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AN OVERVIEW OF THE RECOGNITION ALGORITHM
OF A HUMAN VOICE

Abstract. Speech recognition has various applications, including human-machine interaction, sorting phone
calls by gender classification, categorizing videos with tags, and so on. Currently, machine learning is a popular field
that is widely used in various fields and applications, taking advantage of the latest developments in digital
technologies and the advantages of data storage capabilities from electronic media. In this article, we will focus on
voice gender recognition for a class of text-dependent systems using the Dynamic time distortion (DTW) algorithm
and for a class of text-independent systems, the Gaussian mixture model. With this method, it is possible to
distinguish a person's voice with the highest accuracy, since the components of Gaussian mixtures can simulate the
personality of the voice. The article presents the results of testing the algorithm, and concludes that the Gaussian
mixture model is applicable to solving the problem of identifying a person by voice.

Keywords: algorithm; Gaussian mixture; identification; recognition; classification.

1. Introduction.

Speech is one of the most popular and significant means of communicating people, expressing their
emotions, cognitive states and intentions with each other. Speech is produced by humans through a natural
biological mechanism in which the lungs release air and convert it into speech, passing through the vocal
cords and organs, including the tongue, teeth, lips, etc. As a rule, you can use a speech and voice
recognition system to identify your gender. The natural voice recognition system is the human ear. The
human ear has an excellent mechanism that can effectively distinguish gender by voice and speech based
on attributes such as frequency and volume. Similarly, a machine can be taught to do the same by
selecting and including the correct features from the voice data in the machine learning algorithm.

Due to the ease of use, there is currently a growing interest in biometric technologies and the method
of biometric identification. Identification is a comparison of features of an object. The advantage of voice
identification is convenience and affordable price, and the disadvantage is low reliability[[1]] .

The fundamental disadvantage of all biometrics methods, except speech, is the constancy of the
biometric code used, since fingerprints or palms, the pattern of the iris and facial features are unchanged
for the individual. This disadvantage prevents the use of these methods in cases requiring particularly high
reliability of identity identification, since the immutable biometric code can be read by malicious intrusion
into the recognition program[[2]].

Unlike fixed-parameter biometrics, voice verification has virtually unlimited potential to reduce error
by using increasingly long speech messages. Voice verification can be used in the dark, at a distance, in
particular, over a standard telephone channel, in conditions where it is impossible to get a face image.

In modern voice identification systems, text-dependent identification is used to increase reliability, for
example, the utterance of a passphrase, which is randomly generated each time. The use of individual
characteristics and matching of the generated and the detected passphrases increases the reliability. Text-
independent identification implies the use of only individual features[[3]].

An important characteristic of the voice identification system is the speed (speed) of identification.
Performance is especially important for applications that process large databases of voice data and work in
32
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real time. Performance improvement can be achieved through the use of new fast algorithms of data
processing. Thus, voice identification of a person, despite the shortcomings indicated in this work, under
certain conditions has significant advantages that need to be developed. In the problem of voice
identification, various mathematical, algorithmic, and technical methods are used, starting with the stage
of voice recording and ending with the stage of classification. Virtually every identification system has
four main stages: signal acquisition, signal preprocessing, feature extraction, and feature classification.

2. The stage of receiving the signal.

The method of receiving or recording a voice signal, in most cases, is to record the signal using a
microphone and present the signal digitally using an analog-to-digital Converter. As an analog-to-digital
Converter, a personal computer sound card or a digital voice recorder is usually used. However, it is still
necessary to ensure minimal computing costs while maintaining accuracy, noise immunity to various types
of interference, and sufficient reliability with common hardware[[4]-[5]].

3. Pre-processing stage.

The received digital signals, as well as analog ones, contain a certain amount of distortion and
interference. Distortions are understood as distortions of the speech-forming tract (for example, throat
disease) and the speech-transmitting channel (for example, distortions of the telephone channel).

Pre-processing stage. The received digital signals, as well as analog ones, contain a certain amount of
distortion and interference. Distortions are understood as distortions of the speech-forming tract (for
example, throat disease) and the speech-transmitting channel (for example, distortions of the telephone
channel).

4. The stage of feature extraction.

Feature extraction usually takes place using Fourier transform, wavelet transform, linear prediction,
and others. The transformation coefficients are used as features. Currently, the voice characteristics that
can uniquely identify a person's identity are not precisely defined. The choice of features also affects the
reliability of identification. There are methods that describe the integral characteristics of the human voice
and are used to extract tones, speech dynamics, and prosodic characteristics. Such methods are the Fourier
transform (amplitude-frequency distribution), the cepstral transform (amplitude-time distribution), and the
linear prediction transform (amplitude-frequency distribution). There are also formant methods and
phoneme extraction methods.

