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Abstract. In this article, the stages of speech recognition and recognition of a
person through human voice were considered. The procedure of speech data set
formation, pre-processing of the speech signal was carried out using voice
activity detection (VAD ) algorithm, mel-frequency cepstral coefficients (MFCC)
method of character set formation, and recognition Gaussian mixture model (GMM)
and deep neural network (DNN) method. A Gaussian mixture model was studied for
automatic person identification by voice. From the results, it can be said that
the desp neural network method using cepstral features gives good results for
creating a voice recognition system.

Keywords: GMM, dataset, VAD, scalar threshold, frame, Hamming window, mathematical
expectation.

The issues of introducing digital-logic devices,
programming, commanding and controlling them with wvarious
forms and tools are considered as the most urgent problems of
our day. One of the important aspects of human-machine
communication is the principle of commanding the machine and
mutual data sharing [1]. There are a number of approaches,
including the wuse of speech signals. According to this
principle, a command is given by a person to a machine in the
form of speech, and automatic recognition from the speech by
the machine is important. The development and implementation
of speech recognition systems provides convenience and ease.
We can see such systems as a means of directly commanding
devices in security and military, from industrial production
to our daily lives [2].

1 2 2 This worlk is distributed under the terms of the Creative
Commons Attribution—ShareAlike 4.0 International License
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Speech recognition and identity recognition are different
concepts, and identity recognition is based on human voice.
Recognition of a person based on human voice is carried out
in several stages:

1. Formation of speech database;

2. Preprocessing of the speech signal;

3. Forming a set of characters from the speech signal;

4. It consists of obtaining results through recognition
methods (GMM and neural network).

1. Formation of speech database. Creating a dataset in
voice recognition systems is the main part of the overall
work. According to scientists working in this field, the
reliability and accuracy of intelligent systems depends more
on the size and quality of the generated dataset than on the
architecture of the built model.

A number of factors and tools are an important aspects of
recording speech datasets. For example, some equipment used
as technical means, Audio data recording tool, Recording
format, Speech dataset size and recording technique can be
included in this category.

Each person's speech fragments were collected to form
this speech dataset. The following requirements were imposed
on him:

1. file format - *.wav;

2. number of channels - 1 (mono);

3. sampling rate - 16 kHz;

4. memory space for each sample - 16 bits;

5. recording conditions - recorded in normal (home,

street and other places) conditions.

2. Preprocessing of the speech signal. Voice Activity
Detection (VAD) is used in audio signal processing and speech
recognition systems to determine the presence or absence of
human speech. VAD is usually the first step in cleaning a
speech stream and usually used to remove any non-speech
segments (including silence, cross-talk, laughter, ambient
noise, etc.) and should only be submitted to subsequent
processing steps. saves the speech. VAD plays a crucial role
in various applications including voice assistants, automatic
speech recognition (ASR), etc.[4]

X for the input signal, it is necessary to determine
whether it is speech or non-speech. In this case, the VAD
algorithm can be expressed as a function:

_ 0, x —wymx smac

1.‘ =
I, x —Hymx
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The probability that speech is present is the probability
that x is speech. A possible definition of VAD is:

0, S(x)<@

VAD(x)= { L, S(x)>6

hereg — scalar threshold.

Energy-based VAD [2]. This method assumes that frames
without speech have less energy than frames with speech. A
speech signal is not a stationary signal. Most notably, a
person sometimes speaks with energy and sometimes does not.
It is then clear that signal energy can be used as an indicator
of speech presence.

3. Forming a set of characters from the speech signal.
The effectiveness of recognition systems depends on how the
character set 1is chosen. The better the initial character
phase 1is chosen, the higher the recognition quality. The
problem of recognizing a person based on human voice also
begins with the formation of a set of symbols from the speech
signal. Nowadays, there are many ways of forming speech signal
symbols. For example, LPCC, PLP, MSFB, MFCC, etc[3].

The MFCC method of forming a set of characters, which is
widely used in voice recognition, was used. MFCC includes:

3.1. An audio signal that can be used to divide a speech
signal into frames is considered as an example of 1 second
recorded at a frequency of 16 kHz. A typical 25 ms
(millisecond) audio signal consists of 400 samples.[8]

0.4
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Figure 1

Dividing the speech signal into frames

3.2 In order to obtain the accuracy in time, it 1is
necessary to divide the signal into overlapping frames. The
signal 1is separated using a window function, usually the
Hamming window function is used.

