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ABSTRACT The article presents the results of research into methods for improving the efficiency of hydroacoustic signal
transmission in complex noise environments through the use of wavelet analysis, adaptive filtering, and mathematical
modeling. Hydroacoustic systems are a key tool for underwater communication, but their operation is significantly
complicated by the effects of multipath propagation, water turbulence, and reflections from the surface and bottom, which
lead to distortion and reduced information reliability. The work implements a structural-functional synthesis approach that
combines a mathematical description of signal propagation processes, wavelet decomposition for analyzing the time-
frequency structure, and adaptive filtering based on the criterion of minimizing the root mean square error. The proposed
model of the hydroacoustic channel takes into account the impulse response of the medium and additive white Gaussian
noise, which allows for an adequate reproduction of real transmission conditions. To improve the accuracy of information
reconstruction, a combined algorithm has been developed: at the first stage, wavelet decomposition of the received signal is
performed, then threshold processing of detailed coefficients is carried out according to the Donohue rule, after which
Wiener or LMS-type adaptive filtering is applied. Thanks to the time-frequency localization of wavelets, effective isolation of
information components is ensured even at low signal-to-noise ratios. The obtained mean square error and signal-to-noise
ratio parameters demonstrate a significant improvement in reconstruction quality. The proposed approach can be used in
practical hydroacoustic systems to improve their noise immunity, stability, and accuracy of information retrieval in complex
underwater conditions. The combination of wavelet transformation and adaptive filtering forms the basis for the creation of
intelligent signal processing systems capable of ensuring effective operation in conditions of stochastic noise and uneven
propagation of acoustic waves.
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I. INTRODUCTION
ydroacoustic systems are the main means of
H transmitting information in the underwater
environment, in which electromagnetic waves
suffer significant losses [1]. Modern developments in
marine technology and oceanographic research are placing
new demands on underwater communication systems,
which must ensure high reliability of information
transmission in complex hydroacoustic environments. In
such systems, the main problems remain limited resolution
and significant noise levels caused by multipath
propagation, water turbulence, and reflections from the
surface and bottom, which lead to strong temporal
dispersion and random channel fluctuations [2]. This
article presents a method for improving the efficiency of
data transmission in hydroacoustic channels, modulated on
the basis of developed mathematical models and signal
processing algorithms using wavelet transformation and

adaptive filtering with a Wiener filter.

Il. MATHEMATICAL MODELS AND ANALYSIS METHODS
The basis of structural and functional synthesis is the
construction of a model of signal transmission through a
sonar channel, which is described as a linear system with a
pulse characteristic /(f) [3]. The input signal s(t) at the
output is distorted by the noise n(f). As a result, the

resulting signal r(f) at the output of the channel is
represented in the form [4]:

r(t) = s(t) * h(t) + n(t), M

where: s(f) — input signal; n(f) — noise.

Such linear convolution models are widely used in
underwater acoustic channel characterization and reflect
both multipath channel impulse response and Doppler-
induced distortions seen in real environments [5].

To simulate a noisy environment, we will use Gaussian
and color noises. Spectral density of noise power S,(f)
defined as:

Su(f) = No X |Hy [, 2)
where: Hy — Fourier transform impulse response;
Ny — noise power.

Adaptive filtering is implemented using a Wiener filter,
which minimizes the root mean square error between the
signal s(t) and the original signal s(t)

TR — -1 Ss(f)

sw=7* {Ss(f)+5n(f)R(f )}’ )
where: S;(f) — spectral density of signal strength;
R(f) — Fourier transform of the received signal;

F~! —inverse Fourier transform.
Wavelet transformation allows signals to be analyzed
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locally in time and frequency [6]. Continuous wavelet
signal conversion r(t) defined as:
W, (a,b) = ﬁ () ¥ (%) dt, (4)

where: W,.(a,b) — continuous wavelet conversion
coefficients characterizing local frequency-time properties
of the signal; ¥(t) — mother wavelet function, which
defines the basic shape of the wavelet; ¥* — complex
conjugation of a function ¥ (t); a — a scale parameter that
1
i
normalizing factor to ensure energy constancy when
changing scale; b — offset parameter, which is responsible
for the position of the wavelet in time.

