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This article presents the results of developing an algorithm for coherent processing of
wideband non-binary orthogonal signal-code structures for voice transmission in a deca-
meter radio channel. The structure of a radiogram, including preamble and data symbols,
is presented, taking into account message length limitations for real-time voice transmis-
sion. An ensemble of orthogonal wideband phase-shift keyed signals is used as signals. The
noise-correcting code used is a non-binary low-density parity-check code whose Galois field
dimension is matched to the number of signals in the ensemble. Decoding is performed
using a belief propagation algorithm, which involves calculating aposteriori probabilities for
each possible transmitted symbol, taking into account observations. The article presents
analytical expressions for calculating these probabilities, taking into account multipath sig-
nal propagation, assuming separation of the paths without their mutual interference, and
also taking into account different a priori uncertainties regarding the complex channel
transmission coefficients for each path. Three types of a priori information are assumed:
fully known complex channel gains, an unknown phase shift of the channel gains, or an
unknown phase shift and level of the channel gains. A fourth, widely used, quadratic ray
summation option is also considered. In coherent processing, complex channel gains are
assumed to be known or measured in some way. This article considers several options for
measuring complex channel gains: using a separate measurement channel using the maxi-
mum likelihood method and using a Kalman filter. In one version, the Kalman filter oper-
ates on data from a separate measurement channel, while in another version, it operates
on preamble symbols and on radiogram data symbols with feedback on decisions regard-
ing the data symbols. Using the Waterson model of the ionospheric channel, this article
substantiates the autoregressive order of the Kalman filter from the perspective of algo-
rithm complexity and achievable noise immunity. Noise immunity curves are presented for
the coherent processing algorithm using the Kalman filter and non-coherent processing
algorithms. The corresponding energy gain is estimated.
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Introduction

In the contemporary world high frequency (HF) communica-
tion is widely used for organizing radio links in remote and hard-
to-reach regions around the world. Apart from that, HF communi-
cation is applied for regions that have seriously suffered from de-
struction caused by natural disasters. The high reliability and cost-
effectiveness make HF communication the optimal solution in
both cases described above. The second area where HF radio links
have found the application is communication in the Arctic and
Antarctic. For instance, the Rosatom State Corporation has an in-
terest in restoring the HF communication network to establish sep-
arate communication channels with the naval fleet of nuclear ma-
rine propulsions and land-based subscribers (see, for example, me-
dia reports [1]). The transmitted information consists of digital
data and voice in real time.

One of the main drawbacks of the conventional HF communi-
cation is the availability of transmitted information, due to the op-
portunity to receive radio signals reflected from the ionosphere
over vast areas of the globe. Consequently, challenges in ensuring
the confidentiality of the transmitted information can be observed.
The most reliable way to provide confidentiality at the physical
level, i.e., without the use of cryptographic protection pf infor-
mation, is to employ complex spread-spectrum modulation tech-
niques to generate noise-like signals, and the use of special algo-
rithms for processing such signals [1-4].

Earlier in 2020, MTUCI staff, including the authors of this ar-
ticle, conducted research in which wideband non-binary signal-
code structures for real-time speech transmission were proposed
[5]. However, the signal processing algorithm used in the work
mentioned above assumes quasi-optimal non-coherent processing
with quadratic summation of multipath components and the use of
average estimation of channel coefficients instead of their true val-
ues [6-8]. Clearly, as shown in [9-13] for Rayleigh fading channels
and in particular for narrowband HF channels [14-16, 28, 29] the
noise immunity of digital radio link can be improved by adopting
an optimal coherent processing algorithm.

The aim of the article is to develop an algorithm for coherent
processing of wideband non-binary signal-code structures for
speech transmission in a HF radio channel. Based on the methods
proposed in [17-19] for joint optimal filtering of many channel
parameters under conditions of a priori uncertainty and the algo-
rithms presented in [20-22] for an ionospheric channel dispersion
characteristic slope optimal filtering, the developed algorithm can
be improved by jointly taking into account the results of optimal
filtering of the channel coefficients and the slope of the dispersion
characteristic.

Observation model for receiving one symbol of a radiogram

In this article we assume that multipath components can be
separated without influencing each other (ideal separation of the
beams). In this case, the output of the correlation receiver for each
processed multipath component can be written as a vector of sta-
tistics

b, =E hS, + i, (1)

s
where j. ; is the signal at the output of the i-th correlator, pro-

cessing the j-th multipath component while the symbol with the

index k (k =1,...,2™) is being received, m is a bit depth of non-
binary symbols, }}j is the channel gain for the j-th multipath com-
ponent, E_is energy of the received symbol, &, is a Kronecker

symbol, 7, ; is the noise part of statics. It is assumed that all trans-
mitted symbols have the same energy level E .
The channel gains ﬁj are independent complex Gaussian var-

iables for different multipath components and, in general, they are
dependent in accordance with the Waterson model within one mul-
tipath component (diversity branch) for adjacent symbols in time
[23].

The values ﬁl_’/_ are complex Gaussian variables with zero

mean and variance of the real and imaginary parts equal to o'u2 .

The variance o-j is

o’ = E.o =% @)

where o-f is the variance of the noise at the output of the correla-

N,

tor, —0 is the level of the two-sided spectral power density of
2
quasi-white noise in the main frequency range.
The instantaneous signal-to-noise ratio (SNR) for one multi-
path component is

SNR, =Vlj‘2 EO . 3)

N,

The SNR for one multipath component, taking into account
averaging over Rayleigh fading realizations, is

E
SNRmean J = 2031 J = (4)
s, . NO
where O'j ; is a parameter of the Rayleigh distribution of ‘ hj‘ for

the j-th multipath component.
The total maximum SNR for optimal coherent reception of all
multipath components [24] is

E & p
SNR, .. = 2K (5)

J
0 j=I

where N, is number of multipath components (number of diver-

sity branches).
The total average SNR is
E\ E,
SNR,,, =(~=)==%"(207,) (6)
N, N, = '

The average SNR per bit taking into account the redundancy
of the error-correcting code (coding rate ») and the symbol bit
depth m:

B _[EN 1 ™)
Ny, \N,/r-m

—
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General expressions for calculating posterior probabilities

First, the simple case of single-path propagation is considered.
Then we extend it to the multipath case. The most complete statis-
tics for making a decision on each symbol for each position of the
received code block of a non-binary code is a set of posterior prob-
abilities. So, in order to process the block, N vectors of 2" poste-
rior probabilities are demanded

P(c,/y). k=1,.,2". ®

. . . T : m
where y = I: V> Vaseees Voo } is a vector of 2" outputs of a corre-
lator processing a signal in a radiogram during the reception inter-
val of one symbol out of N, ¢, is a proposed received symbol.

