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ABSTRACT

Context. The current scientific problem of extracting biometric characteristics of a user of a voice authentication system, which
can significantly increase its reliability, is considered. There has been performed estimation of formant information from the voice
signal, which is a part of the user template in the voice authentication system and is widely used in the processing of speech signals
in other applications, including in the presence of interfering noise components. The work is distinguished by the investigation of a
polyharmonic signal.

Objective. The purpose of the work is to develop procedures for generating formant information based on the results of calculat-
ing the autocorrelation function of the analyzed fragment of the voice signal and their subsequent spectral analysis.

Method. The procedures for generating formant information in the process of digital processing of voice signal are proposed. Ini-
tially, the autocorrelation function of the analyzed fragment of the voice signal is calculated. Based on the results of the autocorrela-
tion function estimation, the amplitude-frequency spectrum is calculated, from which the formant information is extracted, for exam-
ple, by means of threshold processing. When the signal-to-noise ratio of the analyzed voice signal fragment is low, it is advisable to
iteratively calculate the autocorrelation function. The latter allows increasing the signal-to-noise ratio and the efficiency of formant
information extraction. However, each subsequent iteration of the autocorrelation function calculation is associated with an increase
in the required computational resource. The latter is conditioned by the doubling of the amount of processed data at each iteration.

Results. The developed procedures for generating formant information were investigated both in the processing of model and
experimental voice signals. The model signals had a low signal-to-noise ratio. The proposed procedures allow to determine more
precisely the width of the spectrum of extracted formant frequencies, significantly increase the number of extracted formants, includ-
ing cases at low signal-to-noise ratio.

Conclusions. The conducted model experiments have confirmed the performance and reliability of the proposed procedures for
extracting formant information both in the processing of model and experimental voice signals. The results of the research allow to
recommend their use in practice for solving problems of voice authentication, speaker differentiation, speech and gender recognition,
intelligence, counterintelligence, forensics and forensic examination, medicine (diseases of the speech tract and hearing). Prospects
for further research may include the creation of procedures for evaluating formant information based on phase data of the processed
voice signal.

KEYWORDS: autocorrelation function, authentication, voice signal, speech recognition, formant information, spectrum width.

NOMENCLATURE
€(t) — error that occurs when calculating the autocor-

s(t) —polyharmonic voice signal;

T - signal registration period,

¢t —signal registration time;

X (¢) — additive mixture of useful and interfering sig-

relation function;
T —delay time;

Enn (t) — component of the autocorrelation function  nals;

conditioned by noise correlation; x; — first element of the processed sample.

C,s(1) — component of the autocorrelation function
INTRODUCTION

In today’s digital world, where information protection
is one of the most important tasks, authentication methods
in information systems are becoming key components of
security. When using computer systems, mobile devices,
online services and electronic document management,
authentication plays a crucial role in confirming users’
access rights to systems and their resources.

However, the existing types of authentication have
their advantages and disadvantages, and the practice of
their usage in network technologies shows their low reli-

conditioned by the correlation between the noise and the
useful signal;

am (t) — component of the autocorrelation function
conditioned by the correlation of the useful signal and
noise;

C (1) — component of the autocorrelation function

conditioned by the correlation of the useful signal;
Cxx (t) —autocorrelation function;

k —number of elements in the processed sample;

n(t) — noise component, which is a stationary proc-

ess;
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ability. Therefore, in recent years, intensive research has
been carried out on the application of biometric user at-
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tributes in authentication systems. Among biometric au-
thentication systems a special place belongs to voice sys-
tems, which are preferable by the criterion of
cost/efficiency. Obviously, that is why the Ukrainian
state-owned bank Privat is implementing voice authenti-
cation systems.

The procedures of voice authentication were based on
the works on speech recognition, which dates back to the
middle of the last century. The whole process of voice
authentication can be divided into three stages: signal
preprocessing; formation of user features; decision mak-
ing about the belonging of features to a given user.

Among the features of the user voice signal at authen-
tication the following are used: pitch frequency, formant
information, cepstral and mel-frequency coefficients and
others. A special place belongs to formant information,
which is used not only in authentication, but also in solv-
ing a number of other tasks.

