ms, as well as the entire analyzed signal.

Currently, when extracting user features from a voice
signal, the latter is divided into frames, which are recom-
mended to be selected with a duration of 20 ms. Digital
processing is carried out in a “sliding window” that has
some overlap.

This approach leads to the fact that spectral analysis
must be carried out on a limited amount of initial informa-
tion. The latter leads to a significant decrease in the reso-
lution of the spectrum, and therefore the accuracy of the
formant frequency assessment.

Some attention is paid to the assessment of the influ-
ence of the Hamming window function, which is widely
used in digital processing of voice signals. The purpose of
this function is to eliminate the effect of spectrum
“spreading”. This approach will allow to compare tradi-
tional approaches to digital voice signal processing and
develop practical recommendations for significantly im-
proving the quality of formant data estimates.
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4 EXPERIMENTS
The first stage of the research is associated with the
analysis of the experimental phoneme “o0”, which is pre-
sented in Fig. 2. The sampling frequency of the voice
signal was 64 kHz.

Source signal, 64kHz
0.03 T T

0.02

0.01

Amplitude

1] 5000 10000 15000
Samples
9

Figure 2 — The analyzed phoneme is “o

We will begin the analysis with a study of voice signal
normalization procedures. Interest in normalization pro-
cedures is conditioned by the fact that fundamental and
scientific literature has not disclosed in detail the influ-
ence of voice signal normalization procedures during its
digital processing. The question of the influence of nor-
malization procedures on the quality of generating for-
mant data also remains open.

In addition, the analysis of the Hamming window in-
fluence on the formant data of the voice signal is of inter-
est. Before presenting the results of the experimental stud-
ies, it is necessary to make a number of comments.

Firstly, the polyharmonic voice signal being processed
is recommended to be divided into frames (segments) of
20 ms in known works. This is justified by the fact that in
this section the signal being studied will be quasi-
stationary. In some works, it is recommended to choose
this section of 40 ms.

Secondly, the Hamming window is one of the weight-
ing functions that can be used as one of the characteristics
of nonparametric spectral analysis. As stated in a number
of works, the purpose of window function processing is to
eliminate spectrum spreading.

Thirdly, the real effect during processing of the ex-
perimental voice signal is the elimination of anomalous
estimates of formant frequencies.

Thus, the procedures of digital processing of the ex-
perimental voice signal allowed processing both normal-
ized and non-normalized signals. In addition, to assess the
influence of the window function, three duration variants
of 20 and 40 ms, as well as a signal of full duration, were
studied. Here we will also study the second part of the
voice signal under consideration (see Fig. 1), namely the
morpheme “dyn”. This will allow us to clarify the features
of processing signals including different voice compo-
nents.

The mathematical model for conducting experimental
studies was implemented in the environment of the Mat-
Lab computer mathematics system. This approach al-
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lowed us to significantly simplify the modeling proce-
dures by using standard MatLab functions. In addition,
the use of standard functions allows increasing the reli-
ability of the scientific results obtained.

The mathematical model was based on standard pro-
cedures for extracting formant data for different charac-
teristics of the processed voice signal.

5 RESULTS

As the results of experimental studies of the phoneme
“0” show, the implementation of voice signal normaliza-
tion procedures essentially has little effect on formant
data. At the same time, the spectral density levels of for-
mant frequencies increase by approximately 30 dB. The
spectrum envelope, in this case, moves to the positive
region. However, the shape of the normalized amplitude-
frequency spectrum envelope does not change.

Normalization does not affect the value of formant
frequencies. The values of the estimates of the six ana-
lyzed frequencies do not change.

The most significant changes occur when assessing
the width of the spectrum of formant frequencies. The
changes are associated with an increase in the level of
spectral power after normalization procedures. Fig. 3
shows the spectral density peak of the second formant
frequency of the phoneme “0”. The width of the formant
frequency spectrum was measured at a level of 0.8 (dash-
dotted line) from the maximum value. The solid curve
shows the peak of the non-normalized formant frequency,
and the dashed curve shows the peak of the normalized
formant frequency.

Spectrum width 2 formants of a i
0 T T T T T

, 64 kHz

Level, dB

-10
480 490 500 510 520 530 540 550 560 570

Frequency, Hz

Figure 3 — To the assessment of the formant spectrum width

After the normalization procedures, the spectrum
width of the formant frequency increases. The latter is
conditioned by the influence of the formant harmonic
peak shape and the accuracy of spectrum calculation.

