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Abstract: In the literature, we can find several blind adaptive deconvolution algorithms based on
closed-form approximated expressions for the conditional expectation (the expectation of the source
input given the equalized or deconvolutional output), involving the maximum entropy density
approximation technique. The main drawback of these algorithms is the heavy computational burden
involved in calculating the expression for the conditional expectation. In addition, none of these
techniques are applicable for signal-to-noise ratios lower than 7 dB. In this paper, I propose a new
closed-form approximated expression for the conditional expectation based on a previously obtained
expression where the equalized output probability density function is calculated via the approximated
input probability density function which itself is approximated with the maximum entropy density
approximation technique. This newly proposed expression has a reduced computational burden
compared with the previously obtained expressions for the conditional expectation based on
the maximum entropy approximation technique. The simulation results indicate that the newly
proposed algorithm with the newly proposed Lagrange multipliers is suitable for signal-to-noise
ratio values down to 0 dB and has an improved equalization performance from the residual
inter-symbol-interference point of view compared to the previously obtained algorithms based
on the conditional expectation obtained via the maximum entropy technique.

Keywords: Bayesian approach; deconvolution; maximum entropy density approximation technique

1. Introduction

In this paper, the blind adaptive deconvolution problem is addressed, which arises in
many applications, such as seismology, underwater acoustic, image restoration and digital
communication [1-35]. In digital communication applications, the problem is often called blind adaptive
equalization. Non-blind adaptive equalizers, unlike blind adaptive equalizers, require training symbols
to generate the error that is fed into the adaptive mechanism which updates the equalizer’s taps.
Therefore, blind adaptive equalizers have some important advantages compared with the non-blind
version: (1) Simplified protocols in point-to-point communications, avoiding the retransmission of
training symbols after abrupt changes of the channel. (2) Higher bandwidth efficiency in broadcast
networks. (3) Reduced interoperability problems derived from the use of different training symbols.
It is well known that inter-symbol interference (ISI) is a limiting factor in many communication
environments, where it causes an irreducible degradation of the bit error rate thus imposing an upper
limit on the data symbol rate [36]. In order to overcome the ISI problem, an equalizer is implemented
in those systems [34—41]. In this work, the T-spaced blind adaptive equalizer is considered for the
single-input-single-output (SISO) case where the sampling rate is equal to the symbol rate (thus referred
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to as T-spaced where T denotes the baud, or symbol, duration). Please note that a fractionally-spaced
equalizer (FSE) where the sampling rate is higher than the symbol rate can be modeled with a
single-input-multiple-output (SIMO) system. In addition, a SIMO system can be modeled with
a parallel combination of T-spaced blind adaptive equalizers. Thus, improving the equalization
performance of a T-spaced blind adaptive equalizer for the SISO case may also lead to equalization
performance improvement for the SIMO case. As already mentioned above, blind adaptive equalizers
do not use any training symbols to generate the error that is fed into the adaptive mechanism which
updates the equalizer’s taps. Instead of those training symbols, an estimate of the desired response is
obtained via the use of a nonlinear transformation to sequences involved in the adaptation process.
Now, very often, blind adaptive equalization algorithms are classified according to the location of their
nonlinearity in the algorithm chain [42]. According to Reference [42], there are three different types: (1)
polyspectral algorithms, (2) Bussgang-type algorithms, (3) probabilistic algorithms. In the first method,
the nonlinearity is located at the output of the channel, right before the equalizer. Thus, the nonlinearity
actually estimates the channel. This estimation is fed into the adaptive mechanism which updates
the equalizer’s taps. In the second type, the nonlinearity is situated at the output of the equalizer.
Here, the nonlinearity can just be the estimation of the source signal via the the use of the conditional
expectation (the expectation of the source input given the equalized or deconvolutional output),
or the nonlinearity can be a predefined cost function that holds some information of the ISI. Thus,
minimizing this predefined cost function with respect to the equalizer’s taps may lower the residual
ISI and help in the symbol recovery process. Since Bussgang-type algorithms often have shorter
convergence times than polyspectral methods, which need larger amounts of data for an equivalent
estimation variance, they are more popular [42]. In the third class of algorithms, directly locating the
nonlinearity is more problematic compared to the first two groups since the nonlinearity is combined
with the data detection process. While these algorithms can extract considerable information from
relatively little data, this is often accomplished at a huge computational cost [42]. In the following,
the Bussgang-type blind equalization algorithms are considered, where the conditional expectation
(the expectation of the source input given the equalized or deconvolutional output) is derived for
estimating the desired response. In the literature, we can find several approximated expressions for the
conditional expectation related to the blind adaptive deconvolutional problem [20,43—49]. However,
References [43—46] are valid only for a uniformly distributed source input and References [20,47,48]
were designed only for the noiseless case. Recently [49], a new blind adaptive equalization method was
proposed based on Reference [47] that is applicable for signal-to-noise ratio (SNR) values down to 7 dB.
However, the computational burden of the method in Reference [49] is relative high. The closed-form
approximated expression proposed in Reference [49] for the conditional expectation with Lagrange
multipliers up to order four (thus applicable for the 16QAM input case) is composed of a polynomial
function of the equalized output of order twenty one. Please note that the proposed expression for the
conditional expectation with Lagrange multipliers up to order four in Reference [47] is a polynomial
function of the equalized output of order thirteen while the proposed expression for the conditional
expectation with Lagrange multipliers up to order four in Reference [20] is a fraction where the
numerator and the denominator are a polynomial function of the equalized output of order thirteen
and twelve, respectively.