Formant refers to the resonant frequency in the human
speech tract that contributes to the unique timbre and
quality of a speech sound. These frequencies are created
by the shape and position of the tongue, lips, and other
structures of the speech tract during speech production.
Formants are essential in phonetics and speech processing
because they play a crucial role in distinguishing between
different vowels and consonants. It is known that the
computation of formant frequencies is used to recognize
letters or syllables (strictly speaking — phonemes) pro-
nounced by humans. Formant information is widely used
in intelligence, counterintelligence, forensic examination,
medicine (diseases of the speech tract and hearing), gen-
der recognition. In music, formants also play an important
role as they contribute to the characteristic tonal qualities
of various musical instruments and vocal performance.

Formant analysis has practical applications in a vari-
ety of fields, including voice identification and authenti-
cation systems, speaker recognition, speech synthesis,
virtual instrument design, and audio effects processing.

Formants play a crucial role in voice synthesis by
shaping the timbre and articulation of synthesized voices,
contributing to the naturalness and intelligibility of the
generated speech. In voice recognition systems, formant
analysis helps to identify and distinguish spoken sounds,
facilitating accurate speech-to-text conversion and voice
authentication.

Formants play a significant role in the formation of
acoustic characteristics of speech, including regional ac-
cents. Variations in formant frequencies and resonance
patterns in different languages and dialects help to distin-
guish regional accents, affecting the perceived pronuncia-
tion and intonation of spoken speech. Formants are also
used in identifying the gender characteristics of the user.

To determine formants, frequency filters, spectral
analysis, wavelet transform, neural networks, etc. are
used. At the same time, spectral methods are the most
widely used, but they do not always meet the require-
ments.
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The object of study is the process of digital process-
ing of a voice signal when generating formant informa-
tion.

The subject of study is the sampling methods meth-
ods for estimation of formant information from the user’s
voice signal using correlation and spectral analysis.

Known estimation methods are not always effective
when there is a noise component.

The purpose of the work is development and study
of procedures that allow to improve the quality of formant
information extraction from the voice signal of the au-
thentication system user, especially in the presence of
interference.

1 PROBLEM STATEMENT

To estimate the formant information of a voice signal
in the presence of a noise component, we use the proper-
ties of the correlation function [1]. To reduce the stochas-
tic noise component of the original signal, its autocorrela-
tion function is used in [2, 3]. Let us consider the applica-
tion of the above method to extract formant data from the
voice signal information. Let the original recorded speech
signal X(¢#) be an additive mixture of a polyharmonic
voice signal s(¢) and noise n(¢), which is a stationary

process

X (@) =s(t)+n(@), (1)

where ¢ is the time of signal registration. We assume that
at the stage of preprocessing the analyzed signals are cen-
tered.

By definition, the autocorrelation function of the ana-
lyzed signal is calculated as follows [1]

T
Cyy (1) = Tlirn [X(@)- X (-, )
-

where T is signal recording period; T — delay time.
Due to the distributivity of the correlation operator,
we can represent Cxx(t) in the form of the following

summands
6XX m= ass O+ ann D+ am D+ ans (). 3)

Let us analyze the components of the autocorrelation
function. We start the analysis with the second summand

am(t) , which, taking into account the stochasticity of
noise, tends to zero, and at the point =0 tends to the
noise variance. The third and fourth summands ( C, (),

E,,S (1)) tend to zero as the processed signals are cen-

tered. The component @s (1) will have a higher signal-
to-noise ratio [2]. As a result, we obtain
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X' (1)=Cy (1) +(1), 4)

where €(t) is some error, which decreases with increas-
ing integration time 7 .

Here we note that the autocorrelation function of the
sum of periodic signals is a periodic function with the
same frequency [1, 2], i.e., it contains all frequency com-
ponents of the formant signals.

2 REVIEW OF THE LITERATURE

The fundamental provisions of the acoustic spectral
theory of speech were formulated in the XIX century by
the outstanding German scientist G. Helmholtz, which are
widely used today. Let us pay attention to the works of
the famous Swedish acoustician G. Fant, who also pro-
posed a theory of distinguishing features — a universal
acoustic classification of sounds. Formant information
plays a significant role in this classification.

Various methods are used to obtain individual parame-
ters of the speaker’s voice, but formant analysis provides
the most robust identification characteristics. It is empiri-
cally proved that four formants are sufficient to character-
ize speech sounds. In most cases, the first two formants are
sufficient to distinguish vowel sounds, but almost always
the number of formants in the sound spectrum is greater
than two, indicating more complex relationships between
articulation and acoustic characteristics of the sound than if
only the first two formants are considered. It is the third
and fourth formants that give an idea of the individual fea-
tures of the speaker’s pronunciation, as they capture side
resonant frequencies. Formants together with other charac-
teristics of the speech signal represent a qualitative dy-
namic evaluation of the speaker [4].