Thus, it is advisable to estimate the spectrum width of
formant frequencies for a non-normalized signal; the lat-
ter will improve the accuracy of its determination.

Let us proceed to the analysis of the influence of the
Hamming window duration on the results of the formant
data evaluation. The Hamming window duration corre-
sponded to the duration of the processed section of the
voice signal. As indicated above, three variants of the
frame duration of the processed voice signal were consid-
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ered: 20 ms, 40 ms and the fully analyzed phoneme “0”.
Then the spectrum of the analyzed section was calculated
using the fast Fourier transform. Formant frequencies
were determined based on the amplitude-frequency spec-
trum.

When using short frames of 20 and 40 ms, the proc-
essing was carried out in a sliding window with some
overlap. The need for such a processing option will be
explained below. For frames of 20 and 40 ms, the mean
estimates were used as estimates of formant frequencies.
The results of the processing are presented in Fig. 4.

The following notations are used in this Figure: the
dashed-dotted line shows the results when processing 20
ms sections, and the dashed line shows 40 ms sections.
The solid line shows the processing of the full phoneme.
In this case, average estimates were used in short sections
(20 and 40 ms). We will consider the estimates obtained
when processing the full phoneme to be true.

Let us analyze the presented dependencies.

With a frame duration of 20 ms, after processing by
the Hamming window, the mean square deviation is sig-
nificantly reduced and anomalous measurements of for-
mant frequencies are eliminated. The accuracy of spec-
trum calculation was approximately 32 Hz. Note that the
low accuracy is caused by the insignificant number of
samples in the frame. This also leads to insufficient accu-
racy in determining formant frequencies. As a rule, in this
case we obtain high estimates.

Increasing the frame by two times leads to an increase
in the accuracy of determining the formant frequencies,
which tend to the estimates obtained when processing the
phoneme as a single frame. The accuracy of the spectrum
estimate for a 40 ms frame was approximately 16 Hz. In
this case, the estimates of the standard deviation are also
higher. The accuracy of determining the formant frequen-
cies increases significantly.

Results of amplitude spectrum processing, 64 kHz

2000

1800

1600

1400 -

= 1200

1000

Frequency, Hz

800 |-

600

400 [~

200 5 2 =
1 15 2 25 3 35 4 45 5 55 6

Formant number

Figure 4 — The estimates of formant frequencies of the phoneme
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When processing the entire phoneme “0” as a single
frame, the use of the Hamming window function is inap-
propriate. The use of this function leads to a decrease in
the accuracy of the sixth formant estimate. The accuracy
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of the spectrum resolution in this case was 4 Hz. Errors in
determining formant frequencies when processing 40 ms
frames and the full frame of the analyzed phoneme are
presented in Table 1. As a rule, the estimates obtained in
the 40 ms frame are high. It should be noted that with an
increase in the number of formants, the values of the es-
timates of the standard deviation for these frequencies
increase.

Table 1 — Errors in determining the formant frequencies of the

phoneme “0”
F1,Hz F2, Hz F3,Hz F4, Hz F5, Hz F6, Hz
4.2 8.6 6.4 3 21 1

Now let us move on to the analysis of the morpheme
(syllable) “dyn”. As before, we will consider the three
variants of digital processing of the voice signal consid-
ered above. The results of processing the specified mor-
pheme are presented in Fig. 5.

Results of amplitude spectrum processing, 64 kHz
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Figure 5 — Formant frequency estimates of the morpheme “dyn”

The analysis of the presented dependencies allows us
to draw the following conclusions. As before, the least
accurate estimates of formant frequencies are obtained
when using a 20 ms frame. They are significantly high.
Estimates of the average formant frequencies for a 40 ms
frame are also slightly higher than the values obtained
when processing the entire morpheme. The errors are pre-
sented in Table 2. Estimates of the standard deviation
increase with an increase in the formant number.

Table 2 — Errors in determining the formant frequencies of the
morpheme “dyn”
F1,Hz F2,Hz F3,Hz F4, Hz F5,Hz F6, Hz
3 1 9 12 6 24

Here, attention should be paid to the change in the es-
timates of the second formant frequency for the 40 ms
frame depending on the number of the implementation.
This dependence is presented in Fig. 6 and makes it pos-
sible to divide the analyzed morpheme into separate
sounds.
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Figure 6 — Estimates of the second formant frequency of the
morpheme “dyn”

Table 3 presents estimates of the analyzed formant
frequencies for different source information.

