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Abstract

Digital communication experience intersymbol interference (ISI), which is a
major problem in high speed data transfer. Equalization is performed by minimizing a
cost function to reduce ISI. Channel equalization is of two type adaptive and blind
equalization. In adaptive method training sequence is send in advance to equalize the
channel, which is a drawback. Blind equalization problem estimates the transmitted
data and channel impulse response from the structure and statistics of the data
transferred. Blind equalization can correct phase distortion but have poor
convergence. Bussgang methods are one of the suggested algorithms for the solution
of blind equalization problems. In my work comparison of bussgang algorithms are
done and computer simulation shows that multimodulus algorithm implemented with
received antenna array give best results.

Comparison of multimodulus algorithms for blind channel equalizations of
complex communication channels derived by solving the constrained optimization
with relaxation has been considered. The Received equalized outputs, symbol error
rate (SER), mean square error (MSE) and normalized root mean square intersymbol
interference (NRMS-ISI) optimizations are analyzed. It is shown with computer
simulation that superior performance is obtained by using receive antenna array for
multimodulus algorithm over others.

Comparison of Modified CMA presented by Oh and Chin [10], New
Multimodulus Blind Equalization Algorithm with Relaxation derived by Shafat Abrar
and Ismail Shah [11] and Shafat’s algorithm is implemented with received antenna
array and the proposed algorithm yields stable convergence with c‘onsistent lowering

in ISI floor without affecting the convergence speed.
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Chapter 1

Introduction to Bussgang Algorithms

1.1. Adaptive Equalization

Digital communication required high speed data transmission over band
limited channels. These channels suffer from intersymbol interference (ISI) and to
cancel the effect of ISI adaptive algorithms are used. The main advantage includes
faster convergence where as, initial transmitted data for equalization is a drawback. Fig
1.1 shows channel equalization model where a i is the transmitted symbol and & y are
the estimated symbols. The factors that limit transmission of digital data are intersymbol
interference (ISI) and noise.

Digital communications requires that the transmission system should use the
channel bandwidth efficiently. System is designed to adjust highest possible data
transmission and its reliability is calculated using symbol error probability and error
rate. The factors that limit transmission of digital data are intersymbol interference
(ISI) and noise. Transmitted filter, channel, receive filter and causes ISI whereas noise
is generated by the receiver. Dispersion in the transmitted filter causes ISI and it is

minimized while designing high data rate transmission system.

Channel Channel
Input output RECEIVER Receiver output
Sk > Channel > Equalizer Decis}on > &,
Device

Fig 1.1 Channel Equalization model



Pulse amplitude modulation (PAM) system equivalent block diagram is shown
in Fig 1.2. Binary symbols consisting of symbols 0 or | are the signals transmitted.
The signal reaches the receiver while passing from the pulse generator,
transmitter and medium. The output denoted as received filter in the block
diagram can be represented as u (k), the sampling is performed in synchronism with
the pulse generator in the transmitter. A threshold is used to decide the output, if the

output is greater that the threshold set the decision is for the symbol 1 otherwise 0

was sent.

Let a, be a scaling factor defined by,

q, =

_|+1if the input consist of symbol 1
—1 if the input consist of symbol 0

Then in the absence of noise, we may express
u(k)=Y a, + p(k - n)

1.1
=a,,*p(0)+2a,,+p(k-n) (n 0 (-

The impulse response of transmitter filter, the transmission medium, and the
receiver filter is denoted by p(n). Eq. 1.1 right hand side denoted the desired symbol and

the remaining is the ISI cause by the channel. If the ISI is not catered while designing the

system, the received signal will have errors and correct results cannot be achieved.

Ipput - - - — Output
binary Pulse 5 Transmit Medium Received 1 Decision Binary
Data Generator ~1 Filter g Filter Device Data

Noise

Fig 1.2 Base Band Model binary PAM



ISI can be reduced if the function p(n) can be properly controlled. If the

channel characteristics are known it is always possible to design a pair of
transmitter and receiver that will minimize the effects of ISI. Using a fix pair of
transmitters and receivers on the basis of average channel characteristics not necessary
always reduce ISI. Adaptive Equalizers are used to control the effect of time invariant
channels.