Determination of formant frequencies as local peaks in
the amplitude spectrum of a speech signal still has signifi-
cant difficulties. These difficulties are related both to the
peculiarities of sound generation in the speech path and to
external conditions [5].

All modern works in the field of formant analysis can
be divided into several classes. The first class includes
works that consider methods of formant analysis based on
a generalized mathematical apparatus. In this case, the
works lack a phonetic approach and do not take into ac-
count the physiological features of the human speech
tract. The main attention is paid to the procedures of digi-
tal processing of nonstationary polyharmonic (polyfre-
quency) signal. The procedures are mostly based on the
Fourier transform. Recently, cepstral analysis, wavelet
transforms [6], etc. have been used for this purpose.

Another class of methods for estimating formant in-
formation is based on taking into account the peculiarities
of the human speech path. For example, [7] proposes to
construct the state vector of an a priori specified dynamic
system (in this case, the speech path) based on the appli-
cation of a recursive filter (Kalman filter). For the LPC-
transformation method, [8] additionally introduces a pro-
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cedure for “smoothing” formant spikes using the Newton-
Raphson fast convergence algorithm.

Recently, many works have been published, in which
the issues of diagnostics of diseases of the speech tract
and hearing are considered [9].

The works in which neural networks are used, are
considered separately [10, 11].

3 MATERIALS AND METHODS

To explain the processing procedures, let us further
proceed to digital (discrete) signals. For simplicity of ex-
planation, we will assume that a fragment of the speech
signal (line vector) X containing five samples is proc-
essed. Obtaining the first half of the elements of the auto-
correlation function is connected with multiplication of
this vector by a matrix, namely

X5X4X3X)X]
0 xs5x4x3%)
00 xsxyx3 |. %)
000 xsxy4
0000 x5

(x1,X2,%3,%4,X5) -

The second half of the autocorrelation function is ob-
tained using the following matrix operations

XpX3X4Xx50
X3x4%x50 0
X450 0 0 |. 6)
xs0000
00000

(1, X2,X3,X4,X5)"

In (6), to obtain a square matrix, the latter is supple-
mented with five columns consisting of zeros. As a re-
sult, we obtain an autocorrelation function containing nine
elements, which is normalized accordingly. If necessary,
we can calculate the autocorrelation function from the
obtained samples. Naturally, the initial vector and the
structure of the used matrices are changed. The number of
processed elements at each processing cycle is doubled
(2-k), and the number of computational operations is

proportional to the value of K.

After calculating the autocorrelation function, a fast
Fourier transform is applied to the results. As a result, we
obtain the amplitude-frequency spectrum from the auto-
correlation function of the voice signal. In the simplest
case we can perform threshold processing of the obtained
spectrum and select formant frequencies. If necessary
(low signal-to-noise ratio) processing procedures are re-
peated.
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4 EXPERIMENTS

To verify the performance and efficiency of the con-
sidered methodology, we perform processing of a model
signal. The model signal included two harmonics: the first
component had a frequency value of 250 Hz and a unit
amplitude, and the second component had a frequency
value of 1000 Hz and a halved amplitude. The generated
signal is shown in Fig. 1.
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Figure 1 — Processed model signal

The sampling frequency of the considered signal is 64
kHz, the number of processed signal samples is 2500.

Then the model signal was additively supplemented
with Gaussian noise. As a result, the signal-to-noise ratio
by power of the processed mixture was approximately 0.7
dB. The signal received for processing is shown in Fig. 2.

Qriginal signal+noise, G4kHz

Amplitude

Counts

Figure 2 — Mixture of model signal and noise

Traditionally, filter-based methods have been used to
determine formant information, but recently spectral pro-
cedures have been favored.

Fig. 3 shows the amplitude-frequency spectrum of the
processed mixture.

Amplitude spectrum of signal and noise, 64 kHz
™ . - ' v v . .

.

[} 500

1000 1600 2000 2600 3000 3600 4000

Frequency, Hz
Figure 3 — Amplitude-frequency spectrum of the processed

mixture
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The analysis of the presented spectrum allows us to
determine the frequencies of the model signal. The maxi-
ma of the spectrum correspond to the frequencies of the
model signal, namely 250 and 1000 Hz. However, the
width of formant frequencies is rather difficult to deter-
mine.

