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RESUMO

A determinacgédo dos parametros de um sinal harmdnico € um dos tipos mais comuns de medi¢des em
engenharia de radio, engenharia de comunicagéo, eletrdnica e sistemas de automacgdo. A pesquisa e 0
desenvolvimento de novos métodos para medir os par@metros dos sinais harménicos séo relevantes. Este
trabalho estudou os erros de algoritmo para determinar a mudanca de fase dos sinais harménicos utilizando
amostragem estocastica. A relevancia deste estudo é ditada pelo aumento dos requisitos de precisdo e
velocidade dos equipamentos de medicdo, a redu¢cdo do tempo necessario para decidir sobre a presenca de
um sinal enquanto se procura por ele e o que torna necessério utilizar métodos estatisticamente 6timos para
medir os pardmetros de sinais. O objetivo do trabalho foi desenvolver um algoritmo e estimar seus erros para
a possibilidade de implementacao pratica do algoritmo para o processamento de sinais de radio de freqiiéncia
infra baixa durante a amostragem estocastica. Os valores instantdneos em cada amostra dos sinais sob
investigacdo sdo baseados na amostragem estocastica no tempo, de acordo com a lei de distribuicdo
uniforme. A modelagem matematica dos erros do algoritmo para determinar o deslocamento de fase dos
sinais com harménicas e, dependendo das harménicas em comparagdo com a primeira (principal) harménica
do sinal sob investigacao durante a amostragem por conversores analdgico-digitais reais, foram realizados.
Os valores obtidos dos erros do algoritmo para determinar o deslocamento de fase do harménico principal
estdo dentro de uma faixa aceitavel (<30%); em amplitudes harmdnicas (até o 3° harmdnico), dentro de 20%.
Os resultados do experimento de computacao para estimar os erros do algoritmo confirmam a possibilidade
de obter alta precisdo na determinacéo do deslocamento de fase dos sinais harménicos. Este algoritmo pode
ser usado para processar sinais de radio de frequéncia infrabaixa com preciséo suficiente em acustica,
hidroacustica, acustica sismica, comunicacéo subaquatica e subterranea.

Palavras-chave: tempo de acesso, modelagem computadorizada, sinal de radio de freqiiéncia infrabaixa,
conversor analdgico-digital.

ABSTRACT

Determining the parameters of a harmonic signal is one of the most common types of measurements
in radio engineering, communication engineering, electronics and automation systems. The research and
development of new methods for measuring the harmonic signal parameters are relevant. This work studied
algorithm errors for determining the phase shift of harmonic signals using stochastic sampling. The relevance
of this study is dictated by increasing requirements for the accuracy and speed of measuring equipment, the
reduction of time it takes to decide on the presence of a signal while searching for it, that make it necessary to
use statistically optimal methods for measuring signal parameters. The work aimed to develop an algorithm
and estimate its errors for the possibility of practical implementation of the algorithm for processing infra-low-
frequency radio signals during stochastic sampling. According to the uniform distribution law, the instantaneous
values in each sample of the signals under investigation are based on stochastic sampling in time.
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Mathematical modeling of algorithm errors for determining the phase shift of signals with harmonics, and
depending on harmonics compared to the first (main) harmonic of the signal under investigation during the
sampling by real analog-to-digital converters have been carried out. The obtained values of the algorithm errors
for determining the phase shift of the main harmonic are within an acceptable range (<30%); at harmonics
amplitudes (up to the 3rd harmonic) within 20%. The computing experiment results for estimating the algorithm
errors confirm the possibility of obtaining high accuracy in determining the phase shift of harmonic signals.
This algorithm can be used for processing infra-low-frequency radio signals with sufficient accuracy in
acoustics, hydroacoustics, seismic acoustics, underwater, and underground communication.