When processing the word “odyn”, the estimates of
formant frequencies were calculated as underestimated,
since the section between syllables was not excluded.
This can be seen in Fig. 7, which shows the dependence
of the estimate of the first formant frequency on the num-
ber of the realization.

Table 3 — Formant frequency estimates

Type of F1, F2, F3, F4,Hz | F5 Hz Fo,

experiment Hz Hz Hz Hz
“0” 258 524 762 1012 1270 1543
“dyn” 245 493 739 981 1225 1469
“odyn” 247 494 776 1015 1268 1515

Formant 1
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Figure 7 — Estimates of the first formant frequency of the word
“Odyn”

Fig. 7 shows that some estimates are equal to zero,
which corresponds to the section of registration materials
between syllables. The latter fact can be used to divide the
registration materials into syllables.

6 DISCUSSION
First, let us briefly analyze the influence of normaliza-
tion procedures on the generation of formant data. Along
with the known factors of the influence of normalization
procedures on the suppression of the noise component and
the increase in the signal-to-noise ratio, in essence, the
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indicated procedures do not lead to a change in the for-
mant data.

An exception is the assessment of the spectrum width
of formant frequencies, which after normalization is less
accurate. Although with more complex digital processing
procedures, normalization can lead to a positive effect,
primarily due to an increase in the signal-to-noise ratio
[11]. Therefore, if it is necessary to assess the spectrum
width of formant frequencies, it is advisable to perform
these procedures on a non-normalized voice signal.

More interesting results have been obtained when
studying the effect of the processed frame duration on
formant data. Literature sources on voice signal process-
ing recommend choosing a frame duration of 20 ms to
extract user features. However, as the research results
show, in this case we get overvalued estimates of formant
frequencies. In this case, the spectrum resolution will also
be low.

Doubling the frame length results in a significant in-
crease in the accuracy of determining formant frequen-
cies. More accurate estimates can be obtained by process-
ing the full phoneme “o”. Obviously, when digitally proc-
essing phonemes, it is advisable not to divide them into
frames.

When processing morphemes, it is advisable to choose
a frame length of 40 ms. Using such a frame allows divid-
ing the processed morpheme into individual sounds.

CONCLUSIONS

The current scientific problem of studying the influ-
ence of normalization procedures and the duration of the
processed frame on the assessment of voice signal for-
mant data of the authentication system user is considered.
The study was conducted using the developed mathemati-
cal model and the experimental voice signal.

The scientific novelty of the obtained results is in the
fact that normalization procedures do not change the for-
mant data when evaluating them. Moreover, the estimates
of the spectrum width of formant frequencies are less ac-
curate. The duration of the processed frame of 20 ms is
unacceptable, since the estimates of formant frequencies
will be significantly high. The frame length of 40 ms can
be used to divide the processed voice signal into individ-
ual sounds. This will improve the accuracy and reliability
of the extracted estimates of formant frequencies. More
accurate results of formant data are obtained when proc-
essing the complete analyzed signal. Thus, the results
obtained allow modifying the traditional method for
preprocessing voice signals in authentication systems.

The practical significance of the research results is
that in some cases it is possible to exclude normalization
procedures with a sufficient signal-to-noise ratio. This
approach will increase the efficiency of formant data as-
sessment. When choosing the frame length, it is necessary
to choose its duration of 40 ms or more. This will allow a
more accurate assessment of formant frequencies. When
processing phonemes, it is advisable to process the full
signal, which will allow a more accurate and efficient
assessment of formant data.
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AHOTANIA

AKTyaJIbHiCTB. PO3rIs1aeThCsl aKTyalibHE 3aBJIaHHS OLIHKK (JOPMAHTHHX JaHUX (POPMAHTHUX YaCTOT, PiBHS IXHBOI CIIe-
KTPaJbHOI MIIJIBHOCTI, OTHHAIOYY aMILTiTYJHO-4aCTOTHOTO CIIEKTPY, LIMPUHH CHEKTPIB (POPMAHTHHUX YACTOT) Y CUCTEMaX ro-
nocoBoi aBreHTudikarii. O6’ekToM IocipKeHHs: OyB mpoiec nudpoBoi monepeaHb0i 0OPOOKH TOJIOCOBOIO CUTHAITY TIiJT Yac
BUITyYCHHsI (JOPMAHTHHX JAHHX.

