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Abstract—It is proposed to use developed digital speech signal compression algorithm based on wavelet
transform in the unmanned aerial vehicle voice control system. It is implemented the estimation of
compression data ratio and bit rate depending on the parameters of the correlation coefficient, the signal
/ noise ratio, peak signal / noise ratio and root-mean square error, which is the main criterion of perfor-
mance of speech quality. The results of experimental studies suggest the feasibility of further practical
application of the proposed digital speech signal compression algorithm based on wavelet transform in

voice control systems unmanned aerial vehicle.

Index Terms—Compression algorithm; wavelet transform; voice control; unmanned aerial vehicle;

compression ratio; correlation coefficient; bit rate.
I. INTRODUCTION

In voice control systems unmanned aerial vehicle
(UAV) there is a problem of speech redundancy.
One of the main problem of the speech signal com-
pression algorithm is the methods of optimal reduc-
tion of redundancy of voice data and optimization of
its parameters with the parameters of the UAV con-
trol system. The solution of the problem will allow
to increase the capacity of linear paths and channels
in the conditions of specified criterions of communi-
cation UAV quality. The reduction of redundancy of
voice data, while maintaining the required quality of
speech perception allows to transmit the data at
lower speeds, thereby increasing the channel UAV
capacity.

II. PROBLEM STATEMENT

1) Need to develop a digital speech signal
compression algorithm based on wavelet transform
(WT) using entropy arithmetic coding and optimiza-
tion of its parameters with the parameters of the
UAYV control system, which allows to achieve de-
sired results in the enhancement of data compression
while maintaining the intelligibility of speech, which
in its turn will transmit speech data at low speeds
and decreasing the flow of transmitted information,
thereby increasing the bandwidth of existing linear
paths and channels UAV.

2) Need to prove experimentally and substan-
tiate the usefulness of using digital speech signal
compression algorithm based on WT in voice con-
trol systems UAV.

The objectives of the experimental studies:

a) to develop and research the proposed digital
speech signal compression algorithm based on WT
in the software package Matlab;

b) to calculate the bit rate (BR), the compression
ratio (CR), the correlation coefficient (CC), the sig-
nal / noise ratio (SNR), peak signal / noise ratio
(PSNR) and root-mean square error (RMSE) of ex-
perimental example of the speech up and after the
application of the compression algorithm;

¢) to carry out a comparative evaluation of the
CR, CC, SNR and PSNR depending on BR;

d) to carry out a comparative evaluation of the
CR, CC, SNR and PSNR depending on CR.

The developed digital speech signal compression
algorithm based on WT providing optimal solutions
of the relevant tasks such as digital speech data
compression, the maximum speech signal quality at
a certain level of compression, the possibility of the
release of some bandwidth of the communication
channel for the transmission of digital data (com-
mands), security of transmitted speech data, the pos-
sibility to implement the algorithm microprocessor
with low productivity to reduce the cost of the de-
veloped device.

Developed and researched digital speech signal
compression algorithm based on WT using entropy
arithmetic coding provides a reduction in volume of
digital speech data with together with speech intelli-
gibility and thereby increases the bandwidth of the
communication channel. The results of experimental
studies suggest the feasibility of further practical
application of the proposed digital speech signal
compression algorithm based on wavelet transform
into different models of vocoding devices.
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III. COMPRESSION ALGORITHM OF VOICE
CONTROL COMMAND OF UAV BASED ON WAVELET
TRANSFORM

The article presents the developed digital speech
signal compression algorithm based on WT using
entropy arithmetic coding (Fig. 1). In the research as
an input digital speech compression algorithm is

used male voice recording with a sampling rate of
8 kHz and the quantization bit depth of 8§ bits per
sample, which corresponds to the basic digital chan-
nels of the telephone network — 64 Kbit/s. The main
task of speech signal compression is to reduce the
flow of data transmitted over the digital communica-
tion channel with a slight deterioration of the res-
tored-term speech at the receiving end.
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Fig. 1. Compression Algorithm of Voice Control Command of UAV based on Wavelet Transform

In Speech signal compression according to the
developed algorithm takes place in several phases.
In the first phase for noise reduction and normaliza-
tion of frequency spectrum of digital speech signal is
supplied to 2nd order Butterworth low pass filter,
where n=5 with a bandwidth 300...3400 Hz,
which is represented as a row vector 4 and a, hav-
ing a length 2n+1 and the polynomial coefficients
of numerator and denominator of transmitting func-
tion descending powers of z:

_B(z) b()+b(2)z" +.. +b(n+ 1)z
H(z)= Az)  1+a@)z" +.+aln+1)z

Butterworth filter cutoff frequency is the fre-
quency at which transmission coefficient module is