5. Stage of classification of features.

This stage includes the application of mathematical classification methods, which are used to make
decisions, as well as the calculation of classification errors.

Speech recognition systems are based on the principles of recognition of recognition forms. The
methods and algorithms that have been used so far can be divided into the following large classes [[6]-
(711

Classification of speech recognition methods based on comparison with the standard.

- Dynamic programming — time dynamic algorithms (Dynamic Time Warping).

- Context-sensitive classification. When it is implemented, separate lexical elements are distinguished
from the speech stream-phonemes and allophones, which are then combined into syllables and
morphemes.

- Methods of discriminant analysis based on Bayesian discrimination (Bayesian discrimination);

- Hidden Markov models (Hidden Markov Model);

Neural networks (Neural networks).

Dynamic Time Warping (DTW) is a dynamic time scale transformation algorithm, a dynamic
programming method that allows you to find the distance between two time series. As a rule, such
sequences have different lengths, so you have to make measurements at different speeds. The main
advantage of this algorithm is the ease of implementation [[8]-[9]].

Gaussian mixture models can be applied not only to model the characteristics of the speaker's voice,
but also to record the voice signal and the environment. Each of the components of the model reflects
some common features of the voice, but individual when they are reproduced by each speaker. Gaussian
mixture models have proven to be effective because they have high recognition accuracy. That is why this
approach can be successfully used to solve the problem of identifying a text-independent speaker [[10]].




News of the National Academy of sciences of the Republic of Kazakhstan

The weighted sum of M components representing the Gaussian mixture model is calculated using the
formula [[11]]

P(x|2) = XLy p; bi(%) (H

where X is a d-dimensional vector of random variables, pi, 1< 1 <M — weights of the model components,
b;(x) , 1<i< M — density functions of the distribution of the model components:

1

bi(X) = —p——e
() @em2lsil1/2

1,_ _ -1 = _
w {3 @ - @) 5% - @
where f1; is the expectation vector and |} i| is the covariance matrix. The weights of the mixture must
satisfy the condition:

Yip=1 3)

The entire Gaussian mixture model is defined using expectation vectors, covariance matrices, and
mixture weights for each of the model components:

/‘LZ{pi,ﬁi,Zi},i = 1, oM (4)

When using the method, each speaking person can be represented by their own Gaussian mixture
model.

To build a system of automatic identification of a person by voice using Gaussian mixtures, it is
necessary to solve the following subtasks:

Extract and process the features of the input speech signal;

Develop an algorithm for initializing and evaluating model parameters;

Determine the number of components of the Gaussian mixture model.

First, an analog-to-digital conversion of the audio signal is performed. During sampling, the signal is
divided into separate values of the quantized amplitude at certain time intervals.

The entire signal recording is viewed by Windows of pre-set duration that overlap. It is recommended
to choose the duration of the time window within 20-30 MS. In this paper, to simplify the calculations, the
duration of each window was chosen to be 25 MS.

Then the digitized signal is viewed in small fragments (frames) that are characteristic of individual
vocal components of the speech signal and for which it is assumed that the signal retains its properties
constant for a given period of time. Next, the window function is selected. The time window function must
take a non-zero value inside a certain time interval, and it must be zero outside of it. Then the window
function is sequentially superimposed on the signal frames, and information is extracted from the speech
frame. This information is extracted by multiplying the value of the signal x[t] taken at time t with the
value of the window function w[t] taken at time t:

y[t] = w(t]x[t] (%)

The characteristics of the window function are the following parameters: width (in milliseconds),
offset (the number of milliseconds between the borders of consecutive Windows), and shape. In this paper,
a Hamming window with a width of L = 30ms and an offset of 10 MS is used.:

0,54—0,46cos(%),0 <t<L-1

0, uHaue

w(t) = { (6)

After filtering each segment, we get a complete signal, which is free of noise, interference and other
distortions that can interfere with the correct recognition of the speaker.

Next, it is necessary to extract information about the spectral components from the signal obtained at
the previous stages of the algorithm, for which a discrete Fourier transform is used. A signal divided into
frames is fed to the input of the computer, and at the output of the computer for each of The t frequency
ranges, we get a complex number X[k], which is the amplitude and phase of the original signal. X[k] is
calculated by the formula:

- 2mi
X = ZNZdxn exp (- Z5kn) (7)
where k =0,..., N-1.