Keywords: access time, computer modeling, infra-low frequency radio signal, analog-to-digital converter.
AHHOTALUA

OnpegeneHve napameTpoB rapMOHUYECKOr0O CUrHana sBnsieTCs OAHUM U3 CaMblX PacnpoCTPaHEHHbIX
BMAOB U3MEPEHUIN B PAONOTEXHUKE, TEXHWKE CBA3W, ANEKTPOHMKE U cMcTemax asTomaTuku. iccneposaHme m
paspaboTka HOBbIX METOAOB M3MEPEHWS NapameTpoB rapMOHUYECKOrO CUrHana siBNSTCA akTyanbHbIMU.
HacTtoswasa pabota nocesleHa WccneaoBaHWO MOrpellHocTen anroputma onpegeneHns casura das
rapMOHUYECKNX CUIHamoB, C WCMOMb30BaHMEM CTOXacTUYECKOW AucKpeTusaumun. AKTyanbHOCTb AAHHOrO
nuccrnegoBaHWs  NPOAMKTOBaHa Bo3pacTtawwmmyn  TpeboBaHMAMM K TOYHOCTM U BbICTPOAENCTBUIO
n3MepuTEeNnbHON annapaTtypbl, COKPALLEHUI0 BPEMEHW MPUHATUS PEeLUeHUs O Hanmuuum curHana npu ero
noucke, AenawT HeobXoAUMbIM WCMOfb30BaHME CTaTUCTUYECKM OMTUMarbHbIX METOAOB W3MEepeHus
napameTpoB curHana. Llenb paboTbl 3akntovaeTcsa B pa3paboTke anropMtma 1 OLeHKe ero norpeLuHocTen Ans
BO3MOXXHOCTU NPaKTUYECKON peanunsaunm anroputMma Ans o6paboTkm MHPPaHN3KOYaCTOTHBIX PpaguoCUrHanos
npu cToXacTu4eckon guckpetTnsauun. MrHoBeHHble 3Ha4YeHns B KaXK4on BbIOOPKe 13 NccrnegyemblX CUrHanos
OCHOBbIBaOTCH Ha CTOXaCTUYECKOW AMCKPETM3aLMM BO BPEMEHN MO PAaBHOMEPHOMY 3aKOHY pacnpeaeneHus.
lMpoBegeHO mMeTamaTemMaTuM4yeckoe MOAENMPOBaHWE MOrpelHoCTen anroputma onpegeneHus casura gas
CUrHanoB C rapMoOHVKamMn U B 3aBUCUMOCTW OT FapMOHWK OTHOCWUTENbHO NEPBON (OCHOBHOW) rapMOHWKW
nuccrnegyemMoro curHana npu  AUMCKpeTM3auun peanbHbiMKM  aHanoro-undgposbiMu  npeobpasosBaTtensmu.
[MonyyYeHHble 3Ha4YeHUs MOrpeLHoCTen anropuTMa onpegeneHns casura a3 OCHOBHOW rapMOHUKU
HaxoasTcsa B npuemnemom guanasoHe (<30%); npyu amnnMTygax rapMOHUK (He ganee 3-n rapmMoHuKn) — Ao
20%. PesynbTaTbl BbIMUCIMTENBHOIO 3KCMEPMMEHTA OLIEHKM MOrpeLuHOCTeN anroputma MOATBEPXOaT
BO3MOXHOCTb MOSyYeHUS BbICOKOW TOYHOCTW oOnpedeneHns casura a3 rapMOHUYECKMX CUrHanos.
HacTosAwmn anropytm MOXeT HaWTu NpumeHeHue npu 06paboTke MHPPaAHU3KOHACTOTHBIX PagNOCUIHaNoOB C
AOCTaTOYHOM TOYHOCTBIO B aKyCTUKe, rmapoakyCcTuke, CeMCMOaKyCTuke, NOABOAHON U MOA3EMHOW CBA3MN.

KnioueBble cnoBa: gpems obpauwjeHusi, Mamemamu4yeckoe MoOenuposaHue, UHPaHU3KoYacmomHbil
paduocueHarl, aHanoe2o-yugposol rnpeobpazogamerib.