Decoding a code block of a non-binary LDPC code using the be-
lief propagation algorithm requires computing the mentioned

probabilities.
According to the product rule of probabilities
dP(y’ck)zW(y’ck)dy:P(ck /Y)W(Y)dy’ ©)

where dP(y,c,) = W(y,ck )dy is the probability that the symbol
¢, was transmitted and the observation vector was in volume dy
relative to a point y in 2/ -dimensional space simultaneously
(M =2" complex observable numbers y are 2M = 2" real
numbers and belong to the corresponding space), W(y) is a 2M-

dimensional unconditional probability density of the observation
vector vy, W(y) dy is a probability that the observation vector is

in the volume dy relative to a point y in 2M-dimensional space.

We can rewrite (8) as

W(Yack)d}’_ W(y/ck)P(ck) ,

W(y)dy S W(y/CI)P(CI)

(10)

P(c, /y)=

I=
where P(c,), k=1,...,2" are a priori probabilities of transmit-

ting a symbol C; from M available options, independent of the

actions of the observer and the methods of processing the received
signal, W(y /e, ) is a likelihood function of the hypothesis about

the reception of a symbol ¢, with the observed sample y (condi-
tional probability density of the sample y when transmitting a
symbol ¢, ).

Expression (10) is known as the inverse probability formula
(Bayes' rule). The denominator of (10) uses the law of total prob-
ability.

om

W(y)dyzZW(y/cl)P(cl)dy' an

The values of the observation vector y= [ Vis Vasewes )';zm ]T are

uncorrelated, due to the approximation of orthogonality of the sig-
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nals (they are as coordinate functions in the orthogonal decompo-
sition of a random process [25]), Gaussian complex variables (and
therefore independent).

Therefore

W(y/ck)zﬁW(yu /¢,)

u=1

(12)

where W( yu / ck) is the likelihood function of the hypothesis

about the transmission of a symbol ¢, when observing y, at the

output of the processing device of the u-th variant of the orthogo-
nal signal.

We assume that the transmission of any of the M =2" sym-
bols is a priori equally probable, then the following is true:

1 1

Ple)=Pe)=7 =5, Vk,1 (13)

Taking into account (12) and (13), (10) can be rewritten as

om

om

o
Z HW()'/M ) W (3 /¢)
=1 u=1

u#l

where W( )';u / ck) is the likelihood function of the hypothesis
about the reception of a symbol ¢, when observing j ~at the out-

put of the u-th correlator. It is obvious that for non-coinciding in-
dices u and £ the likelihood function is determined by the noise
probability density

W()';u/ck):Wn()';u) npu u # k (15)

Dividing the numerator by the denominator, and taking into

account that 2" —2 multipliers in each term of the denominator
coincide with the multipliers of the numerator (with indices dif-
ferent from k and /), it can be obtained that

W(j/k/ck)
w,(3)

P(ck/Y)_zz”:[W(J'/,/C,)]

(16)

W,(n)

Making hard decisions for each non-binary symbol using the
maximum a posteriori probability criterion can be written as

=1

A Wiy /c
G = a£=g1f{122}"X|:P(Ck / y)] = aii,??zix {ﬁ} (17)

—

T-Comm Vol.19. #12-2025




ELECTRONICS. RADIO ENGINEERING

This corresponds to the criterion of maximum likelihood ratio,
calculated for each variant of the transmitted symbol.
To simplify the calculations, formula (16) should be rewritten as

1.0 (18)

W(yl /Cl) w,(,)
W,(3) W(y./e)
The denominator of the fraction (18) calculates the sum of the

ratios of the likelihood ratios for each possible pair of symbols,
one of which is the assumed received symbol ¢, .

2

=1

P(c, /y)= 2m[

In multipath propagation conditions, the use of broadband sig-
nals allows the separation and addition of multipath components,
which is a form of diversity reception. The diversity effect is
achieved because individual multipath components propagate
along different trajectories in the Earth's ionophore, reflecting off
different layers of the ionosphere and undergoing birefringence
due to the anisotropy of the environment.

Processing each j-th branch of the diversity (multipath compo-
nent of the signal), the vector Y, is observed, and it is necessary

to calculate the posterior probabilities for each symbol, taking into
account observations from all branches of the diversity:

W B seeey .
P(ck /yl,yz,...,yd)= VI(/)(I;;Y; y; c)k) _
15825 Ya

(19)
_ W (Yu¥araYa /6 ) Ple)
P .
ZW(ylayza'nayd /CI)P(CJ)
=1
Next it can be obtained
W -~
P(Ck /yl,yz,...,yd): " n(Zk) —
> M (20)
=1 VVn(yl)

~ 1.0

a(w@ie) wmGy )
W) W5 /c)

where J_’z is the vector of responses of the /-th correlators for all

=1

branches of the diversity (values )’;U s J>1,z s ""j’z,Nd ), N, is the
number of branches of diversity (the number of multipath compo-
nents), W(J_’z /Cz) is the likelihood function of the hypothesis
about the reception of a symbol ¢, during observations )T;l,
Wn()_;l) is the joint probability density function of the noise re-
sponses of the /-th correlators of all N, diversity branches.

In conditions of multi-channel diversity reception, taking into
account the independence of noise in the channels, the following
is true

- @ O

W(j_/l/cl): Va W(yl,j/cl)’ 21
w.(y) o W)

then

v (5, /)

[1

S W)
__ Al n ok =
P(ck/ynyzs---’ycf)_zz”: ﬁW(y‘,,j/C,) . (22)
=1\ j=1 VV”(y”)
1.0

om Ny

2|11

=1\ =

W(3,/lce) W)
W) Wi, /e

The decision rule (17) under conditions of multipath diversity
reception can be rewritten as
{W(yi /ck)} _

ék=argmax[P(ck/yl,yz,...,yp)]=argmax W = (23)
n\Jk

k=1,..,2" k=1,..2"
= argmax[ﬁ—W(yk’j / Ck)}

A WO,)

Particular expressions for calculating posterior probabilities

Coherent processing with fully known channel parameters
The likelihood function can be written as

W(yk,j /ck)szr;(j}k,j _Es]:lj) =

(Yk,j,m—Exh/,m)z

1 e 1
e :
\2ro, \V2ro,

2 i [ -2E Re(3y i )12
j .

2
(yk,j,im_ shj,im)
el )

24)

e 20, —

Zi

2
20,

1
o

The noise probability density calculated for the observations is

2

Yk, jim 2 ‘j/k,/
W(J‘/‘)z ! e 2% ! ezi"fz—1 e -
2z, V2zo, J2zo,
(25)

Then, the likelihood ratio can be written as

S

) 2B, Re( iy ) E2 i ERe(y k) B[
W(yk,{ le)_ T w06
VVn(yk,j)

Taking into account the responses of the correlators for other
multipath components we can obtain
_ M E Ry fy) A B2
- N . _
(5 a) zl—d[W(yk,,- la)_ X 2
w,(3) =1 Wn(yk,j)

@27)
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The ratio of the likelihood ratios is equal to

Wila) mGy gl le) moL,) ]ze‘fiwylé_”“)"’] (28)

w.(3) W()_’k /Ck) Iz w0, W(j/k)j /Ck)
Taking hard decisions according to (23) and taking into ac-
count the monotonicity of the exponent leads to the rule

N, ]
¢, =arg max[P(ck / y)] =arg max{z Re(yk,jh;)} (29)
" k=1,..2" | =l

k=1,...,2 =l,...,

Decision rule (29) is known as the optimal coherent diversity
reception rule, which ensures the maximum signal-to-noise ratio
(in English literature, the MRC algorithm — maximum ratio com-
bining). To use rule (29), the information about the noise variance
and the channel multiplier values for each multipath component
ﬁj must be available. The channel multiplier }}j determines the

change in signal amplitude by ‘h}‘ and the signal phase shift by

9, = arg(fzj) due to fading.