In this paper, I propose a new closed-form approximated expression for the conditional
expectation based on Reference [20] with Lagrange multipliers up to order four. This new proposed
expression has a reduced computational burden compared with the previously obtained expressions
for the conditional expectation proposed in Reference [20,47,49]. The new proposed expression for
the conditional expectation is composed of a fraction where the numerator and the denominator are a
polynomial function of the equalized output of order seven and six, respectively. Simulation results
show that the new proposed algorithm, with the new proposed Lagrange multipliers up to order four,
is suitable for SNR values down to 0 dB and has an improved equalization performance from the
residual ISI point of view compared with Reference [49].
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2. System Description

I consider the system from References [20,47,49], illustrated in Figure 1, where I make the following
assumptions as were done in References [20,47,49]:

1. The source signal x[n] is given by
x[n] = x1[n] + jxz[n] ©)

where x1[n] and x;[n] are the real and imaginary parts of x[n], respectively. It is assumed that x1 1]
and x;[n] are independent and that
Elx[n] = 0 @

where E[-| stands for the expectation operation.

2. The unknown channel h[n] is possibly a non-minimum phase linear time-invariant filter in which
the transfer function has no “deep zeros”.
The filter c[n] is a tap-delay line.

4. The channel noise w[n] is an additive Gaussian white noise with variance o2 where UZZUV and 01201_ are

@

the variances of the real and imaginary parts of w[n], respectively.
5. The function T[-] is a memoryless nonlinear function that satisfies the additivity condition:

Tlz1[n] + jza[n]] = T[z1[n]] + jT[z2[n]] ©)

where z; [n], z;[n] are the real and imaginary parts of the equalized output, respectively.

wiln]
A\ Equalize/
XIn] hin] ;\J/ il gy 2] iR
d[n]

c[n+1] Adaptive Control | _
Algorithm B

Figure 1. Block diagram of the system.