Equalization of data transmission system has different techniques and pre
equalization at the transmitter and pre equalization at the receiver are one of them. The
pre equalization at the transmitter needs feed back paths, so the adaptive filters are used at
the receiver end to cancel the effect of ISI. The tap weights are adjusted in such a way the
IST is minimized and if these adjustable coefficients are made infinite the effect of ISI can
be made very small. An adaptive algorithm needs the knowledge of desired signal or in
theory the transmitted signal and is used to shape the error signal. The error signal is used
for adaptive process to function.

The use of training sequence is one method to generate the desire response.
A copy of the desired signal is stored in the receiver and synchronization is carried
between this and the known transmitted sequence. The adaptive filtering algorithm
with the help of the training sequence adjusts the equalizer coefficients and search
for the unique minimum of error-performance surface. Second method is decision
directed method in which a copy of the transmitted sequence is being produced at the
output of the decision device in the receiver. If this output is the correct transmitted
sequence, it may be used as the desired response for the purpose of Adaptive

Equalization.



1.2. Blind Equalization

In blind equalization training sequence is not used. Non linear cost function
is achieved at the output of the equalizer using the signal’s structure and statistics of
the data transmitted. The advantage of using blind equalizers is that there is no waste
of initial transmitted data, longer time to converge is the drawback. Linear time
invariant system is shown in Figl.3, the input is x(n) and the symbols are
independently and identically distributed and the probability distribution is known.
The problem is to find x( n), and the channel given the output u(n).

Wireless communication systems need blind equalization because it is
impractical to use the training sequence of long duration for two reasons. First one is
that the cost to train the equalizer at the receiving end is high and second is the
multipath fading is unavoidable. Blind equalization is used in a multipoint data
network where data throughput needs to be increased and monitoring the network is
to be made easy cause of the heavily loaded multipoint network. Another practical use
of these algorithms is in reflection seismology, linear-predictive deconvolution is used
to remove the source waveform from a seismogram.

There are two approaches to blind deconvolution, linear and nonlinear. Linear
filters over samples the received signal changing received signal into multichannel
signal. To find the input or desired response second-order statistics of the input signal

are considered. Non linear filters are related to higher order statistics of the received

Input data - — - Output data
sequence Linear time-invariant sequence .

> system >
x (n) h (k). u (n)

Fig. 1.3. Blind Deconvolution model



signal by the use of Bussgang algorithms. Blind equalizers are discussed by Godard
[1] and Sato [2). Bussgang methods are one of the suggested algorithms for the

solution of blind equalization problems.

1.2.1 Sato Algorithm

Sato derived algorithm for multilevel pulse amplitude modulation (PAM), and
Godard extended Sato’s work for quadrature amplitude modulation (QAM)

signals. Sato’s proposed algorithm is given as follows [2], where E[.] represents

exception, z(k)is transmitted data, z(k)is estimated signal and f(n)is output of

transversal filter.

J(k)=E[(;(k)-f(k))2] (1.2)
The estimate z (k) and constant y is defined as,
z (k) =y sgn (flk)) (1.3)

_ E[z(k)?]
7= Flabs(z(0)] (149

1.2.2. Constant Modulus Algorithm (CMA)

Godard derived an algorithm for blind equalization of QAM signals [2]. The

cost function, update equation and the constant R,is defined as follows, where z(k) is

the equalizer output, input data symbols are {ayx} and u is the set size parameter.

J= E[(abs(z(k)) - R, Y ] (15)

Clk+1) = CQK) - wyk) (k) [ (@bs(2() Y - R, ] 1.6)
 E[a*]

R = Elabs(ath) 7] (7



Chapter 2

Comparison of Bussgang Algorithms

2.1. Introduction

To overcome the problem of fading in wireless communication adaptive
equalizers are used. The non effectiveness of using training sequence is well
known [1], as a result blind equalization algorithms are employed. The algorithms
introduced by Godard [1] and then the generalization of Sato’s work [3] for
complex data symbols have been applied and referred for QAM systems. Improved
algorithms have also discussed in the literature [4-8]. White [9] also gave his
approach for constant modulus algorithm (CMA). A model for blind equalization

is given in Fig 2.1.