Incoherent processing with unknown phase shift

In cases when it is not possible to measure the phase shift and
use its measured value in the expressions written above, decision
rules and formulas for calculating posterior probabilities that are
invariant to the value of the phase shift are used. The method for
synthesizing such rules is well known and widely used in statisti-
cal radio engineering [26].

The likelihood ratio (26) is conditional, where the phase shift
P is one of conditions, so we can write

: A ) N U [
W(yk,j/ck’¢h,j)=e o e 202 —e
W)

The phase shift ® is assumed to be a random variable with

Ex‘ft,Hﬁk,,‘cos(arg()')k,,)*(17;,,,») Ef‘h/
o7

2o 60)

some probability density %(¢hj). Then the joint conditional
probability density of the observation y and the value of the

phase shift @ during symbol transmission ¢, can be written in

the form
W(yk,j’¢k,j /Ck): W(yk,j /ck,%,j)W;;((”k,j)'

Therefore, using the consistency rule, we can get rid of the de-
pendence on the phase shift P by integrating over it:

€2))

W(j}k,j /ck)z _[ W(yk’(ph,j /ck)d¢7h,j =

a

= IW(Yk, /cka%,j)Wp((oh,j)d%,j =<W(yk,j /Cka%,j»a

-

(32)

where the symbol < > means averaging. Indeed, the conditional
probability density (24), as a function of the phase shift @ is
averaged over @ in the sense of finding the mathematical ex-
pectation taking into account the probability density W(,, (%’j) .

Likewise, the likelihood ratio can be averaged (30)

—
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W (5, er) _ <W(y',w. /ck,¢,1,j)>=

Wn(yk,j) Wn(yk,j) (33)
_ ”W()’/k,j/ck,goh’j)
Gy e,

The average likelihood ratio can be found according to (33)
taking into account that the initial phase is distributed uniformly.
It means that

1
Wco(@h,j):g’ TSPy <7 (34)

Then, it can be obtained that

W (i, /) P (G /<0 21,)

W, % WGny)

.j‘z ‘ykvj‘cos(arg(y’k.j )7(/7}1._/')

W(p(¢h,j)d¢h,j

2
s

E)‘

5

. (35)

27

2 2 2
—e 20 e o, do, =
2 "I
0

_Ef hj\z

2
20

E,Jh |3,
0 2 .

(o}

u

=e

In (35) the integral representation of the modified Bessel func-
tion of the first kind of zero order was used in the form

1 v

I(x)=—¢e&"*"dg,- (36)
0( ) ) Z
The decision rule can be obtained relying on (23) as
é, = argmax[P(ck 1Y) ¥ares Y, ):l =
k=127
. 37)
B[ ) (
N, L CE Ry,
= argmax He 2, I,| ——= U k’j‘
k=1,..,2" Jj=1 O'u

The ratio of the likelihood ratios can be written as

w (5, /Cl) w,(5) :ﬁ [O[Es hj||y,,j|][1 [Es hf“)ﬁ,j'j] (38)
0_2 0 2

Wn(J_/z) W(;k /Ck) j=l u u

Incoherent processing with unknown phase shift and averag-
ing over signal level

Consider modules of channel coefficients ‘ h‘ as random var-
J

iables with a Rayleigh distribution with a distribution parameter
2.

Oy

i

Whj (|h1|)= LJ| e 29

2
Aj

(39)

Next, the likelihood ratio should be averaged (35) over ‘h,‘
So, we can obtain
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y /c Wy, /chs . )
W(y I (V;J@kk' |)th(|’lf|)d|’lf|=

2
O'A,EA

20,12(D'ijEXZ+O'MZ)

. (40)

1 ‘)"k,/"
e

= 2
20,

Taking into account (40), the expression (21) can be rewritten

_ o oyEl
r(506) ¥ 0e) g s
WG G WGy 20,
Thus
2 2 o E?
W(yl,j /Cl) VVn(ykj) 7(‘))]"]" il )203(02;E}+a,f) , (42)

Wn(J’zj) W(j/k,j /Ck) )

and

W(idle) wG)
W, W(i /<)

Hence, according to (23), the decision rule can be written as

2 12
O_A./'Ex

N 5o
Ty .

(=g [P, /3.,
k=12 (44)

2 2
a'A/-ES

Neoo | 202(o% E2407)

= arg max H —e
k=1,..,2" j=1 20y

If the fading in all beams has the same intensity, then
O—jj = O'j , Vj=1,...,N, and the decision rule is to find the max-

imum of the sum of the squared modules of the correlator re-

sponses
o E
3 Z‘ /‘ Ny
20, a'AEz+a' . 2. (45)
( ) = argmaX|:Z yk,j| :|

¢, =argmax| e
k=1,..,2"

Incoherent processing with quadratic addition
Quadratic addition according to (45) is used when the distribu-

tion law of ‘ hj‘ is a priori unknown. In this case, it is the optimal
decision-making option [24].
Using the observation model, centered and non-centered chi-

square distributions, expressions for the likelihood ratio can be ob-
tained as [6-8]

AERMATH {M]Z ;
Ny-1

A

w,G3) W5 /c)

——

where I, (%) is the modified Bessel function of the first kind
-

and N, —1 order,
I TR (47)
|yk| = ‘ykj‘ ’ |yl| :Zl‘yl’j‘ ’

j=1 J=

Clearly that for V, =1 the expression (46) transfers to (38).

The algorithm for coherent processing of non-binary
wideband signal-code structures with simultaneous
estimation of channel coefficients

Observation model for radiogram reception
The length of the radiogram is N non-binary symbols, of which

Npr symbols are the known symbols of preamble and N, infor-
mation (data) symbols, and
N=N,+N, 48)

data

Preamble symbols are required for radiogram detection and
synchronization. So, they are transmitted before the data symbols.
The parameters of the radiogram and signal-code structures are
presented below [5]. The data transfer rate corresponds to the vo-
coder rate — 700 bit/s. The radiogram length is 160 ms, the symbol
capacity m = 6, the number of preamble symbols Npr= 16, the

number of data symbols N P 44, and the total number of radi-

ogram symbols N = 60. The relative coding rate is 7 =0.5. The
length of the pseudo-random sequences (PRS), the PRS symbol
transfer rate, and the spectrum width of the signal-code structure
are presented in Table 1.