1. INTRODUCTION:

The radio signals currently used in radio
engineering systems have a wide variety of
shapes and types. For example, signals with
complex modulation are used in satellite and
ground-based navigation and communications
systems. More straightforward signals are used,
for instance, in radiolocation, acoustics, and
medicine. However, a harmonic signal is most
often the basis of their carrier signal. The
presence of the harmonic signal makes it
possible to build high-precision measuring
systems using one of the parameters of this
signal — its phase (Shakhov and Ugol'kov, 1986;
Ugol’kov, 2003, 2004, Zaitseva, 2019).

Therefore the research and development
of new methods for measuring harmonic signal
parameters are relevant. It is also appropriate for
developing high-precision radio engineering

systems, measuring equipment, and the simpler
systems that use harmonic signal parameters as
information ones (geodesy, acoustics, and
medicine) Marmarelis and Marmarelis, 1978;
Levin, 1989; Bilinsky and Mikelson, 1983).

One of the main criteria for the quality of
the radio system is the time of the measurement
result issue from the moment when the signal is
received at its input. This time depends, among
other factors, also on the measurement
(estimation) time of the parameters of the carrier
harmonic signal. This is especially important for
systems and devices that use sufficiently low-
frequency radio signals, pulsed signals with
harmonic filling. Also, for devices that output low-
frequency signals during the processing of high-
frequency signals (for example, signals
containing Doppler frequency shift, in
radiolocation, and the receiving and measuring
equipment of satellite navigation systems).
Reduction of the time for the definition of the
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main parameters of harmonic signals such as
amplitude, frequency, phase (phase shift) and
spectrum based on various basic functions to the
minimum values of access time to physical
signals (at least much shorter than their period
of existence by dozens of times and more), as
well as the development of fundamental analog-
digital algorithms corresponding to this goal, is a
very relevant problem, according to paper
(Zaitseva, 2019; Meshkov and Ugol'kov, 1984;
Shakhov and Ugol'kov 1986).

It is necessary to reduce the access time
to the signals understudy to less than one signal
period to measure the parameters of signals in
acoustics, hydroacoustics, and seismic
acoustics. This is because the periods of infra-
low-frequency signals can be equal to days,
months, years or more. This raises the question
of determining the minimum access time to the
signal (minimum instantaneous counts) and
determining the parameters of harmonic signals
for a time significantly less than their period. In
scientific works (Shakhov and Ugol'kov, 1986;
Ugol’kov, 2003, 2004; Meshkov and Ugol'kov,
1984, Zaitseva, 2019), the issues of determining
the main parameters of harmonic signals by the
minimum of instantaneous readings for a time
less than their period are considered.

Algorithms for defining the parameters of
harmonic signals for the timeless than their
period, using "classical" methods of uniform time
sampling of these signals are considered in
papers (Shakhov and Ugol'kov, 1986; Ugol’kov,
2003, 2004). Of particular interest are the studies
(Zaitseva, 2019; Porschnev and Kussaikin,
2016) of the application in such algorithms of
stochastic sampling for optimizing the algorithms
under conditions of the definition of the real
signals parameters with distortions, external
noise, and self-noise.

Fundamental interest in such signal
processing appears in the analysis of
transmission lines, in which signals modulated
by phase, frequency, or amplitude are encoded
by conversion to "solitons." A soliton is a
structurally stable solitary wave propagating in
the nonlinear medium. Solitons behave like
particles (wave-particle duality), and when
interacting with each other or with some other
disturbances, they are not destroyed but
continue to move, keeping their structure. This
transmission line usually consists of a large
number of nonlinear chains. It can be described

by a partial differential system that is
transformed into the Korteweg-de Vries
equation.