AWGN
v(k)
Data J 2(k)
k Channel Equali
s( )‘ ne x(k)" qualizer

v

h (k) c(k)

Z BEA

Fig. 2.1 Medel - Blind Channel Equalization




2.2. Modified Constant Modulus Algorithm (MCMA)

The modified CMA cost function was proposed by Oh and Chin [10]. Its

comparison with others is shown with the help of computer simulations in next

chapter. The cost function is given as

J(n) =7 gy (0) +J 4, (0) @.1)

where J. (n)and Jlmg(n)are real and imaginary parts of the cost function
respectively. Equalizer output z (n) = z,_,(n) + Zyy g (1) ATC given as

Jrea(®) = E[(| Zgea()|” - Rp,Real)2 1 (2.2)
Jing (M) = EI(} 2, MV - R, 10.)" ]

(2.3)
Rp,Rea

;ond R, are real and imaginary constants respectively and input data

sequence is s(k) is i.i.d. random variable.

_ Enskea/ (n) lzp]

PR Ellspea (M) I7] 9
E 2p
g =£TS£€S%F]! @.5)
Update equation is defined as
Cn+1) =C(n) - ,u.%J(n)
=Cn) -pu.e(n).X *(n) (2.6)
p is the step size parameter and the error signal e (n) = e, (n) + ¢, (n) is
€rea (M) = Zaoa(M) | Zoea M (| Zgeu(M1” - R zear) @7
€ng (M) = Zyp (M) | 2oy M (| 2y M - R, 1) 2.8



2.3. New Multimodulus Blind Equalization Algorithm with

Relaxation

Shafat Abrar and Ismail Shah suggested blind equalization technique for
quadrature amplitude modulation (QAM) signals and the channel is assumed time-

invariant [11], the next chapter contains computer simulations for comparison of their

work with modified CMA [10].

-1

Channel: W, = > h s + v

Equalizer outputs: z, = ¢, w, = z,(k) + j z,(k)

The channel input is sy and additive noise is vx Using the method of Lagrange

multipliers, cost function is

J=min | oy o 13 +A (gl R + 4 (la,l -R) @9
For p = 2 the above cost function becomes same as employed in [12] and [13]. Where
¢, and g, is given as

Con =€ +u(plz]-2z) W; I w, ”.22,

a, = c:ﬂ w,=pelz]+ @ -plzl
a x comprises of the a priori output z ¢ and the blind estimate ¢ [z,] .The approach is

to develop an algorithm by forcing posteriori output a x and priori output z x to come

closer to the blind estimate ¢ [z, ].
J=min {|| o= cll ; A (18 gyl 2 ul'-Re™) + A2yl [z ,,[*-R(™)}  (2.10)

where ' >1, g>1 . For derivation, we use '=2and q=2p-2.



We differentiate Eq. 2.10 with respect to c,,,and set that to zero.

aJj /o CI:+1 = Cry - St A | 2, |2p‘2 Apk W; + A ]z, |2p_2 A w;c =0
Solving this gives the following update equation
z,. (1- |z, |°/ R? z,, (1-1z [P/ R .
Ck+| =Ck +# Rk ( ' Rk ‘p Rl;)1 +j 1.k ( I l,kpl Ifl.)l wk > (21 1)
l-p (1- | ZR,k| I RF) l-p (1] Zl,k| I REY [ |l w, Il

If 4 0 1, then we can assume
s(l-]z, P/ R)= 0

where L =R or ], to yield a much simpler expression given by

. W,
Cent = G + :ul:ZR,k (- zge P I RE+jzg (L= ] 2,17/ Rlp] i wk 2
k2

|| w, | do not help in convergence [14], based on this result it is removed.
The four quadrant symmetry of QAM constellation allows us to write R} = Rf,
leading to

Cn= G + M Zau(RE= | 2y )+ j 2, (- [ 2, P/ RE | w,  (212)

Eq. 2.12 is a new MMA that becomes the same as Eq. 2.6 for p = 2 where

o _ Ells 7]
TEl s 7]
»_ Ells P
" Els ]



2.4. Fractionally Spaced Bussgang Equalizers

The extension of New Multimodulus Blind Equalization Algorithm with
Relaxation [11] is implemented by received antenna array or over sampling. The
fractional space method has perfect equalizations and applied by received antenna
array also it is used to directly estimate the equalizer W.

A model for received antenna array system is shown in Fig. 2.2, the proposed
system uses four received antennas to perform simulations. A comparison between the
above Modified Constant Modulus Techniques and the algorithm New Multimodulus
Blind Equalization Algorithm with Relaxation using the Fractional Space Method for
CMA is discussed in the next chapter in detail, with the help of simulations is shown

that better performance of fractional space equalizers is achieved.