Table 1
Calculated data of wideband signals based on the NB-LDPC
in the 80 kHz band
Ne Symbol transfer Spectral Length of the
rate, kBod width, kHz pseudo-random
sequences

1 50 80 128

2 100 160 256

3 200 320 512

The model of the received signal in the single-path case can be
written as

$(k,n) = S(k,d(n))h(n)E, +i(k,n), n=0,..,N—1,

k=0,..,2" -1 (49)

where y(k,n) is the matrix of complex responses of correlators,
in general case the size of the matrix is M x N, wu(k,n) is the

matrix of complex Gaussian noise samples at the output of the
correlators, the size is M x N, h(n) is a complex channel gain,

d(n) is a transmitted non-binary symbol (from 0 to 2-1) at time 7,
Lk=n
0,k=n

S(k,n) = { (50)

T-Comm Tom 19. #12-2025



— ronecker delta. The noise samples, as before, are centered,
independent in different correlator responses, at different times
and in two channels (real and imaginary components), with the

same dispersion o'j .
Thus, a matrix of numbers j(k,n) is processed at the recep-
tion point. The matrix jy(k,n) contains noise samples, and in

each column of the matrix, one value contains the signal compo-
nent of the response /i(n)E, . The position of the response in the

corresponding column (i.e., the row number) is determined by the
transmitted symbol d(n) at the corresponding time 7 (which co-

incides with the column number).
If there are N, multipath components, the observation model

will include N f matrices of size M x N :

¥, (k,n) = 8(k,d(n))h, (n)E, +1i,(k,n)

n=0,.,.N-1, k=0,..,2" -1, j=1,...N, (51)

The main goal of the article is to synthesize an algorithm for
processing the received sample with simultaneous evaluation of

channel coefficients h(n) , making “hard” decisions regarding the
transmitted symbols d(n) and calculating the posterior probabil-
ities discussed abpve.

The process hj (n) is assumed to vary sufficiently slowly ac-
cording to the Waterson channel model that a Kalman 'ﬁlter can be
applied to refine maximum likelihood estimates of 4 (n) during

preamble processing and subsequent extrapolation at the time of
reception of data symbols.
In the absence of any information about the channel coeffi-

cients ﬁ(n), non-coherent demodulation can be performed by

finding the maximum among the sum of the squares of the corre-
lator responses at a fixed point in time according to (45), i.e.

Nd
d(n)= argmax(Z‘yj(k,n)rj- (52)
k=0 1

=0,..,.2" -1 \_j=

Algorithm (52) is optimal for Rayleigh fading and for an un-
known fading distribution if & ; are the same.
If channel coefficients ﬁj (n) are reliably known, the decision

rule can be formulated in the form of a coherent demodulation al-
gorithm according to (29)

d(n)=arg max{Re(% y'j(k,n)hj*(n)n-

k=0.,...2" -1 =1

(53)

Thus, the values of hj (n) have to be known in order to per-

form coherent demodulation that provides better noise immunity.
Therefore, it is necessary to estimate channel coefficients hj (n)

during the demodulation process.

Algorithm for estimating channel coefficients using the maxi-
mum likelihood criterion

T-Comm Vol.19. #12-2025
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Additionally, the presence of a separate channel for measuring
the coefficients flj (n) for each multipath component is assumed

on order to compare different processing options. At the output of
the channel, we can observe

(n)=h,(n)E, +1,

J.measure

(n), n=0,..,N-1,(54)

y J,measure
where 75 .

J.measure

samples uj,measure

aginary parts is the same as that of the samples u(k,n).

(n) is complex samples of Gaussian noise. Noise

(n) are centered, the variance of the real and im-

The maximum likelihood estimation of the channel coeffi-
cients using the measurement channel (54) is determined as

o y ',measure(n)
hj (}’l) = /T

s

,n=0,..,N-1 (55)

The algorithm for estimating channel coefficients using a Kal-
man filter based on measurement channel data
The simplest dynamic model of change of the coefficients

Ji(n) can be written as

hy(n) = ph,(n=1)+¢&,(n)

where p is a correlation coefficient of channel coefficients

(56)

A at adjacent points in time, & is noise of a dynamic
h ; (n) ) p , & ; (n) y!
system with variance 0'52 ; (Gaussian centered, uncorrelated), and

o, =(1—p2)aj’j, 57)

where o-i ; is a variance of real and imaginary parts of ]x}j (n) for

each n=0,..., N —1. The initial value of the channel coefficient
fzj (0) is calculated as

(0) = i{'é(O) : (58)

O¢,
Using the measurement channel of channel gains (54) and the
dynamic model (56), we can perform optimal filtering of the chan-
nel coefficients }}j (n) for each multipath component inde-

pendently and then perform coherent demodulation according to
(53) utilizing the obtained estimates.

The vector-matrix notations which are conventional to optimal
filtering theory are introduced below

H=E,F=p, (59)
— 1x1 matrices,
h”»j = h,f (n) ’ y”,j = y_/',measure (]’l) ’ (60)

— complex vectors of size 1x1, depending on the moment of
time n=0,..,N-1, j=1..,N,

— 1x1 matrices describing the variance of noise of the dynamic
system and observations, respectively, j=1,...,N,.

—
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Then filtering the channel coefficients flj (n) for each j-th mul-

tipath component is consist of performing the following sequence
of actions.

Predicting the value of the channel coefficient estimation
based on the dynamic model and the estimation obtained in the
previous step

h, =Fh . (62)

Prediction of the covariance (error) matrix of the channel co-
efficient estimation, based on the estimated value of the covari-
ance (error) matrix of the channel coefficient estimation obtained
in the previous step

D- _ LD T
P, ,=FP  F +Q,. (63)
Calculating the Kalman filter gain matrix
A A -1
_p-nl - T
K, =P H (HP H +R) (64)

Prediction of the expected observations at the current step
y,, =Hh, ;. (65)

Refinement of the estimation by adding a weighted residual of
observations to the previously predicted estimation value

h,,=h, +K,, (yn,f Ry )

Updating the covariance (error) matrix of the channel coeffi-
cient estimation

(66)

P.= (I B Kn,jH)P»;j ' (67)
Initial conditions are

A ~ D 0

b, =h,(0)= Y jmeasnre (0) (68)

E

— ML estimation of the channel coefficient ]f'l/, (0) at the initial

moment of time,

2
O-M
b, =2 (69)

— the variance of ML estimation of the channel coefficient
hj (0) at the initial moment of time (real and imaginary compo-

nents).

The algorithm for estimating channel coefficients using a Kal-
man filter based on data symbols

Filtering channel coefficients directly from the radiogram (ra-
diogram includes preambles and data symbols) has its own points
and features since data symbols are unknown in contrast with sym-
bols of the preamble. As preamble symbols are known, using them
allows selecting the correlator response, which contains the signal
component at the current moment, from the observation matrix (49).

Filtering channel coefficients directly from the radiogram can
be described using following sequence of steps.

