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Abstract. The article presents the results of the analysis that based on current
methods of voice recognition messages. The study represents the requirements
for developing the software for voice recognition and developing the algorithm
for going the next web page using the voice commands.

The implementing of the standard algorithms can cause the accretion of the
development of the software and users’ possibilities.
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Formulation of the problem

The increasing of the society needs (the professional fields and
the daily life) accelerates the development of the solutions that are more
ergonomic and user-friendly. The tools for the interaction of a user with
the computer are interfaces in the information technologies. The main-
taining of the intuitive and user-friendly interface is the paramount
goal of the technology systems.

The language is the natural form of communication. The voice
command interface implements the convenient access to the interaction
between the user and the computer. The qualitative voice interface
probably will avoid the rejection of society and allows people who have
problems with hearing and seeing the ability to use new technologies.
The critical point of the development of this field is the voice commands
that can help most of the people who have problems with the skeleto-
muscular system.

The voice interface influences the interaction of a user with the
computer. The great examples are Google Assistant and Siri from Apple
Company. These interfaces show the importance of implementing the
voice commands on every platform.

The voice interface is useful while typing the text. There is a
question of assisting with searching through the web because of numer-
ous web pages on the Internet.
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Formulation of the task

An up-to-date issue is choosing the algorithm of voice interface
on the web page.

The paper aims at the analysis of the current solutions of the
voice recognition and developing the algorithm of the software for voice
commands on the web pages.

The following parts divide the process of voice recognition: split-
ting a record into frames, selecting frequencies, comparing with a stan-
dard database.

The authors use the mathematical transformations of sound
waves on the first stage.

They analyze the current libraries of voice recognition for devel-
oping the algorithm of voice commands.

Research

There are following forms of interaction of a user with the com-
puter: the command interface, WIMP interface, SILK interface.

The methods depend on the vicinity to the ideal. There are the
algorithms that are used for creating and developing the voice interface
on the web pages.

In the implementation of the time, the dynamic algorithm (Dy-
namic Time Warping) from the flow of things isolated separate lexical
elements - phonemes and allophones that will be combined into composi-
tions and morphemes. Definition of a word can be made by comparing
binary forms of signals or by comparing spectrograms of signals. In the
first case, a direct comparison of numeric waveforms is used when for
each numerical sequence a new sequence is created, the size of which is
much smaller. In the second case, the comparison of two spectrograms
consists of dividing the digital signal into a certain number of intervals.
The comparison process in both cases should compensate for the differ-
ent lengths of the sequences and the nonlinear nature of the sound. The
DTW algorithm manages to disassemble these problems by finding a de-
formation that corresponds to the optimal distance between two lines of
different lengths.

It is necessary to construct a codebook that contains a set of ref-
erence kits for the characteristic features of the language to perform
recognition from hidden models of Markov. At the stage of configuring
Markov models, it is necessary to apply the Baum-Welch algorithm to
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the existing vocabulary and to match each of its words to the matrix of

the probabilities of transitions from one minimum language segment to
another minimum section of language and the likelihood of dropping in
each state of a particular codebook number.

The use of hidden Markov models for speech recognition is based
on two assumptions. First, the voice stream can be divided into frag-
ments corresponding to states in the latent Markov model (speech pa-
rameters within each piece are considered constant). The second - the
probability of each fragment depends only on the current state of the
system and does not depend on the previous states.

When creating a model of the voice interface of a web service, it
is expedient to accelerate the development of web application software
with the ability to use automatic language recognition systems or librar-
ies (Fig. 1).

After analyzing the software requirements for the ability to run
a web-based application with a voice interface, you can stay on the clas-
sic client-server architecture.

For the development of the software product is selected inter-
preted object-oriented programming language high-level Python, the
benefits of which is the presence of a module for the development of the
graphical interface and the ability to work in dialog mode.
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Figure 1 — The properties of the voice recognition systems
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When designing the web application software, you can select the
necessary classes for implementing the voice interface: the
SpeechRecognition interface, which provides recognition of the voice
context from the audio input; audio data class for audio processing; The
SpeechRNN class is created to interact with the neural network PyTorch
(library for machine learning).