As was described in References [20,47,49], the source input x[n] is sent via the channel h[n] and is
corrupted with channel noise w[n]. The ideal equalized output is expressed in Reference [50] as

z[n] = x[n — D]el? 4)
where D is a constant delay and 6 is a constant phase shift. Therefore, in the ideal case, we could write
c[n] % h[n] = 6[n — D]ef? ®)

where “x” denotes the convolution operation and ¢ is the Kronecker delta function. In this paper,
I assume, as was also done in References [20,47,49], that D and 0 are equal to zero (please refer to
Reference [49] for the explanation). The equalized output is given by

z[n] =x[n]+p[n]+a[n] (6)
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where f[n] is the convolutional noise and
W ([n] =w(n|*cln]. (7)

In this paper, the ISI is used to measure the performance of the deconvolution process, defined by

ISI = ®)
‘S | max
where || 4y is the component of 5, given in (9), having the maximal absolute value.
S[n]=c[n]*hn] =4[n]+¢n] )

where ¢[n] stands for some error not having the ideal case. The input sequence x[n] is estimated with
the function T[z[n]] and is denoted as d[n]. The difference between T[z[n]] and the equalized output
z [n] is denoted as ¢ [n]:

e[n] =T|[z[n]] —z[n] (10)

This error plays an important role in updating the equalizer’s taps:
c[n+1] = c[n] + pé [n] y*[n] (11)

where (+)" is the conjugate operation on (+), y is the step size parameter, and c[n] is the equalizer vector,
where the input vector is y[n] = [y[n]...y[n — N + 1]]T. The operator OT denotes the transpose of the
function (), and N is the equalizer’s tap length. Another way to update the equalizer’s taps is to use
the cost function approach [51]:

O] e 12)

cln+1] =clnl —pug ¥

where F[n] is a predefined function that characterizes the ISI. In the literature [20,47,49,50], we may find
the conditional expectation (E[x[n]|z[n]]) as a proper option for T[z[n]]. According to Reference [20],
the conditional expectation for the real valued and noiseless case was obtained via Bayes rules:

T xll el fe ()
E lalnllalnl] = = 03)
where f; . (z|x) was given by
fo (2lx) = 5 exp (—“];p”)) (14)

and the source probability density function (pdf) (fx(x)) was approximated by the maximum entropy
density approximation technique:

felx) = exp (Ziio Agxk [n]) (15)

where fx (x) is the approximated probability density function and Ay (k = 0,1,2, ..., K) are the Lagrange
multipliers. In the following, for simplicity, I write x and z instead of x[n] and z[n], respectively.
By using (13)—(15), the conditional expectation obtained by Reference [20] for the real valued and
noiseless case is



Entropy 2019, 21,72 50f17

(16)

°i
ﬁg/“
S

._.
+
O’JI\)

where

g = (5 fow (25 1)]) s #96)= (f for (5]} @
)= (2 frow (B0}, _s 461 = (i [rom (A},

and
o3 = E[p*[n]]. (18)

Please note that for A; up to order four, §"(z), §/ (z), ) (z), and §§4) (z) are polynomial functions

of order seven, six, thirteen, and twelve, respectively. According to Reference [20], the Lagrange
multipliers were obtained by minimizing the approximated obtained mean square error (MSE) [20]
with respect to the Lagrange multipliers. Namely, the Lagrange multipliers were obtained by

i (E[E-x7]) =0
) 19)

Mo (k= 1)k + 2Ampe_ok? + F 5| s 2Armis 2kL =0 for k=2,4,6,..,K

where
mg =E {xG} , (20)

x is the conditional expectation, E [(3? - x)Z} is the MSE and given by Reference [20] as

E[(#-x)7] =2 (1 — o2 <2E {gg((jj;D) . (21)

For the Lagrange multipliers A up to order four, based on (19), we obtain the following equations
for Ay and Ay:

24 Z}Lsz4 + 2)\47’}148 =0
(22)
1212 4 2A4mg16 + 2A,my8 = 0
3. The New Proposed Expression for the Conditional Expectation

In this section, I present my newly proposed approximated closed-form expression for the
conditional expectation based on Reference [20]. In the following, I adopt the assumptions made in
References [20,47,49]:

1. The convolutional noise f[n] is a zero mean, white Gaussian process with variance

o3 = E[p[n]p*[n]]. (23)

2. The source signal x[n] is an independent non-Gaussian signal with known variance and
higher moments.
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3. The convolutional noise f[n] and the source signal are independent.