Predicting the channel coefficient estimation based on the
dynamic model and the estimation obtained in the previous step

h,,=Fh , . (70)

Prediction of the covariance (error) matrix of the channel co-
efficient estimation, based on the estimated value of the covari-
ance (error) matrix of the channel coefficient estimation obtained
in the previous step

P T
P . =FP_ F +Q,. (71)
Calculating the Kalman filter gain matrix
- - -1
_p-nl -7
K, =P H(HP H +R) . (72)

Prediction of the expected observations at the current step

y,,=Hh_ . (73)

If a symbol of preamble is processed, the observation values
from a known row of the observation matrix are selected

Yo, =¥,(d(n),n). (74)

If a data symbol is processed, a decision is made using the pre-
dictive estimation of the channel coefficient according to (70) as

N, R N

d™(n)=argmax| Re| > 7, (k,n)(h; (n)) ’
k=0,..,2" -1 =

h;(n)=h, (75)

Then the appropriate measurement is selected in order to refine

the estimation

Y, =7,(d (n),n). (76)

Refinement of the estimation by adding a weighted residual of
observations to the previously predicted estimation value

h,,=h,  +K,, (yn,f =Y., ) '

Updating the covariance (error) matrix of the channel coeffi-
cient estimation

P =(1 -K, jH)f’nj -

(77)

(78)

The estimations of channel coefficients obtained according to
(66) or (77) are used for coherent demodulation according to (53).

Comparison of noise immunity of signal processing algorithms

Using simulation, four different options for processing the ob-
served sample without taking into account error-correcting coding
have been compared:

— a coherent demodulation algorithm with known channel
gains according to (53);

—anon-coherent demodulation algorithm with unknown chan-
nel gains according to (52);

— a coherent demodulation algorithm (52) taking into account
the channel coefficient estimation according to (55) using the
maximum likelihood method;

—
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— a coherent demodulation algorithm with channel coefficient
estimation h(n) using a Kalman filter based on preamble symbols

and data symbols.

Figure 1 shows the symbol error rate (SER) in a single-path
channel in case of estimating channel coefficients directly from
radiogram symbols — from preamble symbols and from data sym-
bols (taking into account decision-making on them).

10° T : :
Theory noncoherent

e Experiment coherent
Experiment noncoherent
ML estim.

Kalman filter by data

SER

102 ¢ O

10 ‘ : ‘ ‘ $
10 15 20 25 30 35

<E /N > dB
s 0

Fig. 1. SER, the estimation of channel coefficients obtained
from preamble data symbols

The figure shows that the estimation of channel coefficients
based on a radiogram significantly loses noise immunity of infor-
mation reception due to errors in decision-making, which affect
the quality of the estimation (which in turn affects the quality of
decision-making on data symbols).

The Watterson channel coefficients are not ordinary Markov
sequences, so their statistical properties do not correspond to first-
order autoregression. Indeed, the correlation function of a Gauss-
ian Markov process is described by an exponentially decaying
function, whereas the Watterson channel model assumes a Gauss-
ian function as the correlation function.

Thus, the model of the dynamic system used in the filtering
algorithm does not match the channel model, which is a source of
filtering errors [27]. Furthermore, first-order autoregression al-
lows predicting the channel coefficient using only a single previ-
ous channel coefficient estimation. If the previous estimation de-
viates significantly from the true value due to an error in the data
symbol, the quality of the current channel coefficient prediction
based solely on this previous estimation will also be poor.

It can be concluded that the construction of autoregression
model of a higher order is necessary in order to satisfy the Watter-
son channel model.

Formation of the autoregressive observation model
and justification of its parameters

One of the options for making the dynamic model closer to the
properties of a real process is to increase the order of autoregres-
sion to N, > 1, so that

h,(n)= %’:akhj(n—k)+§j(n), (79)

—
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where o, are autoregression coefficients, Nap is the order of au-

toregression.

To increase the convenience of mathematical description, we
should switch to vector-matrix notation. We define the vectors of
the current and previous states in the form of vectors of size

Narxl:

. . . T
h,, =[hj(n),hj(n—1),...,h (n—N,, +1)] , (50)
. . . T
h, ., =[h =Dk (n-2)...h(n-N,) ]| .
Hence, the dynamic model can be written as
hn,j = th_l,j +e, (81)
where
a a, o ay | Oy,
0 0 0 0
0 1 O 0 0 | (82)
F=
0 1 0 0
0 0 0 .. 1 0
is the matrix which size is N, xN,.,
. T
e, =[£1).0,0,..0] . (83)

is the vector which size is N, x 1.
The coefficients ¢, can be found through the solution of the

Yule-Walker equation:

Ro=p, (84)
where
T
p:[plapzapp"-’me:I ’ (85)

is the vector of correlation coefficients p, between real (or imag-

inary) parts of h/ (n) and h/ (n—k),

T
a=[a. ety | (86)
is the vector of the required coefficients,

1 P P Pn,2 P,

P 1 P Pn,3 Pn,2
) , (87

R= P P < Pn,4 Py,

Ps3 P P Pn,s Pn,-4

Pn,-1 Py, Pn,3 = P 1

is equation matrix.
The solution of the equation (84) can be obtained as
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o= R‘lp . (88)

Next, we will find the coefficients for the fourth-order auto-
regression for the Watterson channel. For simplicity, we assume
that the magneto-ionic components are separated ideally, and the
frequency shift can be neglected. So, the expression for the corre-
lation function can be simplified to

2

C(At) =& 277l (89)
and the spectral power density of the random process that models
fading [23], respectively, to

2
1%

5.0)= e (90)

Thus, taking into account (89), it can be obtained that

2

p, = C(KT )= o 2P TT) 1)

Calculations can show that the autoregression that directly ex-
ploits coefficients calculated according to (87) — (91) is unstable,
i.e., to an unstable IIR filter whose coefficients are the autoregres-
sion coefficients. This can be explained by the fact that the filter
that provides an exact match between the square of its amplitude-
frequency response (AFR) and (90) is not physically feasible. The
AFR of such a filter is described by a Gaussian function, and, con-
sequently, the impulse response is be described by a Gaussian
function that is not bounded on the abscissa.

Before forming the autoregressive model and calculating its
coefficients, a model for calculating the channel coefficients in the
form of a moving average should be developed. The coefficients
in the model are a finite number of samples of the filter impulse
response, providing a power spectral density of the generated ran-
dom process close to (90).

Therefore, we can obtain that

L—k
anbmk
Py ="

-
L
2
2.0,
=0

where L is a number of mentioned coefficients (odd number), b,- ,

(92)

j=0,...,L — filter impulse response coefficients determined by

the formula

15 o
b =— /S v e]V(n (L Wz)TXdV'
! 271'-[0 o

The coefficients bj can also be obtained using frequency sam-

93)

pling algorithm by sampling the filter's frequency response
) /SC (v) in the frequency domain and calculating the inverse fast

Fourier transform.

Thus, using (92), instead of (91), allows obtaining stable auto-
regressive models.