1 2 —l This worlk is distributed under the terms of the Creative
- Commons Attribution—ShareAlike 4.0 International License
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Hamming window

A Hamming window is usually used to solve speech problems.
Using the Hamming window, the signal is replaced by the
following formula:

wlt] = 0.54 — 0.46c0s(Z2), 0 <t <N -1 (1)

3.3 Discrete Fourilier transform (DFA) describes what
frequencies are present in the signal, but does not localize
them at that time. To account for this, DFA is applied to the
signal frames to get an idea of what frequencies are present
in each frame. Creates a time-frequency characteristic for
the audio in the frame. This method has an accuracy trade-off
for the frequency-time axis. The windows must be small enough
for the desired timing accuracy. The short-term Fourier

transform for a speech signal is performed by the expression
(2):

—27ikn

r(n)&v(n)e_ﬁv_

n=l 0<k<K (2)

@1& =

M'a

Where: xhﬂ_ signal in the time domain, N _ window length of

n samples, K - DFA length. The formula for the power spectrum
sample energy 1s obtained as follows:

S(n,k) |Ef@rk

(3)

3.4 Triangular filter sets can be used from 20 to 40 (26
in standard). In this case, to calculate the energies of the
filter bank, each filter bank is multiplied by the power

This work is distributed under the terms of the Creative 1 2 -
Commons Attribution—ShareAlike 4.0 International License 0
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spectrum and coefficients are generated. Once this is done,
40 numbers are obtained that tell you how much energy is in
each filter bank. Mel-filter bank 1is calculated by the
following formula:

£, =2595. logm(l +i]
700 )

3.5 Humans perceive low-frequency changes more clearly
than high-frequency changes. Logarithmization has a similar
property. At low values of the input x, the gradient of the
log function is high, but at high values of the input, the
gradient value 1is smaller. This allows us to apply
logarithmization to the output of a Mel-filter suitable for
the human auditory system:

MSFB =20log,, (S(n,k)-F, (k)) (5)

3.6 In this step, the reverse transformation is done for
the output from the previous step. After the MFCC method
applies the discrete cosine transform, 13 coefficients of the
signal are generated.

M - H
C.=a,3 X, cos D 4 010 K
=1 2M (6)

4. Gaussian Mixture Model (GMM - Gaussian Mixture Model)
is a statistical model widely used in pattern recognition.
This is an approach to identify a person based on their voice
that provides a probabilistic model of the speaker's voice.
An important aspect of any accent modeling is to collect and
find the weights of each accent and mixture mean vector from
the training speech. The parameters of the Gaussian mixture
model are estimated using the maximum likelihood - Gaussian
mixture model. The probability density function of the shapes
is approximate. The GMM probability density function can be
represented by the covariance matrix (2;), the mathematical
expectation (M;) and a set of mixture weight parameters (K;).
The multivariate Gaussian mixture model is given by equation

(7y [7].
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K; =

1 1 _
——exp |- (x— )T I (x = ) (7)
i r(zn)D{2|Zi|1},2 [ 2 L L i ]

The proposed algorithm consists of classification methods
after feature extraction. The analog signal is first converted
into digital form. Features of Uzbek speech signals are
calculated wusing MFCC. Then the resulting feature is
classified using a Gaussian mixture model. The final result
is calculated using the maximum logarithmic likelihood
function. The speaker detection algorithm using the MFCC-GMM
method is presented below. [5]

The MFCC-GMM method for recognizing a person based on
human voice consists of the following steps:

Formation set of characters: the speech signal is pre-
processed and divided into frames. FEach frame is then
converted to MFCC coefficients. The number of coefficients is
usually from 12 to 20.

Feature Normalization: MFCC coefficients are normalized
to have zero mean and unity variance. This step helps to
improve the accuracy of the voice recognition system.

MFCC training: The GMM is trained on the normalized MFCC
coefficients for each individual. The number of components in
a GMM can vary depending on the size of the training dataset.

Speaker Modeling: Once the GMM is trained, it can be used
to model each speaker's speech. For each speaker, the GMM
represents the distribution of their speech signal. [6]

Voice recognition: to recognize a person from a test
speech signal, the MFCC coefficients of the test signal are
first extracted and normalized. Then, the probability of the
test signal belonging to the GMM of each candidate 1is
calculated. The speaker with the highest probability is
defined as the speaker of the test signal.

Conclusion. This article provides information on the
stages of identity recognition, starting with the formation
of a speech  dataset, pre-processing, formation set
characters, and the use of a Gaussian mixture model. Speech
signal processing technology is explained, and the problems
of wvariability, insufficient information, and background
noise are identified as difficulties in acquiring identity
recognition systems.
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