MeTta pod0oTH — omiHKa e(heKTHBHOCTI TPaIULiHHUX Mpoueayp HruppoBoi momnepeaHpol 00pOOKU TOJOCOBOIO CUTHAITY KO-
puctyBaua Ta po3po0Ka MPOIO3KLiN 111010 MiABUIICHHS SIKOCTI BUIy4eHHS (JOPMaHTHUX AaHUX.

MeTtoa. Po3pobiieHo MaTeMaTHYHy MOJENb BUITYYeHHS (OPMaHTHUX JaHUX 3 €KCIEPHMEHTAIBLHOTO FOJIOCOBOTO CUTHAITY
JUIsL IOCITI/DKEHHS BIUIMBY IMPOLEIYp HOpMallizalil Ta cerMeHTalii Ha SKiCTh OfepKyBaHUX OLiHOK. LIInsxoM MozaearoBaHHs
Iporecy OTpUMaHHs (POPMAHTHHX JaHUX MOPIBHIOIOTHCS pe3yabTaTH HHGPOBOi 0OpOOKH HOPMaIi30BaHOTO i HEHOPMaIIi30Ba-
HOTO ToJ0coBOro curHainy. OLIHIOETHCS BIUIMB TPUBANOCTI 0OpPOOIEHOr0 KaJpy eKCIIEPUMEHTAIBHOIO FOJI0COBOTO CHUTHATY
SIKICTB OLIHKK ()OPMAHTHUX YacTOT. Pe3ynbTaT OTpUMaHi Ui eKCIIEPUMEHTAIBHOT POHEMHU Ta MOP(EMHU.
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PesyabraTu. OTprMaHi pe3ysbTaTi CBiYaTh, IO HPU 00POOII TOJOCOBOTO CUTHAITY 3 IOCTATHIM CHIBBIJIHOLICHHSM CHI-
HaJI/IyM TpOLEAypU HOpMastizalii He € 00OB’SI3KOBUMH Ui OTPUMaHHS (JOpPMAHTHUX NaHWX. binblie Toro, Hopmaizanis
MIPU3BOJMUTH O MEHII TOYHOTO BUMIPY LIMPHHH CIIEKTPiB POPMAHTHUX YAacTOT. HEMpHITyCTHMHIM € BUKOPUCTAHHS TPHBAIOCTI
00po6itoBaHoro kaapy MeHie 40 Mc. 3a3HaueHi pe3yabTaTy J03BOJIIIOTE MOAUG(IKYBATH TPAIULIiiiHy METOUKY MONEPEIHbOT
0OpOOKH TOJIOCOBOTO CHT'HATy. BHKOpHCTaHHS METOIy MOZIEITIOBAaHHS MO0 EKCIIEPUMEHTAIFHOTO TOJIOCOBOTO CHTHAY ITiJ-
TBEPAXKYE JOCTOBIPHICTh OTPUMAHUX PE3YJIBTATIB.

BucHoBku. [IpoBesieHi eKCIIepUMEHTANIBHI JTOCIIKCHHS MOKa3YyIOTh JOIIBHICTh BUKIIOUCHHS MPOLEAYp HOpMai3aril
IIpU BUCOKOMY CIIiBBiJHOIIEHHI CUTHAJI/IyM I'OJIOCOBOTO CUTHAIY, 1[0 Ma€ Miclie B CHCcTeMax aBTeHTH(iKalii KOpUCTyBayiB.
Takuii miaXix TO03BOJMTH IMiBUINUTH ONEPATUBHICT OTPUMAHHS (OPMAHTHHUX MAAHUX 1 OUTBII TOYHO OI[IHIOBATH LIMPUHY
CIEKTPiB (POPMAHTHUX YACTOT. Pe3ynbTaTu eKCIepUMEHTAIBHOIO NOCIiKEHHS TPUBAIOCTI 0OPOOII0BAaHOTO KaApy ToJI0COo-
BOT'O CHT'HAIy CBiJ4aTh, IO HOTO TpHBAIICTh He Mae Oytu Menmie 40 mc. B iHmomy Bumaznky omiHKH (OPMaHTHUX YacTOT
OyayThb 3aBUIIEHUMH. Binbmi Toro, mpu oOpoOui (OHEM MOXXKHA TOJOCOBHUH CHIHAJ, IO OOpOOJISETHCS, HE pO30MBATH Ha
¢peiimMu. [IpakTHdHE 3aCTOCYBAHHS PE3YJIBTATIB AOCITIHKEHD TO3BOJISIE MIABHUIINTH OIEPATHBHICTH Ta TOYHICTH (HOPMYyBaHHS
¢dbopMaHTHUX AaHUX. [lepcrekTUBaMU MOJANBLINX JOCHIIPKEHb MOXe OyTH AOCIIUKEHHS BIUIMBY MpPOLEAyp HOpMami3alii Ta
(GpelimMiHry Ha iHIIII elTeMEeHTH abJ0OHy KOPUCTyBaua CUCTEMHU aBTeHTH(]ikailii.