The autoregressive model allows calculating the variance of
the dynamic system noise for the required variance of the observed
channel coefficients at the autoregressive output (which deter-

—

mines the signal level and signal-to-noise ratio). Indeed, the auto-
regressive model can be represented as a recursive filter at the in-
put of which is the noise of the dynamic system (see Fig. 2).

hy(n)
I

&, (n)

— > H(2)

Fig. 2. Autoregressive model as a recursive filter

The transfer function of the filter and its complex frequency
response are determined by the autoregressive coefficients, re-
spectively, as

1 , 94
1-> oz
k=1
H(ejé))= = 1 5 (95)

where @ is normalized frequency. Assuming the noise of the dy-
namic system to be white in the main frequency range and Gauss-
ian, the variance of the noise can be written as (its real and imag-
inary parts)

O—g% = h F (96)
5/ 2 s
where Nf 0.7 is two-sided spectral power density of the noise of

2
the dynamic system F = 1/ T, is the sampling rate, with which

samples of channel coefficients are generated (equal to the bit
rate).

The dispersion of the formed channel coefficients (real and im-
aginary parts) is determined by the expression

=0t 55 e a0

where @ =27F,.
Then the variance of the noise of the dynamic system for a

given variance of the channel coefficients can be calculated using
the formula

27 (98)

ol =0%, =
M_jﬂ\f'l(ef@)f dé>

It should be noted that autoregression of order g >1 has two

advantages:
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— predicting the next value of the filtered parameter }'lj’ (n)is
carried out using q> 1 previous estimations hj (n -1, h,- (n -2)

— the estimation of hj (n) taking into account the refinement

according to (66) (or (77)) is carried out sequentially according to
g>1 the measurements vi(k,n),  y,(k,n+1)s

J';j (k,n+ g —1), where k is the number of the index of the deci-

sion made (or the preamble number).

The main disadvantage of this approach is the significant in-
crease in computational complexity, due to the dimensions of the
vectors and matrices included in the main expressions of the Kal-
man filter algorithm. However, it should be noted, that the com-
putational complexity does not increase as much as might be ex-
pected. For example, in (64) and (72), the increase in the auto-
regressive order does not lead to the increase in the dimension of
the inverted matrix. In the examples considered, (64) and (72) al-
ways invert a scalar, regardless of the autoregressive order. Matri-
ces F, H and Q have many zero elements (see example below),

which simplifies the required matrix calculations.
Next, we consider an example of a fourth-order autoregression

h(n)=oah(n=1)+a,h (n—2)+a;h,(n—3)+
+ah (n—4)+ & (n).

99)

The matrices required for the Kalman filter to operate are
determined by the expressions:

o a, a, a,
po| 1 00 0 [ H=[E,,0,0,0] (100)
1o 1 0 o0
0 0 1 0
oéj 00
0 0 0 ,R=0 (101)
Q=
0 00
0 0 0

Matrices (100)-(101) contain many zero values, which elimi-
nates some arithmetic operations and reduces the computational
complexity of the algorithm. The estimation of the computational
complexity of the channel coefficient estimation algorithm will be
provided next, taking all information the above into account.

Prediction of the estimation of the channel coefficient is con-
ducted according to the formula

B0 | [ i)

al aZ a3 a4 : A (102)
h;(n—2) _ h;(n—1)

0 0 O
0 0
0 1 0

hn-3)| |k@n-2)

-4 | (n-3)
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This requires only 2 N, multiplications and 2( N, —1) ad-

ditions to calculate the coefficient h]‘ (n), taking into account the

complexity of the coefficients and the real nature of the factors ¢, ,
k=1,...,N,, . We do not count multiplications by units.

The prediction of the covariance (error) matrix is determined
by the formula

a a, o o
P =FP_ F +Q = b0 00
T 710 1 0 0
0 0 I 0
a 1.0 0) (o2, 00
><IA)n_ljozzol 0|0 00
a 0 0 1 0 00
a, 0 0 0 00

This requires Nazr multiplications and Nar( N, —1) addi-
tions for multiplying FlA)H 5 and, then, N jr multiplications and

N ( N, - 1) additions for multiplying by F”, and just one ad-

ar

dition when summing with Qj. Finally, 2 Nazr multiplications,

2 Nar ( Nar —1) +1 additions are demanded. It should be men-

tioned, that the complexity of the product of matrices does not
grow cubically with their size, as it is in the general, but quadrati-
cally.

We will consider the computational complexity of calculating
the matrix of Kalman filter gain coefficients

N P -1

K, =P H (HP H +R)
in parts.

The product of 13n’jHT requires only Nap multiplications due

to the form of H (see (100)). The product of H f’n’jHT is equal
to Ef ﬁzl’j (1,1),so only one multiplication is needed since square

of signal energy ES2 can be calculated in advance. Thus, the ex-

pression in brackets before the inversion is a scalar, and its calcu-
lation requires only one multiplication and one addition. So, the
computationally expensive matrix inversion is eliminated. Instead
of it, a single scalar inversion is performed.

Prediction of the expected observations at the current step is
calculated as

}A’;,j = Hh;,j

It demands 2 multiplications (taking into account that vectors
are complex).
Refining the estimation using the formula

ﬁn,j = ﬁ;j + Kn,j (yn,j - )A’;j)

requires 2N multiplications and 2N+ 2 additions.

—
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Also, the computational complexity of covariance (error) ma-
trix of the channel coefficient estimation

A

P.i= (I - Kn,jH) P
should be considered. The product of K, jH requires Nap multi-
plications. Calculation of the (I —Kn jH) demands Nar addi-

tions. The result of (I - Kn jH) leads to the matrix

B0
B 1
By 0
By 0
where 3, , k=1,..,N,
The product of (103) and matrix lA)n’] requires Nazr multiplications

and N ( N, - 1) additions.

Finally, the total number of computational operations (multi-
plications Rpm g and additions Rsum ) with real numbers are

(I—K H): (103)

S = O O
- o O O

. has values different from one or zero.

R ,=3N2+5N,_+3, (104)

prod

R, =3N. +2N, +2. (105)

Thus, the computational complexity of the algorithm of the
channel coefficient estimation is proportional to 3N jr and grows

quadratically with the autoregressive order, rather than cubically,
as might be expected with matrix multiplication. The time-con-
suming matrix inversion operation is eliminated; instead, it is re-
placed by scalar inversion.

Figure 3 shows graphs of the number of arithmetic operations
plotted using formulas (104) and (105). Figure 4 shows the in-
crease in computational complexity versus the increase in the au-
toregressive order by one unit. For example, a value of ~1.6 for
N, =4 means that increasing the autoregressive order from 3 to

4 lead to the increase in computational complexity by a factor of
~1.6, i.e., by approximately 60%.

2 400
.2
= [
<
5 ® Addition °
%300 r e Multiplication L]
9 ¢
5 [ ]
[ ]
g 200} °
= [ ]
- .
o
E 100 : H
g ]
Zz o-—@ : '
0 2 4 6 8 10
N

Fig. 3. Number of arithmetic operations
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Fig. 4. The increase in computational complexity

Figures 5-7 shows graphs of the symbol error rate before the
decoder when processing a radiogram which is used in the modem
prototype [5]. It can be seen that estimating the channel coeffi-
cients using a Kalman filter based on data with third-order auto-
regression does not provide better noise immunity than estimating
the channel coefficients using the maximum likelihood method
based on the measurement channel.

Using higher-order autoregressions (4th and higher) provides
better noise immunity than the ML estimator at low signal-to-
noise ratios. However, 5th- and 6th-order autoregressions demon-
strate nearly identical noise immunity.