Rx
Antennas
. Demodulation
l - {hy} l

Multiplexing Equalization

Tx -,
Antennas*._
\\\ ‘r
{ hP } N Demodulation

Fig. 2.2 Mode! of a received antenna array system

In the vector model shown in Fig. 2.3. s, is the transmitted signal hi  is the

{hix } Xk
s} | 2 - RCOBR
. o
{hy) M
T X0

{Vpx}

Fig. 2.3 Vector Model of a received antenna array system
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channel impulse response where i =1, 2, ..., p for our case p = 4. v, is the additive
white guassian noise where i =1, 2, ..., p. Xix is the received signal at each antenna
here i =1, 2, ..., p and f is the update vector and §, is estimated signal. The matrix
model shows the intermediate output after the signal is passed through the received

antenna system where h;; is channel response where i =1, 2, ...,pand j=1,2, ..., L.

2.4.1. Proposed Matrix Model
The basic matix model is given as follows,

X, hy ... h Sin Vin
At I | L (2.13)
X pn hpl o hpl sn—-L vpn
Expanded form of matrix model N+L input signals can be written as follows

_Xln ] _hn ves hu, ] —S" -\ -vln ]

X n hpl hP/ : Von
: (2.14)
= +

Xl,n—N hl 1 e hlL : vl,n—N

_Xp,n—N ] L hpl hpl R _Sn—N—L a _vp,n—N ]

X(n)[P (N+Djx1 = Ii[P (N +1) 1x N+L+1 i(n)[mul]xl + X(")[P (N+1) 1x 1 (2.15)

Fractional space is similar to Bussgang Algorithms. In Fractional space it has

Global convergence

mnJ =E[({f7X(n)|?-R)?"]

where update Equation is given by

S = S - w2[1f7Xm) | -R 1 XX T )/, (2.16)

4
The constant R, is definedas R, = Z [Eb[ i(n() )])Z ] and fis the equalized output.
abs( s(n

11



Chapter 3

Simulation and Results

3.1. Channels

Computer simulations have been used to compare the performance of the three
Bussgang algorithms described in section 2.2, 2.3 and 2.4. In all simulations, complex
taps transversal equalizers are used and are initialized so that the center tap was set to
one. The channels used in the simulation are shown in Fig 3.1 and Fig 3.2 and

assumed to be time invariant. Fig. 3.1.a shows the real part of channel I.

Real part; Channel |

0B e:- s o cerres RITIMPTRIe T AIRRRTIREE :
04-, ................
02k e s s o ........ S s
4 :
= d) :
E— : : : . : : : .
g P2F-ee e B Feosnen b e ........ B
Odfe- ........ ................. ........ ........ ......... ........ PR,
-] S e ................ b, b ........
1 1.5 2 25 3 35 4 4.5 5 5.5 B

T: Symbol Period

Fig. 3.1.a Real part of channel-I impulse response
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e

Fig. 3.1.b shows the imaginary part of the complex channel I. The x-axis

contains time period and y-axis shows the amplitude.

Imaginary part, Channel |
03F - B R LIALE I TE AR TR RERERRRE freeee RERTTRE TRRRPRE SRR :

@
1) SUTIOTPS ................ SRR B ......... -
) SR ........ ......... e ........ ........ ........ B
¢ ; S

Amplitude
o
L

04 - i i i H R i i ;
1 15 2 25 3 35 4 45 5 55 ]
T. Symbol Period

Fig. 3.1.b Imaginary part of channel-I impulse response
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The channel shown in fig 3.2 is taken form [10]. The signal to noise ratio

(SNR) was taken as 25dB at the input of the equalizer. Transmitted symbols are 4-

QAM.
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Fig. 3.2.b Imaginary part of channel-II impulse response
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3.2. Received Equalized Outputs