Therefore, the development and analysis
of analog-to-digital algorithms for the definition of
the parameters of harmonic low-frequency
signals in the time much less of their period to
both reduce the time for detecting processes and
objects, and to predict critical phenomena in
hydroacoustics, acoustics and thermal (wave)
processes is a very relevant problem (Gorbunov,
2014; Amelin and Granichin, 2011; Marmarelis
and Marmarelis, 1978; Porschnev and
Kussaikin, 2016; Boashash, 2015; Rajan, 2017,
Taylor, 2017; Ermolaeva, Goncharenko, and
Gordienko, 2011; Chaparro, 2015; Chapman,
2017).

Thus, the study aimed to estimate the
algorithm errors for determining the phase shift
of harmonic signals in the time shorter than the
period for a possible practical implementation of
the algorithm in real conditions at underwater
objects.

2. MATERIALS AND METHODS:

The problem of reducing the access time
to signals to determine their parameters has
always been considered in the form of a
statement since the emergence of the theory of
signal processing in electrical engineering,
measurement technology, radio engineering,
and numerous practical applications of this
branch of science and technology. Since the
early nineties, these studies have been further
stimulated and developed with the advent of
high-speed and small-size computing
technology, new software, and the possibility of
accessing it by a wide range of scientists and
engineers.

Studies of digital methods for
determining the parameters of harmonic signals
by measuring their instantaneous values in a
timeless than a period using analog-to-digital
processing and high-speed ADCs are of great
interest. Currently, various methods of digital
processing of radio signals are used. Some
examples are the orthogonal transformations,
modeling, and digital filtering methods, an
analytical apparatus for describing signals and
noise, numerical methods of solving problems
and systems of equations. (Bilinsky and
Mikelson, 1983; Wentzel, 1969; Meshkov and
Ugol'kov, 1984; Gorbunov, Kulikov, and Shpak,
2016).

In (Zaitseva, 2019), based on solving the
system of equations, an algorithm for
determining the phase shift of harmonic signals
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was developed. The error estimation of the
developed phase-shift algorithm for harmonic
signals was studied with the probabilistic and
statistical method using stochastic sampling in
this work.

The basic relations will be presented for
the algorithm for the phase shift definition of
harmonic signals in access time less than one
signal period.

It will be assumed that the reference x(t)
and the investigated y(t) signals, along with the
harmonic component, have constant
components (o, and (o, respectively.

Equations 1-6 show their instantaneous sample
values and finite differences:

Xo = Apy -SiN(o-1) +Cy, ;
X = Ay, -Sin(o-t+h)+C,,;
X, = Ay, -Sin(o-t+2-h)+Cy,;

(Eq. 1)

{Alx=x1—x0=2-sin(h/2)-cos(m-t+h/2); (Eq. 2)

A, =X, =X =2-sin(h/2)-cos(w-t+h-3/2);

A, =X, —X =2-sin(h/2)-cos(o-t+i-h/2); (EQ. 3)

Yo = A,y sin(e-t+)+Cy;

Y1 =A, sinfw-t+e+h)+Cg ; (Eq. 4)
Y, = A, sin(@-t+e+2-h)+Cy;
A, =Y, -Y,=2-sin(h/2)- 1 h/2),
y =Y Yo SI.I’]( )-cos(@-t+¢+h/2) (Eq. 5)
Azy=yz—yl=2-sm(h/2)-cos(o)-t+(p+h-3/2);
Ay =Yy - ¥ =2-sin(h/2)-cos(@-t+o+i-h/2),  (EQ. 6)

where: w is the frequency of the harmonic
components of signals x(t) and y(t); ¢ is the
phase shift between the harmonic components
of signals x(t) and y(t); h = w-At is the
sampling step in angular measurement; At is the
sampling interval of signals x(t) and y(t) over
time;i = 0,1,2,...,n.