As the SNR level increases, noise immunity decreases and be-
comes worse than for ML estimations. This stems from the factor
that the gain from filtering decreases dramatically since the error
in the resulting estimations caused by errors in decision making
regarding data symbols.

10 T T T
== =Coeff. are known
== =ML estim.
N =1
ar
—_—N_ =2
ar
—_—N =3 E
ar
—N_=4
ar
——N_=5
ar
—N_ =6
ar

10 15 20 25 30 35
< ES/NO >, dB

Fig. 5. Symbol error rate, Waterson channel coefficients are estimated
by filters with different order of autoregression

The difference in SNR for identical noise immunity between
3rd- and 4th-order autoregressions at low SNRs is approximately
0.2 dB and 0.1 dB at high SNRs. The similar difference between
4th- and 6th-order autoregressions. It is less than 0.1 dB and ap-
proximately 0.25 dB.

The proportion of correctly received radiograms after decod-
ing the code words of the NB-LDPC code versus the autoregres-
sion length Nap is shown in Figure 8, and the estimation of the bit

error rate is shown in Figure 8. The difference in SNR with the
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same noise immunity (the proportion of correctly received blocks
is about 0.95, BER between 0.001 and 0.01) between the auto-
regressions of the 3rd and 4th orders is from 0.3 dB to 0.5 dB.
Between the autoregressions of the 4th, 5th and 6th orders, the
difference is insignificant.

036 == =Coeff. are known | ]
034 F - -MLfstim 1
032F ) ]
. N =2
ar
03k —N,_ =3 1
o~ 0.28 \ Nar =4 ]
7 —N, =5
0.26 ——N_=6 R
ar

0.24
0.22
-~ _
02k L L L | L | L ]
10.5 10.6 10.7 10.8 10.9 11 11.1 11.2 11.3 11.4 11.5

<E/N >, dB
s 0

Fig. 6. Symbol error rate for low SNR, Waterson channel coefficients
are estimated by filters with different order of autoregression

107
3F T T T ]
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oL I =ML estim.
Eé - N, =1
n —N_=2
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—N_ =3
ar
151 _Nar:4
—_—N_ =5
ar
—N_ =6
ar
L 1 1 1 1 L 1 1
32.4 32.6 32.8 33 332 33.4 33.6 33.8
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Fig. 7. Symbol error rate for high SNR, Waterson channel coefficients
are estimated by filters with different order of autoregression
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Fig. 8. The proportion of correctly received radiograms, different types
of autoregression, the Doppler spread is 2.0 Hz
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700 bit/s, 2 rays, 2 Hz
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Fig. 9. Bit error rate, different types of autoregression,
the Doppler spread is 2.0 Hz

The obtained results indicate that increasing the autoregressive
coefficient above the fourth order does not provide a significant
increase in noise immunity, but increases computational complex-
ity by 47%.

Therefore, for further research and application, we will use the
Kalman filter with a fourth-order autoregression model.

Estimation of the noise immunity of algorithms for coherent
processing of non-binary wideband signal-code structures

Figures 10-12 show the noise immunity curves for processing
a radiogram implemented in the modem prototype [5] for two dif-
ferent Doppler spread (0.5 and 2.0 Hz) in a dual-beam ionospheric
channel.

The indicators of the quality of noise immunity are the propor-
tion of correctly received radiograms (code blocks), the bit error
rate, and the symbol error rate.
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Fig. 10. The proportion of correctly received blocks,
Doppler spread is 0.5 Hz (a) and 2.0 Hz (b)
. S
700 bit/s, 2 rays,0.5 Hz N
= » =Coeff. are known 1L N R
- » -Kalman filter by data 10 §e§ o
ML estim. by measure channel -
. - » -Kalman filter by measure channel \k\‘ X .
107'% 3 —o—Phase averaging (module is known) |} \\{ Sx
§§2 x) —o—Phase and module averaging Eé Q; >
¥ 3{—©—Sum of squares (module is known) n ® s
] ;:‘ R 5 ‘\‘\\ x N * .
1072 ¢ x,
W X
Xy %
\§ ® * N,
'Y X
W
LR LN
Ao A
*
30
107 ‘ : : ‘ e
10 12 14 16 18 20 22
<E/N_ >, dB
s 0
b)

Fig. 12. Symbol error rate, Doppler spread is 0.5 Hz (a) and 2.0 Hz (b)

Radiogram processing has been performed using non-coherent
algorithms, generating posterior probabilities taking into account
(38), (43), (46), and the coherent algorithm. For the coherent al-
gorithm, various values of channel coefficients were used: known
1 values, values obtained via the measurement channel, values ob-
tained via the measurement channel and processed by the Kalman
filter, and values obtained by processing radiogram samples by the
Kalman filter (based on the preamble and data).

A comparison of the noise immunity curves shows that the co-
herent processing algorithm with Kalman filtering on the data pro-
vides an energy gain of about 2.4 dB compared to the quadratic
addition algorithm, which is implemented in the modem prototype
[5], at a level of the proportion of correctly received blocks of 0.98
and a Doppler spread is 0.5 Hz. A similar benefit is observed if we
analyze the graphs of the bit and symbol error rates (if the same
SNR is taken as the starting point for the coherent algorithm as for
the proportion of correctly received blocks). For faster fading
(Doppler spread is 2.0 Hz), the energy gain is 1.7 dB according to
the graphs demonstrating the proportion of correctly received
blocks and 1.5 dB according to the graphs of the error rates.

_—
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Conclusion

The article considers algorithms for processing wideband non-
binary signal-code structures under conditions of partial or com-
plete a priori uncertainty regarding the channel coefficients for
each multipath component of the received signal.

Expressions are obtained for calculating the posterior proba-
bilities for each variant of a non-binary symbol, taking into ac-
count multipath signal propagation under the following condi-
tions:

— precise knowledge of the channel coefficients for each mul-
tipath component;

—averaging over the initial phase of the multipath components,
assuming their uniform distribution;

— averaging over the phase and absolute value of the channel
coefficients, assuming a Rayleigh distribution of absolute values;

— averaging only over the absolute value of the channel coef-
ficients, given a known initial phase;

— quadratic addition of the multipath components with known
absolute values of the channel coefficients (the variant imple-
mented in the modem prototype [5]).

The algorithm has been developed for coherent processing of
radiograms transmitted by wideband non-binary signal-code
structures. This algorithm uses estimations of channel coefficients
for each multipath component provided by the Kalman filter that
works on radiogram preambles and transmitted data symbols (with
corresponding decision-making).

To conduct comparative noise immunity assessments and val-
idate key aspects of the algorithm, coherent reception options are
also considered, in which channel coefficients are estimated using
the maximum likelihood method on a separate available measure-
ment channel and additional processing of these estimations by the
Kalman filter. In real applications, a separate measurement chan-
nel is not available.

The example of radiograms from a modem model has shown
that the first-order autoregression is insufficient for receiving ra-
diograms with noise immunity comparable to the levels achieva-
ble using maximum likelihood estimations of channel coefficients.