4. The convolutional noise power ¢? is sufficiently low.

p

For justification of the above assumptions, please refer to Reference [49]. In the following, I first
consider the real valued case and then turn back to the case where the real and imaginary parts of the
input signal are independent (as is the case for the 16QAM source input). According to (19) and (21),
we may see that the obtained Lagrange multipliers are depending only on the second leading term
associated to the denominator of (16). This may imply that we can use a truncated version of (16) for
the approximated conditional expectation expression where the computational burden is automatically
reduced compared to (16).

Proposition 1. In this paper, I propose for the real valued and noisy case the following expression for the
conditional expectation with Lagrange multipliers up to order four:

24503
Elxi = 2227 @
53 0;
28(2) 7P
where 5 ,
0y = (Tﬁ + 03
L = 2 (82943 + 820y + 22%A3 + 102244 + 3A,) (25)
S = 82002 + 824000y + 22202 + 62204 + Ao
and ) L IO )
Ay = T (G i) (64t 1i1e — 64115 + 8iiy (8ii1y — 241115 )
— 1 = oa2
M =~ g, (8714 — 24713)
with
iy = -1 26
e =2 (1 * SNRz,folhkF) (26)
7 o— 2 3 6 my
my =m + + M
1T ((smggj—gw)z SNRLL g Iy m%)
o 3 15 45 15 my | mg
e = m my Mg
6= ™ <(SNszg|hk2)3 (SNRER e 2)”  SNRYE Iyl 3 m%)
where R is the channel tap length, I is the k-th tap of the channel h[n], and
mo ~
SNR = =% 02 =E [wﬂ . 27)
w

Proof of the proposed Lagrange multipliers given in (26). According to Reference [20] (Appendix B),
the approximated MSE for the noisy case, valid at the latter stages of the deconvolutional process, may

be given as
E [(3?— x)z} ~ o2 (1 —o? (ZE [gg((;‘))D) (28)
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where
X=x+w. (29)

Thus, according to (19), we obtain the following equations for the Lagrange multipliers:

2+ 2Ap104 + 2A417148 = 0
(30)
W12 + 2A411616 4+ 2451148 = 0

where
i = E[%°]. (31)

The solution of (30) for A; and A4 as a function of 1y, 1714, and 7 is given in (26). Next, I find
closed-form approximated expressions for 1y, 714, and 7itg. When the deconvolutional process has
converged and leaves the system with a convolutional noise that can be considered as very low, we may

write, according to Reference [52],
2
2 47
0t = —%—. (32)
R

Since x and w are independent, by using (32) and the expression for SNR (27) we have

mz:E{(Xer)z} =ty + 0% = My + gty = M) (1+%1hk|z> =

2
R e my YR

1
e <1 + SNRZE_&th)

2
7714:E[(x+i5)4}:3a%+6m20%+m4:3< % )+6m2 T g =

T Il panilne
(33)

2 3 6 my
m 7+ T2t >
2 ((sng:ghﬁ) SNRY g [l* — m3

filg = E | (x +@)°| = 1505 + 4504ms +1502my + me =

mg 15 . 45 . 15 . mszL ﬂg
— . R—-1
(SNRER ) (SNRYER e ?) SNRY Zo lhe|”my — m3
This completes our proof. O

Next, I turn to the 16QAM source input. For this case, according to Reference [44], I have that
E [x|z] = E [x1]z1] + JE [x2]z2] . (34)

4. Simulation

In this section, I show via simulation results the efficiency of the truncated expression for the
conditional expectation (24) combined with the Lagrange multipliers given in (26). Namely, I show
via simulation results the equalization performance from the residual ISI point of view of the new
proposed algorithm (with (24) and (26)) compared to the simulation results obtained by the maximum
entropy [49] method and Godard’s [53] algorithm. Godard’s [53] algorithm is used for comparison
since it is a very efficient algorithm from the equalization performance point of view [28]. In addition,
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it's computational burden is very low [28]. For Godard’s algorithm [53], the equalizer’s taps were

updated as follows:
. ElY
a1 =cfn) —po |12~ —t— | y* In—1 35)
E 1]

where i is a positive step size parameter and / stands for the I-th tap of the equalizer. The update

mechanism of the equalizer’s taps associated with the recently obtained maximum entropy
algorithm [49] was as follows:

¢ [Tl + 1] = [Tl] — yANEWWy* [Tl — l] (36)
with
(z1 [n] E [x1]z1]) | |, . (22 [n] E [x2]22])
W= E[x1]|z1] | ————=| +jE[x2|z2] | —F"—2 —zln (37)
[( [x1|21] [ <(Z1)2>n ] JE [x2]22] [ <(Zz)2>n ]) [ }]
and

2
02 " 02
E[x1]z1] ~ (1 + (e) +el22 +eizd) + 2(el +el22 + s}iz‘f)z) <z1 + %gg((zzll)) + ( Fg) 81 (Zl)>

"

2 m
o2 o2
E[vln] = (1+(+ 33 +&23) + } (3 + 23+ 424)?) <zZ - A () &g(;j;))

where

s = 1,2 (38)

"
i;((j:f = 22z, (82873 + 822 AoAy + 22203 + 10224 + 31,)

glgT(:)S) = 4z, (6421204 4+ 1282100513 + 96281202 + 3522813 + 3226A3) 4 + 432280,A2+
47403 4 16824020y + 3482412 4 202273 + 18022A0A4 + 1542 + 30A4)

7~ ok
and
o2 = E[x7]. (39)
According to Reference [49],
o2 = E[zZ], (40)
and given by
<Z§> = (1—Banew) <Z§>n_1 +Banew (25)3 (41)

where () stands for the estimated expectation, <z§>0 > 0, Banew and panEw are positive step size
parameters. &, €5, €3, A2, and A4 were set according to Reference [49] as

€ = —2M0y; & =05 (4AF+124y); & = —16AaMy40;, (42)
~ 1 72 P ~ =2 -
A & TR T Taomg) (4147213 + 2560121716 — 1441my (480103 + 2881m4))

(43)

~_ 1 =2 _
Aq > 2073613+ 128011 714 (4803 + 2881714)
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where
E[x$] = mg. (44)
In order to get an equalization gain of one, the following gain control was used according to
Reference [49]: N
Cr
Cy [1’1} = 7~2 (45)
Y leil
where ¢;[n] is the vector of taps after iteration and ¢;[0] is some reasonable initial guess. The update
mechanism of the equalizer’s taps associated with the new proposed blind equalization method
involving the truncated version for the conditional expectation and the newly derived Lagrange
multipliers was as follows:

& [n+1] = ¢ [n] — upNewWy*[n — 1] (46)

with W given in (37), but with

(47)

!

%((jj)) = 2, (82012 + 824 )y + 22272 + 10224 + 3A,)

"

g\A(Zs) = 82?)\2 —+ 82;1)\2)\4 + 22%)\% + 6Z§A4 + AZ

28(zs)
0’%5 =02 — 02,
M= i 4'?1%1* Sae) (64iiairie — 64T + 8itiy (8ifiy — 241i5))
Ay = —m (8fiiy — 24m3)
with
iz = ma (14 s ) )

~ 9 3 6 1My
My = m + — + =
2 ((SNRz;jolth)z SNR T Il m%)

ﬁ/\lé —_ 7}_1; 15 . 45 , 15 , @2; ﬂg
- _ _ R—-1 77 7
(SNRYR - m?) (SNRER M me )™ SNRIZg el my 1

where

E[xx*] _ 1 (49)
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o2

;. was estimated by

<Z§> = (1—BeNEw) <Z§>n_1 + Benew (255 (50)

where <z§>0 > 0, Bpnew and upnEw are positive step size parameters. The equalizer’s taps in (46)
were updated only if Ni > ¢, where ¢ is a small positive parameter and

o §"(z5)
Ny=1+ A (51)

I also used here a gain control according to (45).