KJIIOUYOBI CJIOBA: aBreHTudikauis, roJ0coBuil CUrHai, HOpMai3alis, cerMeHTallis, OpMaHTHI AaHi.

JITEPATYPA D. Reby // Springer Nature Link. — 2023. — Vol. 56. —
1. Mo muTaHHS OLIHKH €(EKTUBHOCTI OiOMETPHYHHUX CHUCTEM / P. 5588-5604. DOI: 10.3758/s13428-023-02288-x
[M. O. [MTactymenko, M. C. [lactymenko, M. O. [letpagen- 7. Almaadeed N. Text-Independent Speaker Identification
ko] // IIpobnemu TenexomyHikamiit. — 2023. — Ne 1(32). — C. Using Vowel Formants / N. Almaadeed, A. Aggoun, A.
37-44. DOL: https://doi.org/10.30837/pt.2023.1.03 Amira // Journal of Signal Processing Systems. — 2015. —
2. Rabiner L. R. Digital Processing of Speech Signals / Vol. 82, N 3. - P. 345 - 356. DOLIL
L. R. Rabiner, R. W. Schafer. — NJ : Prentice-Hall, Inc., https://doi.org/10.1007/s11265-015-1005-5
1978. - 512 p- URL: https://ieu- 8. Audio Segmentation Techniques and Applications Based on
ryu- Deep Learning / [S. Aggarwal, G. Vasukidevi, S. Selvakan-
kyu.ac.jp/~asharif/pukiwiki/attach/Acoustic%20Speech%20 mani et al.] / Journal of Scientific Programming. Wiley
Signal%?20Processing_Prentice%20Hall%20- Online Library. — 2022. — Vol. 2022. — P. 1-9. DOL
%?20Digital%20Processing%200f%20Speech%20Signals.pd https://doi.org/10.1155/2022/7994191
f 9. Explainable by-design Audio Segmentation through Non-
3. Beigi H. Fundamentals of Speaker Recognition / H. Beigi. — Negative Matrix Factorization and Probing / [M. Lebour-
NY : Springer, 2011.— 942 p. DOI:10.1007/978-0-387- dais, T. Mariotte, A. Almudévar, M. et al] //
77592-0 arXiv:2406.13385 [eess.AS]. — 2024. P. 1-5. DOL
4. Persson A. Comparing normalization against US English https://doi.org/10.48550/arXiv.2406.13385
listeners’vomel perception / A. Persson, S. Barreda, 10. Lightweight Audio Segmentation for Long-form Speech
T. F.Jaeger // The Journal of the Acoustical Society of Translation / [J. Lee, S. Kim, H. Kim, J. S. Chung]
America. — 2025. — Vol. 157, Ne 2. — P. 1458-1482. DOI: //arXiv:2406.10549 [eess.AS]. — 2024. — P. 1-5. DOLIL:
//doi.org/10.1121/10.0035476 https://doi.org/10.48550/arXiv.2406.10549
5. Clopper C. G. Raw acoustic vs. normalized phonetic con-  11. Pastushenko M. Investigation of Informativeness and Stabil-
vergence: Imitation of the Northern Cities Shift in the ity of Mel-Frequency Cepstral Coefficients Estimates based
American Midwest / C. G. Clopper, E. Dossey, R. Gonzalez on Voice Signal Phase Data of Authentication System User /
/I Laboratory Phonology. — 2024. — Vol. 15(1). — P. 1-15. M. Pastushenko, Ya. Krasnozheniuk, M. Zaika // Interna-
DOI: https://doi.org/10.16995/labphon.10893 tional Conference Problems of Infocommunications. Science
6. Anikin A. A Practical guide to calculating vocal tract length and Technology 6-9 October 2020 (PIC S&T'2020). —
and scale-invariant formant patterns / A. Anikin, S. Barreda, Kharkiv, Ukraine, 2020. - P. 467-472. DOI:

10.1109/PICST51311.2020.9468083

© Pastushenko M. S., Pastushenko O. M., Faizulaiev T. A., 2025
DOI 10.15588/1607-3274-2025-4-17 OFEN (o) ACCESS