To improve the noise immunity, a higher-order autoregressive
model has been constructed based on the Waterson ionospheric
channel model by solving the Yule-Walker equation. Evaluation
of the noise immunity and algorithm complexity for optimal fil-
tering with increasing autoregressive order under dual-beam ion-
ospheric channel conditions have shown that a fourth-order auto-
regressive model is sufficient. Increasing the autoregressive order
beyond fourth does not significantly improve noise immunity, but
increases computational complexity by 47%.

The noise immunity estimations for the developed algorithm
have been obtained in the form of curves representing the propor-
tion of correctly received radiograms and the symbol and bit error
rates versus the average signal-to-noise ratio in a two-beam iono-
spheric channel. A comparison of the noise immunity shows that
the coherent processing algorithm with Kalman filtering utilizing
data provides the energy gain of about 2.4 dB compared to the
quadratic addition algorithm, which is implemented in the modem
prototype at a level of the proportion of correctly received blocks
equal to 0.98 and a Doppler spread is 0.5 Hz. The similar level of
the benefit is observed in the analysis of the graphs of the bit and
symbol error rates (if the same SNR as for the proportion of cor-
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rectly received blocks is chosen as the starting point for the coher-
ent algorithm). For faster fading (Doppler spread is 2.0 Hz), the
energy gain is 1.7 dB according to the graphs of the proportion of
correctly received blocks and 1.5 dB according to the graphs of
the error rates.

Thus, the developed algorithm provides an energy gain of up
to 2.4 dB compared to known, implemented analogs.
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AHHOTauums

B HacToAlel cTaTbe NpuBOAATCA pe3ynbTaTbl pa3paboTku anroputMa KOrepeHTHON obpaboTky LUMPOKOMONIOCHBIX HEABOWYHBIX OPTOrOHasbHbIX
CUrHarNbHO-KOAOBbIX KOHCTPYKLMIA ANA Nepesaymn peyun B lekaMeTpoBOM paznokaHane. [pueoanTca cTpykTypa paavorpammbl, BKIoHaoLLas B cebs
CMMBOSIbI MpeaMbBysibl U CUMBOSIbI [AHHBIX C YYETOM OFPaHUYEHU Ha [UTMHY COODLLeHMA Npu nepejade peyun B peanbHOM MacluTabe Bpemenun. B
Ka4yeCTBE CWUrHAsOB, WCMOJb3YeTCA aHCaMbNb OPTOroHasibHbIX LUMPOKOMOMOCHBIX (a3oMaHUNYNMPOBaHHbIX curHanos. lKcnonb3syeMelit
NMOMEXOYCTOMUMBBIA KOA - HEABOUYHbIN KOA C HU3KOWM MIOTHOCTBIO MPOBEPOK Ha YETHOCTb, pa3MepHOCTb Mosns [anya KOTOpOro coriacoBaHa C
4YUCJSIOM CUTHAJIOB B YMOMAHYTOM aHcaMmbre. ,D,eKo,quosane NpoBOAUTCA AJITOPUTMOM pacCrpoCTpaHeHuA [OoBepwus, KOTOPpr'I npeanonaraert
Bbl4MC/IEHNE anOCTEPUOPHbIX BePOﬂTHOCTeVI No KaXAOMY BapUaHTY BO3MO>KHOIo nepejaHHoOro cMMBona c y4eTom Ha6ﬂ|0p,eHMf”l. B cratbe npueeaeHbl
aHa/IMTUYECKUE BbIPaXKeHUA ANA BbIYUCIIEHUA YKa3aHHbIX BePOﬂTHOCTeVI C Y4eTOM MHOrosy4eBoro pacnpocTtpaHeHua CuUrHasa, npu ycnoBuu
pasfeneHuAa nyqeﬁ 6e3 ux B3anMHOro B/INAHUA, 4 TaKXe C Y4eToM pasnwmoﬁ aﬂpMOPHOVI HeonpeaeneHHOCTU OTHOCUTEJIbHO KOMMNEKCHbIX
KO3 ULMEHTOB Mepefaun KaHana Ana Kaxzoro ny4a. [lpeanonaraetca Tpu BapuaHTa anpuvopHOW WHGOPMALWK: MONHOCTLIO W3BECTHblE
KOMM/IeKCHble KO3 PULIMEHTbI Nepesadn KaHana, HeM3BECTHbIN $a3oBbIi CABUM KO3S(PPULIMEHTOB Nepesjayn KaHana UM HeU3BeCTHbIN Ga3oBbIi cABUT
N YpOBEHb KOS¢¢VILWI€HTOB nepegayn KaHana. .D.OI'IOHHVITeJ'IbHO paccMaTpuBaeTca HeTBeprIVI, LLIMPOKO UCMOJNb3yeMbIX BapWUAHT KBaApaTU4HOro
crnoxeHus nyyei. [pu korepeHTHOM 06paboTke KOMMEKCHble KO3 DULMEHTbI Nepefadn KaHana NpeAnosaratoTca U3BECTHbIMU UM U3MEPEHHbIMU
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KakuM-nnbo obpasoM. B cratbe paccMaTpuBaeTCA HECKONbKO BAapUAHTOB M3MEPEHMA KOMMIEKCHbIX KO3(h@ULMEHTOR NepejayyM KaHana: no
OTZeNbHOMY KaHaJly U3MEpPeHU METOLOM MaKCMMaSIbHOTO MpaBAonofobua u ¢ ucnonb3oeaHveM ¢unbtpa KanMaHa, KOTOpbIVi B OJHOM BapuaHTe
paboTaeT Mo AaHHbIM OTAENBHOrO KaHana M3MepeHus, B ApYroM BapuaHTe - MO CMMBONaM npeambynbl U MO CMMBOJIAM AaHHbIX PaAUMOrpaMMbl C
O6paTHOM CBA3BIO MO PEeLUEHUAM OTHOCMTENIbHO CUMBOJMIOB AaHHbiX. C ucrnonb3oBaHMeM Moaenn BoTepcoHa uMoHocdepHoro kaHana B cratbe
o60ocHOBbIBaeTCA NOPAAOK aBTOperpeccun ¢unbtpa KasiMana ¢ Nosvummu CloXkKHOCTM airopuTMa U JOCTWXKUMOI NoMexoycToitumBocTu. [NpueoaaTca
KPVBblE TMOMEXOYCTOMYMBOCTU aNrOPUTMOM KOTEpPEHTHOM OOpaboTkM C wcnonb3oeaHueM ¢unbTpa KanMaHa M anropuTMOB  HEKOrepeHTHOW
06paboTkn. OLeHNBaeTCA COOTBETCTBYIOLLIEH SHEPreTUHECKUH BbIMIPbILLL.

Kniouesbie cnoea: Oekamemposbiii OuanasoH, HeOB0OUYHbIE OPMO20HASIbHbIE CURHAJILHO-KOO08bIE KOHCMPYKUUUL, WUPOKONOIOCHbIU cugHan, umsmp Kanmawa,

anocmepuopHbie 8eposmHocmu
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