V172 Figure 2 shows diagram of frequency-
response characteristic (FRC), phase-frequency re-
sponse (PFC), impulse response (IR) of synthesized
10th order Butterworth filter with a bandwidth
300...3400 Hz. In the second phase compression
algorithm normalized after filtration speech signal
after filtering comes on the discrete wavelet trans-
form (DWT) block [1]. Since the speech signal is a
non-stationary random process, then to process it
was proposed to use DWT the input of which rece-
ives the digital samples of the speech signal, and the
output generated wavelet coefficients (WC) [1].
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Based on an earlier experimental study as a
mother wavelet function is appropriate to use the
Daubechies wavelet of order 12.
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Fig. 2. (a) — FRC, (b) — PFC, (c) — IR of synthesized 10th
order Butterworth filter with a bandwidth
300...3400 Hz

Calculation of the order N Daubechies scaling
filter comes to finding the roots of a polynomial of
degree 4N (Fig. 3), whose coefficients
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In the third phase WC after DWT come on the
thresholding block. The main property of DWT is
that the converted signal is represented by a large
number of redundant WC, which, after thresholding
are reset WC resets via a given threshold function,
WC low or equal to that will be equal to zero, and
the rest will remain unchanged.

Wavelet coefficient with an absolute value close
to zero only contain a small part of the signal ener-
gy. Wavelet coefficient resetting results in negligible
energy losses. This property makes DWT attractive
for compressing voice data [2].

The Figure 4 shows a threshold function for
processing the WC speech signal, where x — the
value of the WC before the threshold, y — the value

of WC after threshold, ® — threshold. Threshold
enhancement will increase the degree of redundancy
reduction, but at the same time will decrease speech
intelligibility. Lowering the threshold to reduce the
loss of informational WC, but also reduces the effec-
tiveness of signal compression [3].
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Fig. 3. Orthogonal Daubechies filter of order 12: (a) is the decomposition low-pass filter; (b) is the decomposition high-
pass filter; (c) is the reconstruction low-pass filter; (d) is the reconstruction high-pass filter
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Fig. 4. The threshold function

In the fourth phase of the WC compression algo-
rithm after thresholding is introduced as 8-bit integ-
ers. This format is also used for the data transmis-
sion. Since detail and approximation of WC are real
numbers, then before you performing of speech
compression by the arithmetic coding, it is necessary
to convert the WC which passed threshold in a nu-
merical range corresponding to the selected format.
Otherwise, the WC compression flow will be bigger
than speech signal flow.

This operation can be performed using the quan-
tization. Thus arises the quantization error, which
introduces additional distortion in the transmitted
speech signal. In the fifth phase of the of compres-
sion algorithm, the quantized WC encoded by the by
arithmetic coding, whereby in the output the com-
pressed bit sequence of speech signal data is
generated.

A distinctive feature of the arithmetic coding
from well-known coding methods is that neither the
encoder or decoder does not store all possible set of
code words. Instead, in the transmission of a particu-

lar sequence x the code word c¢(x) is calculated

only for predetermined sequence x. Encoding rules
are known to the decoder, and it restores x by ¢(x),
not having a full list of code words [4].

IV. RESULTS

In the article the digital speech signal compres-
sion algorithm based on WT using entropy arithmet-
ic coding was developed, and modeling in software
package MATLAB, in particular, it was carried out
evaluating the CR data and BR in dependence on the
parameters of CC, the SNR, and PSNR and RMSE,
which is the main criterion of performance of speech
quality.

The first experiment (Table I) was conducted ac-
cording to the criteria as BR at the output of speech
compression algorithm, depending on which values
were changed CR, CC, SNR, PSNR, RMSE, thereby
giving an objective assessment of speech intelligibil-
ity and the level of compression speech data during
operation of the algorithm at the given BR.

TABLEI DEPENDENCE RELATION CR, CC, SNR, PSNR, RMSE oN BR

BR (Kbit/s) BR (Kbit/s) CR CcC SNR PSNR RMSE
output input (dB) (dB)
8 64 8 0.9614 11.2124 34.0639 0.2750
9 64 7.1 0.9701 12.3023 35.1537 0.2426
10 64 6.4 0.9770 13.4187 36.2744 0.2133
11 64 5.8 0.9822 14.5125 37.3640 0.1881
12 64 5.3 0.9861 15.5819 38.4334 0.1663
13 64 4.9 0.9891 16.6320 39.4835 0.1474

The second experiment (Table II) was conducted
according to the criteria as CR of speech data at the
output of digital speech signals compression algo-
rithm, depending on which values were changed BR,

CC, SNR, PSNR, RMSE, thereby giving an objec-
tive assessment of speech intelligibility and speech
data transmission speed operation of the compres-
sion algorithm at the given BR