Shown in Fig. 3.3.a, 3.3.b and 3.3.c are the output signals obtained after an
equalizer with the modified CMA (M-CMA) previously proposed [10], plus New
Multimodulus Blind Equalization Algorithm with Relaxation (NMBEAR) [11}, and
the proposed Fractional Space Method for CMA, respectively. The SNR is kept as
25dB the output in Fig. 3.3.c suggests the received signal implemented by received
antenna array are more packed together and have better error performance e(n) for
p =5 in Eq. 2.6, 2.12 and 2.16 using the channel impulse response shown in Fig. 3.1.
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Fig 3.3.a. Received signal and error plot for Eq. 2.6 using Channel-1
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Fig 3.3.b. Received signal and error plot for Eq. 2.12 using Channel-I
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Fig 3.3.c. Received signal and error plot for Eq. 2.16 using received antenna array
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Using channel impulse response shown in Fig. 3.2, comparison is done
between Fig. 3.3.c for Fractional Space Method, Fig. 3.4.a for M-CMA and 3.4.b for
NMBEAR, proposed algorithm shown in Fig. 3.3.c. gives better results. SNR is kept
as 25dB and error performance ¢(n) is calculated for p =5 for Eq. 2.6, 2.12 and 2.16.
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Fig 3.4.a. Received signal and error plot for Eq. 2.6 using Channel-II
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Fig 3.4.b. Received signal and error plot for Eq. 2.12 using Channel-I1
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3.3. Symbol Error Rate Plots

The signal-to-noise ratio (SNR) at the input of the equalizer is defined as

E[| a(k)* h(k)[* ]

g

n

SNR =10log,,

where o is the variance of the additive white noise, and ' * ' denotes convolution

operation. The SER obtained over 100 of Monte Carlo trials by varying SNR from
5dB to 40 dB are shown in Fig. 3.5.a and 3.5.b for channel impulse response shown in
Fig 3.1 and 3.2 respectively. The purposed algorithm given in Eq. 2.16 labeled in the

figures as Multi Channel has better SER.
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Fig. 3.5.a SER verses SNR graph comparison using Channel-I

18




Using for channel impulse response shown in Fig. 3.2 and by varying SNR
from 5dB to 40 dB, the SER obtained over 100 of Monte Carlo trials. Fig 3.5.b. shows
that the proposed signal converges quickly and has better performance. The SER goes

to zero for the proposed system at SNR =11.
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Fig. 3.5.b SER verses SNR graph comparison using Channel-11

19

5 8 10 12 14 18 18 20 22

24 %




The Epoc graphs 3.6.a and 3.6.b obtained over 200 independent trials, keeping
the SNR constant 25 dB shows that the best results are obtained for among the

compared are for over sampling given in Eq, 2.16.
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Fig 3.6.b SER calculated over 200 independent trails for Channel-II
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3.4. Mean Square Error Plots

MSE is measures as follows

MSE(n) = %Z[y(n) - a(n))

where a(n) is the desired output of the eqilalizer at time index n. Similarly, y(n) is the
equalizer output at time index n. The MSE obtained over 100 of Monte Carlo trials by
varying SNR from 5dB to 40 dB are shown in Fig. 3.7.a and 3.7.b for channel impulse

response shown in Fig 3.1 and 3.2 respectively
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Fig. 3.7.a MSE verses SNR graph comparison using Channel-I
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Using for channel impulse response shown in Fig. 3.2 and by varying SNR
from 5dB to 40 dB, the MSE obtained over 100 of Monte Carlo trials. Fig 3.7.b.
shows that the proposed signal converges quickly and has better performance. The

MSE stabilizes to a constant value quickly for the proposed system.
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The results obtained are shown in Fig. 3.8.a and 3.8.b for ensemble averaged
over 200 independent runs with an SNR of 25 dB. A 4-QAM data set has been used

with a typical communication channel obtained from Fig 3.1 and Fig 3.2.

Number of Cycles / MSE Plot, Comparison

0.023 ! T ! ! ! ! I M T
: : : : : : | —e—MCMA
: : ; : : : &~ NMBEAR
0.022F - ........ ........ ........ T ..... —B5— Muilti Channel |
N T T T
0021 R eeedeennnns B P SSELLEL STPREER e porenes
v 0 P - ! ST SN P PR ) 3' ................
= z : : : :
0.019 ... ........ , ........ P ERRPRNEE TR REPRRE -
0.018 E- e ........ ........ ........ ........ ........ ....... 4
. 5 :
L3 e ry e
D 20 40 60 80 100 120 1400 160 180 200
No of Cycles
Fig 3.8.a MSE calculated over 200 independent trails for Channel-I
Number of Cycles / MSE Plot;, Comparison
U‘.023 E T ¥ ! T f 5 5 Ld - L4
: : : : : D | —e—MCMA
—B— NMBEAR
0.022 | ~——&— Multi Channel |+
0.021
L :
a 0 :
2 0.02 ;
0.019 s
0.018 :
M M "/
0.017 i i i i 3 i i i i
0 20 40 60 90 100 120 140 180 180 200
No of Cycles