Having found the relations

A, cos(h/2)—tg(a,)-sin(h/2)

— ~Ix

LA

(Eq. 7)

» Ccos(h-3/2)—tg(a,)-sin(h-3/2)’

] Ay cos(h/2)-tg(g)-sin(a, +h/2)
LA, cos(o, +h-3/2)-tg(g)-sin(oy +h-3/2)’

(Eq. 8)

and having solved Equations 7 and 8 for ¢ and
a, it is obtained the expression for the definition
of the phase shift ¢ along the curve of
instantaneous values of the first order finite
differences 4,1 4,

J,cos(a, +h-3/2)—cos(a,+h/2) (Eq. 9

J,sin(a, +h-3/2)—sin(o, +h/2) )

¢ = arctg

where

J,cos(h-3/2)—cos(h/2)
J;sin(h-3/2)—sin(h/2)

o, = arctg

The phase shift value ¢ obtained by the
algorithm (9) does not depend on the constant
components Cp, and Cy, and the amplitudes

A and A, of x(t) and y(t) signals.

The algorithm (9) allows for the definition
of the phase shift with minimum access time to
signals 1 equal to 7 = 2-4t in the angular
measure 2h.

Stochastic processing of harmonic
signals (1) and (4) to define the phase shift is that
the random law carries out the sampling of
instantaneous values from the signal. The
sampling interval of signals (1) and (4) overtime
is selected from uniformly distributed linearly
transformed random values, arranged as an
ordered series, according to papers (Boashash,
2015; Rajan, 2017; Taylor, 2017).

It is assumed that the uniform law
distributes samples from signals (1) and (4). The
expression describes the density of time
intervals distribution for discrete samples:

p(t) =1/T, att; < t; < t,,

where T,,, = t,, — t; is the measurement time or
access time to the signal, and

p(t) =0 in case of other ¢;.. (Eq. 10)

It is determined the distribution density
for x(t;) at t; uniformly distributed in the range
from t; pot,, as a function of x according to
papers (Wentzel, 1969; Levin, 1989):
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1
p(X, ) =——.
o-t

m

To define the phase shift of harmonic
signals according to the algorithm (9), it was
used the formula for the statistical expectation of
values of the signals under consideration with
stochastic sampling over time as a stochastic
process. The constant components of the
signals may not be taken into account, because
they are reduced when finite differences of the
first order are found (1)-(8). Taking into account
Equations 10 and 11, the statistical expectation
for the signal (1) is expressed by the formula:

m )= ol ) - ZA T T

“Im

-Sin(2- 0, +0-T, /2),

where

X, = A-sin(ay);
X, = A-sin(ay +o-T,).

For the second sample from the signal
(1), the statistical expectation, according to
paper (Wentzel, 1969) is:

i 2-Asin(o-T /2
M, (X, ti):jx X-p(x, ti)~dx:%

n
m

-$in2-0,+3-0-T,/2),

where

Xoy = A-sin(o, +2-0-T,).

For the third sample from the signal (1),
the statistical expectation is:

m, (6 1)=xplx, ) e AR T D)

Xnat (0] 'Tm

Sin2-0,+5-0-T, /2),

where

Xo = A-sin(o, +3-0-T,).

Using similar Equations 10 and 11, the
expression for the signal (4) is:

" 2. Asin(o-T. /2
. )=[ vy )ty =2 AT

m

Sin(p+2-0,+0-T, /2)

where

Y, = A-sin(e +ay);
y,=A-sin(p+o,+o-T,).

Calculating the statistical expectation for
the second sample from the signal (4), according
to paper (Wentzel, 1969):

" 2-Assin(o-T /2
0 0=[ - ply )y =2 e

m

sin(o+2-0,+3-0-T, /2),

where

Yo = A-sin(o+a,+2-0-T,).

The expression describes the statistical
expectation for the second sample from the
signal (4):

” 2-Assin(o-T 12) .
mSy(ya ti):J;1 y p(y| ti)'dy:#'ﬂn(@‘l'l%+5'0)'Tm /2)>

m

where

Yo = A-sin(eo+a,+3-0-T,).