Further, the same mixture was processed according to
the proposed methodology. The processing results after
five cycles of calculating the autocorrelation function and
calculating its spectrum are presented in Fig. 4. The max-
ima of the spectrum also correspond to the frequencies
250 and 1000 Hz. The width of the formant frequency
spectrum is determined quite accurately. Thus, the pro-
posed technique allows us to determine the frequencies of
the components of the polyharmonic signal.

Amplitude spectrum, 5th iteration, 64 kHz

1000 Ifxf;rem?::;‘. I;.’;ﬂﬂ 3000 500 4000
Figure 4 — Amplitude-frequency spectrum from the autocor-

relation function

[} 500

Analysis of the obtained spectrum makes it possible to
draw a conclusion about the increase in the signal-to-
noise ratio of the selected harmonics and their narrower
spectrum width. The latter is essential for accurate deter-
mination of the values of format frequencies. Further we
proceed to the similar processing of the experimental
voice signal of the authentication system user.

5 RESULTS
Let us illustrate the results on the example of voice
signal processing. The user pronounced “one” as an ex-
perimental signal. Fig. 5 shows the experimental voice
signal containing 37000 samples recorded from a micro-
phone with a samphng frequency of 64 kHz.
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Figure 5 — Experimental voice signal

The amplitude-frequency spectrum of the analyzed
signal is shown in Fig. 6.
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Amplitude spectrum of the experimental signal, 64 kHz

Level, ¢B
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Figure 6 — Amplitude-frequency spectrum of the analyzed signal

Analysis of the spectrum shows that six maxima of
formant frequencies can be identified. However, there are
difficulties in determining the width of the formant spec-
trum and determining the frequencies of the maxima.
Naturally, there will be problems with the construction of
the envelope of the analyzed signal spectrum.

The results of threshold processing of this spectrum
are presented in Table 1.

Table 1.
Formant number F1 F2 F3 F4 F5
Spectrum level, dB 65 53 51 48 40
Frequency, Hz 258 524 782 1040 1297

The results of processing according to the proposed
method will be illustrated during the processing of a
fragment of the considered signal. Fig. 7 shows a frag-
ment of the investigated voice signal including a part of
the phoneme “0”, and its spectrum is shown in Fig. 8.
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Figure 7 — Fragment of the experimental voice signal
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Figure 8 — Amplitude spectrum of the experimental voice signal
fragment

Threshold processing (threshold value 35 dB) of the
obtained spectrum allows to identify five formant fre-
quencies. The results are presented in Table 2.
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Table 2 — Spectrum thresholding results, threshold is 35 dB

Formant number F1 F2 F3 F4 F5
Spe“rgg level, 57.1 471 | 465 | 467 | 3857
Frequency, Hz 266 516 782 1032 1297

The results of processing a fragment of the experimen-
tal signal using the method proposed above are presented
in Figs. 9-11.
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Figure 9 — Amplitude spectrum after first iteration
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Figure 10 — Amplitude spectrum after the second iteration
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Figure 11 — Amplitude spectrum after the third iteration

The analysis of the presented spectra gives grounds to
conclude that the proposed processing technique allows to
increase the signal-to-noise ratio.

The results of the autocorrelation function spectrum
processing after the first iteration with a threshold of 75
dB are presented in Table 3.

Table 3 — Results of spectrum thresholding, threshold 75 dB

Formant number F1 F2 F3 F4 F5
Spectrum level, 117 94.2 93.1 93.3 77
dB
Frequency, Hz 258 516 774 | 1032 | 1297

Table 4 shows the results of the autocorrelation func-
tion spectrum processing after the first iteration with a
threshold of 50 dB.
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Table 4 — Results of spectrum thresholding, threshold 50 dB

Formant number F1 F2 F3 F4 F5 Fo6 F7 F8
Spectrum level, dB 117 94 93 93 71 60 55 54
Frequency, Hz 258 | 516 | 774 | 1032 | 1297 1563 1829 2079

As evidenced by the results, the proposed methodol-
ogy allows to determine up to eight formant frequencies,
which can positively affect the quality of voice authenti-
cation systems.