Discrete wavelet conversion allows you to separate
high-frequency noise components from low-frequency
signal and effectively suppress them.

specifies the stretching or compression of the wavelet;

I1l. INTEGRATED SIGNAL PROCESSING MODEL USING
WAVELET TRANSFORM

The proposed approach of structural and functional
synthesis of hydroacoustic data transmission systems is
based on a step-by-step combination of mathematical
modeling, wavelet analysis and adaptive filtering. The key
idea is to form a multi-level processing system capable of
ensuring effective noise suppression and preservation of
the information structure of the signal.

At the first stage, a simulation of the sonar channel is
performed, which is described by the impulse response ()
and stochastic noise n(¢). Such a model will best reflect the
real conditions of signal propagation in the underwater
environment, taking into account multipath, delays and
attenuation of signal energy.

The second stage is the wavelet decomposition of the
received signal, which allows it to be divided into low-
frequency (information) and high-frequency (noise)
components. Due to the frequency-time localization of
wavelets, it is possible to accurately identify areas of the
signal distorted by noise, provided that useful energy is
preserved.

The next step is adaptive filtering using a Wiener filter,
which optimizes the signal-to-noise ratio (SNR) by
minimizing the root mean square error between the
estimated and actual signals. At this stage, the wavelet
coefficients undergo adaptive processing in accordance
with the statistical properties of the environment and the
spectral characteristics of the noise.

The final step is to reconstruct the purified signal by
performing an inverse wavelet transform. The result
obtained is characterized by the preservation of the main
structural features of the signal with a significant decrease
in the noise component.

Thus, the proposed approach provides an increase in the
reliability of data transmission and improvement of noise
immunity in difficult noise conditions [6].

IV. MODELING AND SIGNAL PROCESSING IN A MATLAB
To confirm the effectiveness of the proposed combined
approach, Numerical modeling of hydroacoustic signal
transmission and processing was carried out in the
MATLAB environment using standard wavelet and signal
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processing toolboxes [7]. The applied time—frequency
analysis and adaptive filtering techniques are consistent
with recent studies on underwater acoustic channel
equalization and wavelet-based denoising [8, 9]. The
developed program code in MATLAB implements
sequential stages of signal generation, channel modeling,
noise impact simulation, wavelet-based denoising,
adaptive filtering, and quality evaluation of the
reconstructed signal.

First, a harmonic pulse signal with a Gaussian envelope
is formed:

_(t-tg)?

s(t) = Ae 29%nv cos (2nfyt), (5)

where: s(t) — modulated signal in the time domain; f, —
center frequency; 4 — signal amplitude; # — temporal shift
(t=tg)

of the maximum envelope; e 2%nv — Gaussian envelope,
which determines the duration and shape of the pulse; 0.y,
— width parameter (dispersion) of the Gaussian envelope;
cos(2mfyt) — harmonic filling with frequency fj.

Signal transmission and noise were simulated through
a multipath channel model with three beams of different
intensities and time delays:

Tclean @® = Z%:l ajs(t - Tj)’ (6)

where: 7qean(t) — cleared received signal (excluding
noise); s(t) — output (reference) signal; L — the number of
reflected components (rays); a; — amplitude coefficients;
7; — the time delays of each beam, which reflect the
difference between the path of the signal; s(t —1;) — a
shifted copy of the signal corresponding to the arrival of
the I-th reflected wave.

The next step is added additive white Gaussian noise
with SNR = 5 level to the signal, which reproduces typical
hydroacoustic signal transmission conditions in the marine
environment.

In order to reduce noise, a discrete wavelet transform
was applied with a basic Daubechies wavelet db4 at four
levels of decomposition. The threshold processing of the
corresponding coefficients was performed according to
Donoho's rule [10]:

A = 0estV2InN, (7)

where: A — the threshold value that is required to zero or
reduce the corresponding wavelet conversion factors;
Ot — estimation of the standard deviation of noise.

p __ median(|D4])
est ™ o6745

®)

where: D, — vector of the corresponding coefficients of the
first level of wavelet decomposition; |D; | — modulus of the
absolute value of the coefficients; 0.6745 — normalization
coefficient, relates the median of absolute deviations to the
standard deviation of the normal distribution (in our case,
white Gaussian noise is superimposed, so MAD = 0.6745).