— 34 ——
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Then you need to go from the value of the sound frequency f to the value of the height (Mel). First,
you need to place the resulting spectrum on the chalk scale. This operation is carried out according to the
formula

B(fy,) = 1127,01048 = In (1 + (%)) (8)

This operation is necessary to simulate the fact that human hearing has different sensitivity in
different frequency ranges.

Then it is necessary to form triangular filters that serve to accumulate the energy value in each of the
frequency ranges (10 filters are distributed linearly below 1000Hz, and the rest are logarithmically above
1000Hz) and take the logarithm of each obtained chalk value. The use of the logarithm is necessary so that
differences in the input signal delivery methods have less impact on the assessment of individual speech
characteristics.

Next, we translate the obtained values into a scale with frequencies. At the next step of the algorithm,
the signal kepstr is calculated. This transformation allows you to separate the source of the sound wave
from the filter, whose properties allow you to generate the corresponding sound when a wave with the
frequency of the main tone of speech passes through the voice channel. At the same time, the filter
contains most of the useful information.

Each signal segment can be described using 12 Mel-frequency cepstral coefficients. To find them, use
the formula

(n) = £z S(n) cos (#) ©)

where 0<n <M

Figure 1 shows a graph of the dependence of the Mel-frequency cepstral coefficients on time for two
frames of the speech signal of two different speakers who uttered the same speech phrase. On the graph,
you can see that the recording coefficients differ for different speakers. The dependence of the Mel-
frequency cepstral coefficients on time for two different recordings of the same speaker's speech is shown
in figure 2. From the graph of figure 2, you can see a small difference between the Mel-frequency cepstral
coefficients.

After all the coefficients are calculated, the recording signal must be compared with the reference
signal stored in the database. The criterion for matching these signals will be the Euclidean distance
measure.

Figure 3 shows a complete block diagram of the algorithm, on the basis of which a program for
identifying a person by his vocal data is developed.

100

80

60

" —+— First user
20 -~ Second user
]

-20

40

Figure 1 - Dependence of Mel-frequency cepstral coefficients of speech recordings
of two different speakers on time in the first two frames of the speech signal
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Figure 2 - Dependence of Mel-frequency cepstral coefficients of speech recordings
of the same person on time in the first two frames of the speech signal

To initialize the initial parameters of the model, in this paper we used the algorithm of cluster analysis
for vectors of speech signal features. The K-means++ algorithm was chosen as the clustering algorithm,
which uses Euclidean distance as a distortion measure [[12]].

<>

Figure 3 - Block diagram of the algorithm for automating
the speaker identification process by voice

the K-means++ Algorithm is a modification of the K-means algorithm. In this algorithm, the center of
the first cluster is randomly selected, and then each subsequent center can be selected from the remaining
data points with a probability proportional to the square of the distance to the nearest existing cluster
center. After that, the standard K-means algorithm is executed. The advantage of this approach is a large
reduction in the error of the final result.

To test the developed algorithm, a software tool in the C++language was developed. The voice
signals of twenty people were selected. Speech recordings were made in mono mode using a microphone
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built into the computer, which has a sampling rate of 16 kHz and an ADC bit rate of 16 bits. The duration
of the speech signal was 50 seconds, and the duration of the test signal was 15 seconds. The algorithm was
tested for a different number of components of the Gaussian mixture model. Figure 4 shows the
dependence of the number of correctly identified speakers (in %) on the number of components of the
Gaussian mixture model.

Identification accuracy 9

2 3 4 5 10 15 20 25 30

Number of model components

Figure 4 - Dependence of the number of correctly identified speakers (in %)
on the number of components of the Gaussian mixture model

6. Conclusion

The results of the development of an algorithm for automatic identification of a person by voice for
authorizing access to information obtained in this paper allow us to draw the following conclusions:

For modeling individual voice characteristics, the components of Gaussian mixtures are best suited,
since they allow you to recognize speakers with high accuracy.

Determining the initial parameters of the model using the K-means++ algorithm can significantly
increase the learning rate and improve the accuracy of identification.