6 DISCUSSION

The use of the spectrum after the second and subse-
quent iterations does not give better results, however, it
requires a significant computational resource. Therefore,
when estimating formant frequencies, it is reasonable to
limit ourselves to one iteration of the autocorrelation
function calculation.

Let us briefly analyze the results of the model experi-
ment. We begin the analysis by considering Tables 1 and
2. The first two formant frequencies are different. It is
known that they are determined by the content of the
voice signal. Therefore, this distinction of frequencies is
justified. The third formant frequency depends on the
speech apparatus of the user of the authentication system.
This explains that these frequencies of the third formant
are equal. The fifth formant frequency is also equal.

Now let us analyze the contents of Tables 2 and 3,
namely, the results of traditional spectral methods for
determining formant frequencies and the proposed meth-
odology. The normalized correlation coefficient of both
spectral density and formant frequencies is more than
0.99. However, the first three formant frequencies have a
small difference. The fourth and fifth formant frequencies
are the same. The second, third and fourth formant fre-
quencies calculated by the proposed method are multiples
of the first formant frequency. This fact deserves attention
and requires further investigation.

CONCLUSIONS

The relevant scientific problem of development and
research of procedures that allow to significantly improve
the quality of formant information extraction from the
voice signal of the authentication system user at low sig-
nal-to-noise ratio was solved. The object of the research is
the process of generating formant information in various
applications.

The scientific novelty of the obtained results lies in
the fact that for the first time a method of formant infor-
mation refinement is proposed on the basis of procedures
for calculating the autocorrelation function of the ana-
lyzed fragment of the voice signal (mismatch function), to
which traditional spectral methods of formant frequencies
determination are subsequently applied. The use of the
autocorrelation function as initial information, first of all,
allows to increase the signal-to-noise ratio and more accu-
rately determine the width of the formant frequency spec-
trum.

For the investigated calculation methods, the normal-
ized correlation coefficient of both spectral density and
formant frequencies is more than 0.99.
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The results of the model experiment indicate the fol-
lowing.

In the process of formant frequencies estimation, cal-
culation of one iteration of the autocorrelation function
can be enough. Traditional spectral methods for determin-
ing formant frequencies do not have high accuracy, first
of all, in determining the width of the formant frequency
spectrum.

The proposed technique allows to determine more
formant frequencies more accurately, which can signifi-
cantly affect the determination of the envelope spectrum
of the investigated voice signal.

The obtained results can be used in speech recogni-
tion, forensics, forensic examination, voice authentica-
tion.

Prospects for further research include the study of the
proposed method for extracting formant information from
the phase data of the voice signal of the authentication
system.
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AHOTALIA

AKTyalIbHicTh. Po3risgaeTbes akTyanpHe HAyKOBE 3aBIaHHs OTPHMMAHHSA 0iOMETPUYHUX O3HAK KOPHCTYBaya CHCTEMH IOJOCOBOI aBTe-
HTHGIKALIT, SKi 103BOJISAIOTH ICTOTHO MiABUIIMUTH ii HamilHiCTh. BukoHaHo oliHka ¢opMaHTHOI iH(pOpMALLi] 3 FOJIOCOBOTO CUTHAITY, SIKa BXO-
IWTH B INa0JOH KOPHCTyBada CHCTEMH TIOJIOCOBOI aBTeHTH(IKAIi i IMPOKO BUKOPHUCTOBYETHCS IMPH 0O0poOLi MOBHHX CHTHANIB B iHIIHX
JOJIaTKaX, Y TOMY YHCII 1 32 HassBHOCTI IIYMOBHX CKJIQJIOBHX, IO 3aBakaroTh. OCOOIHUBICTIO POOOTH € Te, HIO JOCIIKEHHIO MMiAIaeThCs
MOJIirapMOHIHUIT CUTHaJI.

Merta podoTu — po3poOka nporuenyp GpopmysaHHs popMaHTHOI iHpOpMAaLii Ha OCHOBI Pe3yJIbTaTIB PO3PAXyHKY aBTOKOPEIALIHHOI QyH-
KIIii aHaTIi30BaHOTO ()parMeHTa roJIoCOBOr0 CUTHAIY Ta MOAANBIIOTO X CIIEKTPAILHOTO aHaTi3y.