For additional improvement of the quality of the
restored signal, an adaptive LMS filter with a length of
M = 32 with an adaptation step of p=0.01 was used.

w(n + 1) = w(n) + pe(n)x(n), 9)
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where: w(n1) — vector of weights in the nth step; w(n + 1)
— updated vector of coefficients after correction;
e(n) — filtering error; x(n) — input signal vector.

As a result of adaptation, a signal score is obtained s(t),
in which the useful signal will be reproduced with minimal
interference (noise).

Fig. 1 shows the temporal implementations of the
signal, containing:

- original signal;

- syglan with noise;

- signal after wavelet filtering;

- restored signal after processing.
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FIG. 1. Temporal implementations of the sonar signal.

Fig. 1 shows that the use of combined signal processing
allows you to effectively suppress noise fluctuations while
maintaining the shape of the signals.

Fig. 2 shows a comparative analysis of the signals
before and after their processing. It can be seen that the
fundamental harmonics are at a frequency of about
1.5kHz, and the noise level at different bands is
significantly reduced.
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FIG. 2. Comparison of the spectra of the original signal and the
signal after combined processing.

Comparative analysis of standard error (MSE) and
output SNR showed a significant decrease in error and an
increase in SNR value after processing. The results
obtained confirm the effectiveness of the combination of
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wavelet decomposition and adaptive
hydroacoustic signal purification problems.

filtering for

V. CONCLUSION

The proposed combined approach to the structural and
functional synthesis of hydroacoustic data transmission
systems, which combines mathematical modeling, wavelet
analysis, and adaptive filtering, allows for the effective
isolation of useful signal components and suppression of
noise influences, which in turn ensures increased reliability
of data transmission in complex noise environments,
particularly underwater.

Modeling in MATLAB confirmed the practical
effectiveness of the approach: noise cleaning using wavelet
transformation and adaptive filtering significantly reduce
the noise level while preserving the basic signal shape. A
comparative analysis of the spectra and SNR and MSE
indicators showed a significant improvement in the
characteristics of the restored signal.

The results demonstrate that the proposed method can
be successfully applied to real hydroacoustic data
transmission systems, increasing their noise immunity and
accuracy of information reproduction.
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MaTtemaTuuHe mogentoBaHHA Ta 06pobKa
riagpoaKyCTUYHMUX CUTHaAIB Y LUYMOBUX cepeaoBULLAX

€ereniii NapxomeHko®, FannHa facriBka

Kadenpa pagiotexHiku Ta iHdopmauiiHoi 6e3nekn, HaB4asbHO-HAYKOBMM IHCTUTYT Gi3NKO-TEXHIYHUX Ta KOMN IOTEPHUX HaYK,
YepHiBeLbKNUiA HaLiOHaNbHWI yHiIBEPCUTET iMeHi HOpis ®eapKkoBrya, M. YepHiBLyi, YKpaiHa

*ABTOp-KOpecnoHaeHT (EnektpoHHa agpeca: parkhomenko.yevhen@chnu.edu.ua)