In the following, I denote “MaxEnt angw”, “Godard”, and “MaxEntgnpw” as the algorithms
given in References [49,53], and (46), respectively. For the “MaxEntsnpw” and “MaxEntpnpw”
algorithms, I used

E[z3] = E[x3] (52)

for initialization.
The following channels were considered:

Channel 1: (initial ISI = 0.44): Taken according to References [149]: h, =
{0 for n<0; —04for n=0; 0.84-04""1 for n>0}.

Channel 2: Normalized Channel 1 with Y |/ |> = 1.317.

Channel 3: Normalized Channel 1 with Y7, |h|? = 0.768.

In my simulation, the equalizer’s length was set to 13 taps. For initialization purposes, the
center tap of the equalizer was set to one while all others were set to zero. As a source input, I used
the 16QAM constellation. The equalization performance comparison between the new proposed
equalization method (“MaxEntgnpw” (46)), the maximum entropy [49], and Godard’s [53] algorithm
is given in Figures 2—4. The equalization performance comparison was carried out for a 16QAM
constellation input sent via Channel 1 with SNR values of 10 dB, 7 dB, and 0 dB, respectively.
It should be pointed out that the results in Figures 2 and 3 for “MaxEnt sypw” and “Godard”
were reproduced from Reference [49]. In addition, please note that according to Reference [49],
“MaxEnt oNgw” is not applicable for SNR = 0 dB. According to Figures 2—4, the new proposed
algorithm (“MaxEntgnew” (46)) has a better equalization performance from the residual ISI point
of view compared to “MaxEntsnypw” and “Godard”. Next, I tested the proposed equalization
method (“MaxEntgnew” (46)) with Channel 2 and Channel 3 where ) |hk|2 # 1. Figures 5 and 6
show the equalization performance comparison between the new proposed equalization method
(“MaxEntgngw” (46)) and Godard’s [53] algorithm for the 16QAM constellation input sent via
Channel 2 and Channel 3, respectively, with SNR = 7 dB. According to Figures 5 and 6, the new
proposed algorithm (“MaxEntgnpw” (46)) has a better equalization performance from the residual
ISI point of view compared to “Godard”. As a matter of fact, for the case of ¥; |[li|?> > 1 (Channel 2),
the improvement in the residual ISI compared to the results obtained by “Godard” is approximately
5 dB while the improvement in the residual ISI compared to the results obtained by “Godard” for
Y |1k)? < 1 (Channel 3) is only approximately 2 dB. Thus, we may say that the proposed algorithm
(“MaxEntgnpw” (46)) has a promising equalization performance from the residual ISI point of view
for channels with Y |1x|? > 1.
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—<— Godard
-4 [ MaxEntANEW 7

-6 —&— MaxEnty .\ ||

_12 -

ISI [dB]

14} -\ 4

-16

-18

20} \ 4

=22 :
0 0.5 1 15 2 2.5 3 3.5
Iteration Number x 10°

Figure 2. Performance comparison between equalization algorithms for a 16QAM source input going
through Channel 1. The averaged results were obtained in 50 Monte Carlo trials for a signal-to-noise
ratio (SNR) = 10 dB. g = 7 x 1075, panew = 0.00009, Banew = 1 x 1075, ugnew = 0.00008,
ﬁBNEW =1x 10_4, e = 0.85.

—<+— Godard
-4 [ MaxEntANEW i
— 73— MaxEnt

BNEW

ISI [dB]

0 0.5 1 15 2 25 3 3.5
Iteration Number . 104

Figure 3. Performance comparison between equalization algorithms for a 16QAM source input going
through Channel 1. The averaged results were obtained in 50 Monte Carlo trials for an SNR = 7 dB.
Hg = 2.5x 1075, panew = 0.00008, Banew = 1 x 1072, ugnew = 0.00008, Bpnew = 1 x 1074,
e = 0.85.
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—<— Godard

— g MaxEnt

BNEW | |

ISI [dB]

Iteration Number

12 of 17

Figure 4. Performance comparison between equalization algorithms for a 16QAM source input going
through Channel 1. The averaged results were obtained in 50 Monte Carlo trials for an SNR = 0 dB.

e =4 x107°, ugnew = 0.00002, Bpnew = 6 x 1075, & = 0.05.