TABLE II DEPENDENCE RELATION BR, CC, SNR, PSNR, RMSE oN CR
CR BR (Kbit/s) BR (Kbit/s) CcC SNR PSNR RMSE
output input (dB) (dB)
4 16 64 0.9949 19.9081 42.7596 0.1011
5 12.8 64 0.9885 16.4126 39.2641 0.1511
6 10.6 64 0.9806 14.1443 36.9958 0.1962
7 9.1 64 0.9710 12.4302 35.2817 0.2390
8 8 64 0.9613 11.2008 34.0523 0.2754
9 7.1 64 0.9390 9.2728 32.1243 0.3438

The results of the experiment show that the
optimal solution on criteria of the ratio of the speech
quality on the level of compression will be proposed
speech signal compression algorithm with BR = 9
(9.1) Kbit / s, that allows you to save sufficient CR =

7 (1.1), wherein the main index of criteria of speech
quality CC = 0.9701 (0.9710), SNR = [12.3023
(12.4302) dB, PSNR = 35.1537 (35.2817) dB and
RMSE = 0.2426 (0.2390) give high results in the
conditions of given parameters of BR and CR.
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V. CONCLUSIONS

The article presents a developed digital speech
signal compression algorithm based on WT using
entropy arithmetic coding was developed, and mod-
eling in software package Matlab.

The usefulness of using digital speech signal
compression algorithm based on WT into different
models of vocoding devices experimentally proved
and substantiated.

The comparative evaluation of the CC, SNR,
PSNR and RMSE depending on BR and CR was
carried out.

On the basis of the results of the study (Table I
and II) you can demonstrably see, at what speed,
with what degree of compression algorithm works
with the appropriate quality criteria. The optimal
solution in terms of intelligibility at a reasonably
good compression will be proposed speech signal
compression algorithm with BR =9 (9.1) Kbit/s, that
gives the result CR = 7 (7.1), wherein the main in-
dex of criteria of speech quality CC = 0.9701
(0.9710), SNR = 12.3023 (12.4302) dB, PSNR =
35.1537 (35.2817) dB and RMSE = 0.2426 (0.2390)

Lavrynenko Oleksandr. Post-graduate student.

give high results in the conditions of given parame-
ters of BR and CR.
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O. I0. JlaBpunenko, I'. ®. Konaxouy, /I. I. BaxTispoB. AJIrOpUTM CTHCHEHHS T'OJO0COBHX KOMAH/A KepyBaHHS
BIIJIA Ha ocHOBI BeiiBJieT-IepeTBOPeHHS

3anpornoHoBaHO BUKOPHCTOBYBATH PO3POOJIEHUH alrOpUTM CTUCHEHHS HU(POBHX MOBHHUX CHI'HAJIB HA OCHOBI BEWB-
JIET-TIEPETBOPEHHS B CHCTEMI T'OJIOCOBOI'0 KEPYBaHHs OE€3MIJIOTHOTO JIITAILHOTO arapaTa. 3AiiCHEHO OLiHIOBaHHS KOe-
¢ilieHTa CTUCHEHHS NaHUX 1 MIBUAKOCTI Mepenadi OITiB B 3aJIKHOCTI BiJ MapaMeTpiB KoedillieHTa KOpEIii, BiaHO-
LIEHHSI CUTHAJ / IIyM, IIKOBOT'O BiJIHOUIEHHS CUTHAJ / IIyM 1 cepeIHbOKBaIPATUYHOI TOMUJIKH, SIKi BUCTYIIAIOTh TOJIOB-
HUMH ITOKa3HUKaMM KPHUTEPil0 SKOCcTi MOBU. OTpHMaHi pe3yibTaTd €KCHEPHUMEHTAIBFHOTO JOCIIKEHHS JT03BOJISIOTH
3pOOUTH BHCHOBOK IIPO TOIUIBHICTh MOAAIBIION0 NPAKTHYHOTO 3aCTOCYBAHHS 3alIPOIIOHOBAHOTO aJITOPUTMY CTHCHEH-
HSl IU(PPOBUX MOBHHUX CHI'HAJIIB Ha OCHOBI BEWBJIET-IIEPETBOPEHHS B CHCTEMax I'OJIOCOBOTO KEpPYBaHHsS O€3ITIIIOTHOTrO
JIITAJILHOTO arapara.
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Karwu4oBi cioBa: anropuTMy CTHCHEHHS; BEHBIIET-IIEPETBOPEHHS; T'OJOCOBE YIPABIIHHS; O€3MUIOTHUN JIITaIbHUN
anapar; KoeQillieHT CTUCHEHHS; KOe(II[iEHT KOpeJsIii; IBHUIKICTh repenayi OiTiB.
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