To find the finite differences of the first
order from these samples:

Ay =my —m, =k-2-sin(w-T,/2)-cos(a, +o-T,);

Ay =my —m,, =k-2-sin(w-T, /2)-cos(o, +2-0-T,);

Ay =my, —m =k-2-sin(o-T /2)-cos(@+2-0,+o-T));

A, =my —m, =k-2-sin(w-T, /2)-cos(p+2-a,+2-0-T)),
where

_2-A-sin(o-T, /2)
032~Tm '

k

Having found the relations

A
A,

. C0S(2-@-T )—tg(ay)-sin(e-T,)
cos(2-®-T,)—tg(at,)-sin2-®-T,)’

= (Eq. 12)

X
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] :ﬂ: 008(2-1, +0-T ) -tg(0) sin(2- 05 +0-T)) (Eq. 13)
LA, 00520,42-0:T,)-tg(g)-sin2-0, +2-0-T )’

y

and having solved Equations 12 and 13 for ¢ and
ay, it was obtained the expression for the
definition of the phase shift ¢ along the curve of
instantaneous values of the first order finite
differences 4;, and 4;y:

J,008(2- 0y +2-0-T, ) —cos(2-0y + 0T,

), (Eq. 14)

(¢ =arctg—— ,
J,8in(2-0y+2-0- T )-sin(2-0, +©-T,)
where
o, = (arct J1COS(2-co-Tm)—cos(m-Tm))/Z

J,;sin(2-0-T,)—sin(w-T,)

The phase shift value ¢ obtained by the
algorithm (14) does not depend on the constant
components Cp, and Cyp, and the amplitudes

A1 and A, of x(t) and y(t) signals.

The relative error of the phase shift
definition ¢ in this case is equal to:

Yo = “’%" 100% (Eq. 15)

This algorithm can also be used for
analyzing the effects of interference, even not a
multiple of the frequency w, on the error of the
phase shift definition. For this purpose, it is
necessary to select the corresponding k by
limiting, for example, the signal (4) to the sum of
any number of harmonic aliquant and multiple
frequencies.

3. RESULTS AND DISCUSSION:

To estimate the errors of the presented
algorithm for the phase shift definition of
harmonic signals, harmonic signals in the form
of an infra-low frequency sinusoidal wave with
the frequency of the first harmonic f = 20 Hz and
amplitude A = 10 B were studied, presented by
the function:

X(t,) =10-sin(w-t,); (Eq. 16)

y(t) = 10'Sin(a)-ti+<p)+%'sin(2-w-ti+
@) +2sin(3- @t + ), (EQ. 17)

where: ~t; are the time intervals of the discrete
sample and signal, distributed according to the
uniform law;

w is the circular frequency of the signal,
rad/s;

¢ = 0.5 rad is the phase shift;
g = 10 ...500 is the coefficient.

The total number of discrete samples
with uniform distribution is equal to 2000 for the
signal period. The number of three discrete
samples during the access time to the signal with
access timeless than its period arbitrarily is equal
to 300. Then, the access time to the period of
signals under investigation will be less than the
first harmonic period.

The numerical modeling was performed
in MathCAD software package. Using the built-in
statistical function rnd, it was generated 2000
numbers with a uniform distribution law. Further,
it was arrange the obtained values in the form of
an ordered series in ascending order and
calculate the values of discrete samples from
sinusoidal signals without harmonics and with
two harmonics (even and odd). The uniformly
distributed harmonic amplitude values from 1%
to 20% of the amplitude of the main (first)
harmonic are of interest. The modeling results
are illustrated in Figures 1 and 2.

Figure 1 represents the reconstructed
period of the signals under investigation in the
form of sinusoid x(t) without harmonics and y(t)
with two harmonics with stochastic sampling
over time and with the uniform distribution law.
The harmonics are distributed with the uniform
amplitude equal to 20% of the amplitude of the
main (first) harmonic. It can be observed that the
signal y(t) is significantly distorted.