ABSTRACT Y cTaTTi HaBe4eHO pe3ynbTaTh AOCNIAKEHHA METOAIB NiABULWEHHA eDEKTUBHOCTI NepesaBaHHA rigpoaKyCTUYHNUX
CUTHANIB Yy CKNAAHWUX LYMOBMX CEPEAOBMLLAX LWIAXOM 3aCTOCYBAHHA BEWBNET-aHanNi3y, afanTuMBHOI ¢inbTpauii Ta ix
MaTeMaTUYHOro MoAaentoBaHHA. MAPO0aKYCTUYHI CUCTEMM € KNHOYOBMM iHCTPYMEHTOM 3abe3nedyeHHs NiaBoAHOro 3B'A3KY,
npoTe iX QYHKLiOHYBaHHA iCTOTHO YCKNAAHIOETbCA BMNAMBOM 6araTonpomMeHeBOro NOWWPEHHA, TYpby/neHTHOCTI BoAHO!
cepefoBuLa, BiAOUTKIB Big, NOBEPXHi Ta AHA, WO NPU3BOAMUTL 4O CMOTBOPEHb TA 3HUMKEHHA AOCTOBIPHOCTI iHbGopmaLii. Y
poboTi peanizoBaHO NiaxXia CTPYKTYPHO-DYHKLIOHANbHOIO CUHTE3Y, AKMI NOEAHYE MaTEMATUYHUI ONKUC NPOLLECIB NOWKPEHHSA
CUTHaniB, BEMBET-AEKOMMO3UL,IO A1 aHaNi3y YaCOBO-YAaCTOTHOI CTPYKTYPU Ta afanTuMBHY ¢ifbTpaL,ito Ha OCHOBI KpuTepito
MiHiMi3aLii cepefHbOKBALPATUYHOI MOXMOKWU. 3anpornoHoBaHa MOZEe/Nb TiAPOaKYCTUYHOTO KaHany BPAXOBYE iMMY/bCHY
XapPaKTEPUCTUKY CepesioBULLA Ta aAUTUBHUI BiNWiA raycoBMi LWyM, WO [AO3BONSAE aAEKBATHO BiATBOPUTU pPeanbHi yMOBM
nepegadi. Ana niaBULLEHHA TOYHOCTI PEKOHCTPYKLIT iHdopmaLii po3pobi1eHo KOMBIHOBAHMI aNrOPUTM: Ha NepLiomMy eTani
3[iMCHIOETbCA BENBNET-AEKOMMNO3ULLiA MPUAHATOrO CUrHaNy, Aani NPOBOAUTLCS NOPOroBa 06pobKa AeTanbHUX KoedilieHTIB
3a npasuom [JOHOro, Micas YOro 3aCTOCOBYETbCA afanTuBHa ¢inbTpauis BiHepa abo LMS-Tuny. 3aBAsSKM YacOBO-YaCTOTHIN
NoKanisauii BensneTiB 3abe3neyyeTbca epeKTUBHE BUAINEHHA IHHOPMALIMHMX KOMMOHEHT HaBiTb 3a HU3bKOIO
cniBBiAHOWEHHA curHan/wym. MogentoBaHHA B cepegosuui MATLAB nigTeepauno pesynbTaTUBHICTL KOMBiHOBaHOI
06pO6KM: MOPIBHAHHA YACOBMX TA CMEKTPASIbHUX XapPaKTEPUCTUK CUrHaNiB A0 i nicna ¢inbTpauii 3acBiguMN0 3MeHLWeHHn
LIYMOBMX KOMMOHEHTIB Ta 36eperKeHHs OCHOBHOI CTPYKTypu. OTpMMaHi MOKa3HUKM cepenHbOKBAAPaTUYHOI NOXMOKM Ta
CMiBBIAHOLWEHHA CUTHaN/WYM AEMOHCTPYIOTb CYTTEBE MOKPALLEHHA AKOCTI PEKOHCTPYKL. 3anponoHoBaHUIA Niaxia mMoxe
6YyTV BUKOPUCTAHWUI Y NPAKTUYHMUX FiAPOaKYCTUUHUX CUCTEMAX ANA NiABULLEHHSA iX 3aBaf0CTINKOCTI, CTabiNbHOCTI Ta TOYHOCTI
BigHOB/NEHHA iHOOPMALNHMX NOBIAOMIEHb Y CKNAAHMX NiABOAHMX YyMoBax. MOEQHAHHA BenBNET-MepeTBOPEHHA Ta
apanTnBHOI ¢inbTpaLii GopmMye OCHOBY A1 CTBOPEHHS iHTENEKTYA/IbHUX CUCTEM OBPOBKM CUrHaNiB, 34aTHUX 3abe3neynTn
edekTMBHE DYHKLiOHYBaHHA B YMOBaX CTOXaCTUYHMX 3aBaj, Ta HEPIBHOMIPHOFO MOLMPEHHSA aKyCTUYHUX XBU/Ib.

KEYWORDS aHani3 cnekTpiB, 06po61eHHA cUrHaniB, akyCTUYHI CUTHaW, iIMMNY/IbCHA XapaKTePUCTUKA, MaclUTabHUIM napameTp.
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