The number of components that is optimal for the effective operation of the system is five. With this
number of components, the speaker identification accuracy is 96%, which indicates that the implemented
algorithm can be successfully used to authorize access to information by the user's voice.
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OB30P AJI'OPUTMA PACITO3HABAHUSA YEJIOBEKA I10 I'OJIOCY

AHHoTanus. Pacrno3HaBaHue pedd MMeEeT pa3iH4HbIC MPUIOKEHHS, BKIOYas B3aUMOJICHCTBHE 4YeIOBEKa U
MAalIAHBI, COPTHPOBKY TENC(QOHHBIX 3BOHKOB MO TEHAEPHOIN KATErOpH3alllM, KATETOPU3ALHUI0 BUACO C TErHPOBa-
HHEM U T.J. B HacTosiiee BpeMs MallMHHOE OOydYeHHE SIBISICTCS MOIMYJISPHBIM HAMpaBlICHHEM, KOTOPOE LIMPOKO
UCIIOJNIB3YETCS B PA3IMYHBIX O0JACTIX M NPUIIOKECHUSIX, HCIOJb3Ys MOCIEAHUE pa3paboTKu B 00JacTH HUPPOBBIX
TEXHOJIOTHil U MPEUMYIIIECTBA BOZMOXKHOCTEH XpaHEHHS IAHHBIX C 3JICKTPOHHBIX HOCUTEJICH.

B craTtbe packpsiBaeTcsl YeTBEpHOU dTan kinaccudukanuu npu3HakoB. COCPeOTOYMMCS HA PACIO3HABAHUS 110
roJsiocy, ucnoib3yss Dynamic Time Warping (DTW) — anropurm. [lisi XapakTepUCTHKU T0JI0Ca TOBOPSIIETO U IS
3allMCH CUTHAJIA TOJIOCA MPUMEHSETCs MOJesb rayccoBCKoW cMecu. C MOMOIIBIO 3TOr0 METoJa MOXKHO OTIHYHUTH
roJIOC YeJiOBeKa C BBICOYAMINEH TOYHOCTHIO, MOCKOJIbKY KOMIIOHEHTHI TayCCOBBIX CMECEH MOTYT MOJEIUpPOBATH
HHAWBUAYAJIBHOCTHU TOJIOCA. B cratbe mnoxa3zaHbl PpE3YJbTaTbl TCCTUPOBAHUA aJrOpyUTMa, ACJIACTCA HTOI' O
MMPUMEHUMOCTU MOJCIIU I'ayCCOBBIX cMmecen JJIg peICHUA 3aja4un I/IILCHTI/Iq)l/IKa]_II/II/I JIMYHOCTHU T10 T'0JIOCY.
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AJJAMJIBI JAYBIC APKBIJIBI TAHY AJI'OPUTMIHE HIOJIY

Annoranus. Ceiiney/i TaHyABIH TYpJi KOCBIMIIACH 0ap, COHBIH iIiHIE aJjaM MEH MalllMHAHBIH ©3apa dpeKeTi,
TeneoH KOHBIpAayBIH TeHICPIIK KaTeropus OOWBIHINA CYpHINTAay, TErTey OeifHenepiH caHaTTay koHe T.0. Kasipri
YaKbITTa MaIIMHAJIBIK OKBITY — CAHIBIK TEXHOJOTUSHBIH COHFBI d3IpJIEMEJIepiH JKOHE AJIEKTPOHABI MEAUa aH JIepeK-
TepAl CakTayAblH apTHIKIIBUIBIKTApbIH KOJIAAHY apKbUIBI TYpJIi cajla »OHE KOChIMINAJa KEHiHEH KOJIAaHbUIATBHIH
OarsIT.

Makanana Oenrinepai xikTeyniH TepTiHii ke3eHi kepcerinreH. Dynamic Time Warping (DTW) anroputmin
KOJIJaHy HETi3iHe MaybiC TaHyFa Ha3ap ayaapAbK. MoceeHi ey aiH KOJIIaHbICTa bl 9[IICTePiHE IOy JKacaiMbI3.
Oic yuiH ['aycc KocmachlHBIH MOJETiH KojnaHambl3. CeiieylliHiH AaybIChIH CHIIATTay JKOHE JAybIC CHUTHAIIBIH
kaszy yuiH [‘aycc KocmachblHBIH MOAENI KOJAaHbUIaAbl. bys omic apKpuIbl ajaM JaybICBIH JKOFapbl JQJIIIKIIEH
axpIpaTyra Oonajpl, eiiTkeHi ['aycc KochajgapblHBIH KOMIIOHEHTTEPI JAYBICTBIH IapalbiFbIH MOJENbACH anaibl.
Makasaja anropuTMaL TECTIIEY HOTHXKENEpl KOPCETUIreH, 1aybICThIH JKeKe OachlH aHBIKTay MACEJIECIH eIy YIIiH
[aycc KocmanapblHBIH MOJIEIIH KOJNJaHy Typaibl KOPBITBIHIbI XKacanabl.

Tyiiin ce3aep: anroputm, ['aycc Kocmacel, COUKeCTEHIIPY, TaHY, JKIKTEY.
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