Methods of working with voice are SpeechFreum method, which
implements data splitting into frames; a SpeechEntropy method for cal-
culating entropy; method Generate mfcc calculation of frequency coeffi-
cients; SpeechMel method of frequency  conversion; The
CALLBACK _activityLevel method checks the noise level and save the
file with the extension*.wav; The CALLBACK stopped method sends the
file to the server for further processing of the file.

Input data is split into small time intervals - frames [1]. The con-
struction of frames is based on their intersection: the end of one frame
is the beginning of another. The frames are a more suitable unit of data
analysis than the specific signal values because it is much more conven-
ient to carry out wave analysis at a specified interval than at particular
points.

The presence of some pauses in the language (the intervals of si-
lence) leads to the definition of some threshold value. You can consider
several options for defining a threshold: a constant (the output signal is
always generated under the same conditions, in the same way); cluster-
ing the signal value (silence takes up a significant part of the output
signal) and entropy analysis.

When designing a web application for implementation of the
voice interface, the entropy value was selected as the threshold, which
shows the amplitude of the signal fluctuation within a given frame. Cal-
culate the entropy of a particular frame by the algorithm: normalize the
value of the signal to the interval [-1; 1]; construction of the histogram
of the signal of the frame; calculation of entropy by the formula

E =Y N Pli]*log, Pli].

To represent the energy of the spectrum of the signal, we use the
Mel-frequency cepstral coefficients (Mel-frequency cepstral coefficients).
The advantages of choosing these characteristics are

- the use of the frequency of the signal (decomposition from or-
thogonal sinusoidal functions)
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- the design of the range of the signal on a special mel-scale (the
selection of the most important for the human perception of frequency)

- the ability to limit the number of calculated coefficients by any
value (compression of the frame).

The input data for a discrete Fourier transform is the sequence of
amplitudes at the following moments of time with the same reasonably
short intervals [2]. The discrete Fourier transform consists in finding
such points that.

x[i]: Z]iV:/OzReX[i] cos(2wki/N)+ Zf{vz/ozlmX[i] Sil’l(Zﬂ'ki/N),
where for calculation of coefficients the formula of direct Fourier trans-
form is used:

X[k]= SN2 x[m]cos 2 km/N)+i N3 x[m]sin (27 km/N) = Z;(l)x[m]e_izﬂkm/N

A neural network can build the next stage of implementation of
the voice interface [3]. The use of the Backpropagation method results
in the calculation of the gradient used to update the weight of a multi-
layer perceptron. The main steps are:

1. the representation of a set from the training sample to the in-
put of the neural network;

2. the calculation of the output signal of the network;

3. determination of the values of the errors of the neurons of the
output layer;

4. determination of the benefits of failures of the neurons of the
hidden layers;

5. calculation of the network error.

The primary purpose of the work was to demonstrate the ability
to control voice on web-resources.

When developing a web-based application with a voice interface,
embedded standardized libraries of the selected software were used. In
the future, you can implement several methods of speech recognition
and conduct a comparative analysis of the work with the voice interface
for arbitrary characteristics. For example, make a comparative study of
the work of the web application using methods that depend on the avail-
ability of an Internet connection.

The result of the study of using the voice interface is a software
product that allows voice control of web pages. Software product testing
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was carried out in conditions of different noise levels and use of differ-
ent browsers.
Conclusions

The problem of using the model of the voice interface of the web
application is studied. The strategy of constructing a model of the voice
interface of a web application using methods of speech recognition is
presented.

An analysis of existing language recognition software, analysis of
software development requirements regarding the use of existing ap-
proaches for voice stream processing, and analysis of the underlying al-
gorithms for the implementation of the voice control web-pages. The
main stages of voice recognition and selected mathematical methods of
sound stream processing are highlighted.

Designing a web-based voice-interface application has been con-
ducted using existing standardized language recognition libraries and
can be used on the web pages.
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