Mertoa. [IpononyroTses mpoueaypu GpopMmyBanHs GopMaHTHOI iH(pOpMarii y nporeci udpoBoi 06podku ronocoBoro currany. Croya-
TKY PO3PaxOBYEThCS aBTOKOpeJIsiLiiiHa QyHKIIisl aHaIi30BaHOTO (pparMeHTa rojocoBoro curHany. Ha ocHOBI pe3ysbTaTiB OLIHKHM aBTOKOpE-
JidHOT PyHKIIT po3paxoByeThCs aMILTITYAHO-YaCTOTHUH CIIEKTp, 3 SKOTO BIIy4aeThcs (POPMaHTHA iH(POpMAILis, HAIPUKIAM, 32 JOIOMO-
TOI0 MOPOroBoi 00poOku. [Ipu HU3BKOMY BiTHOIICHHI CUTHAI/IIYM aHAI30BaHOTO (PparMeHTa roJI0COBOrO CHTHATY PO3PaXyHOK aBTOKOpE-
JSIIAHOT QyHKLIT TOUINBHO BUKOHYBATHU iTepariiHo. OCTaHHE 03BOJISE MiIBUIIMTH CIIBBIAHOLICHHS CUTHAJ/IIYM Ta e(eKTUBHICTh BH/Ii-
nenHst popmanTHOI iH(opManii. OfHAK KOXKHA HACTYIHA iTepallis po3paxyHKy aBTOKOpeIsLiiHoi GyHKLii 0B’ s13aHa 31 301IbLIEHHSM HE0O0-
XiJTHOTO 00YHCITIOBAIBHOTO pecypcy. OCTaHHE 3yMOBIICHO IIOJBOEHHAM KiJIBKOCTI JAHHX, IO 0OpOOIIAIOTHCS IPH KOXKHIH iTepaii.

PesyabraTn. Po3pobneni npoueaypu hopmyBanHs popMaHTHOI iH(OpMaLii JOCITIHKEHO SK TPH 00poOIi MOIEBHUX, TaK 1 EKCIIeprMe-
HTaJbHUX TOJOCOBHX CHTHaJIB. [Ipy IbOMY MOJIENIbHI CHTHAIM MaJli HU3bKE BiIHOIICHHS CUTHAJI/IIyM. 3alpOIOHOBAHI MPOLIEAYPH J103BO-
JIIOTH OiNBII TOYHO BU3HAYMTH MIMPHHY CIIEKTPa BHITy4aeMHX ()OPMAHTHHX YaCTOT, 3HAUHO 30LIBIINTU KiIBKICTh (POPMAHT, IO BUALIIIOTE-
Csi, B TOMY YHCJI 1 IPH HU3HKOMY BiTHOIICHHI CUTHAJ/IITYM.

BucnoBku. [TpoBeeHi MOJIeIbHI €KCIIEPUMEHTH MiATBEPIHIIH MPALE3IaTHICTD 1 JOCTOBIPHICTH 3alIPOIIOHOBAHHUX MPOLEIYP OTPHUMAHHS
thopmanTHOT iH(pOpMALii K py 00pOOII MOJETBHUX, TAK 1 EKCIIEPUMEHTAILHUX TOJIOCOBHX CUTHAIIIB. Pe3ynbTaTy JOCIIIKEHb JO3BOJISIOTh
PEKOMEH/TYBaTH IX 0 BUKOPHUCTaHHS Ha IPAKTHIL I BUpIIICHHS 3aBJaHb FOJIOCOBOI aBTeHTH(IKaMil, po3pi3HEHHS IUKTOPIB, PO3IIi3HABaH-
Hs MOBH Ta CTaTi, PO3BiJKH, KOHTPPO3BIIKH, KPUMIHANICTHKA Ta CYJOBOI €KCIEPTU3U, MEAMUIMHU (XBOPOOM MOBHOIO TPAKTy Ta CIYXY).
TlepcriekTHBY MOJATBIINX TOCTIIPKEHb MOXKYTh BKJIIOYAaTH CTBOPEHHSI MPOLIEAYP OLIHKK (OpMaHTHOI iH(opMalii Ha OCHOBI (a30BHX TaHUX,
00p006IIIOBAHOTO TOJIOCOBOIO CUTHAITY.

KJIFOYOBI CJIOBA: aBToKOpeIsniiiHa GpyHKIiS, aBTeHTH(IKAIlis, TOIOCOBUII CUTHAII, PO3Mi3HABaHHS MOBH, (hOpMaHTHA iH(OpMAaIIis,
LIUPHHA CHEKTPY.
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