ISI [dB]

—<+— Godard
— =7 MaxEnt

BNEW

0 0.5 1 15 2
Iteration Number

Figure 5. Performance comparison between equalization algorithms for a 16QAM source input going
through Channel 2. The averaged results were obtained in 50 Monte Carlo trials for an SNR = 7 dB.

g = 2.5 x 1075, upnew = 0.00008, Bpnew = 1 x 1074, & = 0.85.
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—<— Godard
-4k R E— MaxEntBNEW i

ISI [dB]

-20 i i i i i i
0 0.5 1 1.5 2 25 3 35

Iteration Number X 104

Figure 6. Performance comparison between equalization algorithms for a 16QAM source input going
through Channel 3. The averaged results were obtained in 50 Monte Carlo trials for an SNR = 7 dB.
g = 2.5 x 1075, ugnew = 0.00007, Bpnew = 2 x 1072, & = 0.85.

Up to now, I have assumed that the SNR as well as the channel power are known. Thus, we could
calculate the required Lagrange multipliers via (48). When the SNR and the channel power are
unknown, the iy, s, and 77l cannot be calculated anymore via (48). However, on the basis of (33),
we may calculate the required i, 7114, and 77ig needed for the Lagrange multipliers in (48) from

ﬁ\12 = My + U%r,
iy = 305 + 61205 + iy, (53)

il = 1505 + 4505 1ty + 1507 1My + 1its,

where az%r is the variance of the real part of w[n] and may be simulated as

0'% = Ugl. (54)

Please note that for the ideal case, when the equalizer has converged, the convolutional noise
power tends to zero. Thus, this makes (54) reasonable. In the following, I use (53) and (54) for
calculating the Lagrange multipliers related to the “MaxEntgngw” algorithm. Figures 7 and 8 show
the equalization performance of the new proposed equalization method (“MaxEntpnpw” (46) with (53)
and (54)), namely the ISI as a function of iteration number for the 16QAM constellation input sent via
Channel 1 for SNR values of 10 dB and 7 dB, respectively, compared to the equalization performance
obtained from the maximum entropy [49] and Godard’s [53] algorithm. Please note that here the results
for “MaxEnt snpw” and “Godard” were also reproduced from Reference [49]. According to Figures 7
and 8, the new proposed algorithm (“MaxEntgnew” (46) with (53) and (54)) has better equalization
performance from the residual ISI point of view compared to the maximum entropy [49] and Godard’s
[53] algorithm even when the SNR and channel power are unknown.
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Figure 7. Performance comparison between equalization algorithms for a 16QAM source input going
through Channel 1. The averaged results were obtained in 50 Monte Carlo trials for an SNR = 10 dB.
Hg =7 %1072, panew = 0.00009, Banew = 1 % 1075, upnew = 0.00007, Bapnew = 7 x 1076, & = 0.75.
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Figure 8. Performance comparison between equalization algorithms for a 16QAM source input going
through Channel 1. The averaged results were obtained in 50 Monte Carlo trials for an SNR = 7 dB.
He = 2.5x 1075, panew = 0.00008, Banew = 1 x 1072, ugnpw = 0.00006, Bpnew = 6 x 1070,
e =0.75.
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5. Conclusions

In this paper, I proposed a new closed-form approximated expression for the conditional
expectation (with Lagrange multipliers up to order four) which is actually a truncated version of the
expression obtained in Reference [20]. This new proposed expression has a reduced computational
burden compared with the previously obtained expressions for the conditional expectation proposed
in References [20,47,49]. In addition, I derived new approximated closed-form expressions for the
Lagrange multipliers (A, A4). Simulation results have shown that my newly proposed equalization
algorithm, with my newly proposed expression for the conditional expectation and Lagrange
multipliers up to order four, is applicable for SNR values down to 0 dB and has an improved
equalization performance from the residual ISI point of view compared with References [49,53].
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