Figure 2 represents a diagram calculated
compared to the phase shift error of harmonic
signals where the signal y(t) has harmonics with
an amplitude between 1% and 20% of the
amplitude of the main (first) harmonic. The errors
have been calculated for three samples in the
form of statistical expectation of three samples
with 300 samples each, synchronously from both
signals with time sampling in the form of samples
with uniform distribution law.

Table 1 represents the computational
results of the phase shift errors of harmonic
signals with harmonics in time less than one
signal period with stochastic sampling over time.
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At the moment, there are some works
focused on the development and research of
analog-digital algorithms for determining the
parameters of infra-low-frequency radio signals
for a shorter period both for special cases and
for individual signal parameters. However, such
developments are important to reduce the time
of identification and detection of processes and
objects and study high-speed objects and
forecast critical phenomena in hydroacoustics,
acoustics, and thermal (wave) processes.

Of particular interest are studies on
applying stochastic sampling in such algorithms
for the optimization of algorithms' operation
under conditions of organized interference and
noise. The obtained results can be used in
solving the following problems of science and
exclusive equipment:

— In experimental investigations of the
infra-low  frequency  hydroacoustic  and
meteorological properties of the processes
taking place in the seas and oceans (especially
in the coastal areas), using installed underwater
hydroacoustic antennas and presence of fields
of thermal sensors;

— In the development of devices with
accelerated hydroacoustic and thermal detection
and identification of high-speed (slow-moving or
motionless) and low-noise underwater objects;

— In the development of methods and
devices for short-term and long-term forecasting
of catastrophic wave events such as seismic sea
waves, earthquakes  and atmospheric
phenomena (hurricanes and global wind
vortices) since their emergence;

— For the metrological certification of
hydroacoustic antennas and fields of thermal
Sensors;

— For the development of methods and
devices for non-destructive control of the state of
large facilities and structures such as bridges,
large sports facilities, tunnels, pipelines to
accelerate the critical (short-term), and long-
range forecasting of their standard operating
condition.

4. CONCLUSIONS:

The developed algorithm for determining
the phase shift of harmonic signals uses the
minimum number of instantaneous readings of
the measured signals (three). It can be used
when measuring infra-low-frequency radio
signals. Instantaneous values in each sample of

the signals under study are based on stochastic
sampling in time according to a uniform
distribution law with a signal access time of a
shorter period.

The phase shift definition errors by the
developed algorithm are fractions of a percent in
the signal y(t) when the harmonic content is less
than 1%. Further, the phase shift errors
(accuracy) increase almost linearly from -2% to -
27% when the amplitude (total) of the harmonics
increases from 2% to 20% of the amplitude of the
first harmonic. The phase shift errors of the
algorithm under investigation with stochastic
sampling are in an acceptable range of <30 % at
the amplitude of harmonics (up to the third
harmonic) within 20%.

The error in determining the phase shift
of the investigated harmonic signals by the
developed algorithm with stochastic sampling is
hundredths of a percent and depends little on the
signal sampling accuracy by level. The obtained
error values correspond to the sampling
accuracy when converting the analog-to-digital
converters (ADCs) of 12-bit ADCs into the
accepted values.

Thus, in the broad sense, the proposed
research is one of the parties to the further
development of this and other algorithms of
similar signals and analysis of their errors.
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Figure 1. The reconstructed period of the signals under investigation x (t) and y(t) with the
harmonics’ amplitude equal to 20%. Source: the author
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Figure 2. Errors of defining the phase shift of the signals under investigation (X-axis, %) compared
to the harmonics in the signal y(t) (Y-axis, %). Source: the author
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Table 1. Computational results of the phase shift errors

Harmonic percentage The relative error of phase shift detection
(two harmonics), using stochastic sampling on instantaneous
% samples with uniform distribution, %

10 -12
14 -17
18 -24
20 -27
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