Fig 3.8.b MSE calculated over 200 independent trails for Channel -1

23



3.5. Normalized Root Mean Square ISI Plots

Next, we compare the convergence behavior and normalized root mean square
IS1 of the algorithms discussed above. As the measure of performance, we use the

NRMS IS1 at the output of the equalizer, which is defined by

NRMS — IST = |S||‘j Z" —adf

N,, =No of Mote Carlo trials

N = Total no of symbols

s = Actual symbol

s = Estimated symbol

o = Rotational constant
|| . || = Indicates inner product

Fig. 3.9.a and 3.9.b shows the ensemble-averaged NRMS ISI, obtained from
100 Monte Carlo runs for 4-QAM constellation and SNR = 25 dB were chosen. From
the results, we can see that the Modified CMA and N-MBEAR has slower
convergence rate. Since the N-MBEAR implemented received antenna array removes
IS1, it is possible to estimate the error more accurately. Thus, the new algorithm
results in performance enhancement in convergence speed and NRMS IS1 than those

of the M-CMA and N-MBEAR.
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To corroborate the above discussion, we simulated a 4-QAM constellation in a
channel shown in Fig. 3.1 and 3.2 respectively with additive white Gaussian noise
SNR 25dB. The Normalized Root Mean Square ISI is measured by averaging 200
independent realizations of noise and data source. In Fig. 3.10.a and 3.10.b, the ISI
traces obtained from Eq. 2.6 are depicted for p=1, 2, 3, 4 and 5. However, for p > 5,
the Modified Constant Modulus Algorithm (M-CMA) algorithm given in Eq.2.6

yielded no stable convergence for any value of step-size.
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Fig 3.10.a. For values of Multimodulus (P), NRMS-ISI is calculated using M-CMA and Channel-I
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Similarly when the channel II shown in Fig. 3.2 is used for p > 5, the Modified
Constant Modulus Algorithm (M-CMA) algorithm described in Eq. 2.6 yielded no
stable convergence for any value of step-size. Fig 3.10.b shows M-CMA implemented

forP=1,2,...,5
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Fig 3.10.b. For values of Multimodulus (P), NRMS-IS! is calculated using M-CMA and Channel-I1
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In Fig. 3.10.c, the ISI traces obtained from (2.12) are depicted for p=1, 2, 3, 4,
5, 6 and 7. However, for p > 7, the algorithm given in Eq. 2.12 yielded no stable
convergence for any value of step-size using channel shown in Fig. 3.1 and 3.2
respectively. On the other hand, as depicted in Fig. 3.11, the proposed algorithm
derived in Eq. 2.16 is yielding stable convergence for p = 1 to 9 with consistent

lowering in ISI floor (without affecting the convergence speed).
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Fig 3.10.c. For values of Multimodulus (P), NRMS-ISI is calculated using NMBEAR and Channel-1
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Chapter 4

Conclusion

4.1. Simulation results

Blind equalizer compared to training based equalizer, is able to cope
with amplitude and delay distortion of a communication channel using channel
output sample and statistical properties of the data symbol. The three blind
channel equalization algorithm Modified Constant Modulus algorithm, New
Multimodulus blind equalization algorithm with relaxation (NMBEAR) and using
Fractional Space Method for New Multimodulus blind equalization algorithm
with relaxation have been implemented for 4-QAM signal constellation.
The signals received by antenna array are more packed together and have
better error performance. The curves of SER, MSE and ISI verses SNR
and by averaging 200 independent realizations of noise and data source have
shown that the Fractional Space method yields better performance than other
algorithms.

In Fig. 3.10, the ISI traces obtained from MCMA and NMBERA are depicted
for p=1 to 5 and p=1 to 7 respectively. However, for p > 5, the algorithms yielded no
stable convergence for any value of step-size. On the other hand, as depicted
in Fig. 3.11, the Received antenna Array NMBEAR algorithm is
yielding stable convergence for p =1 to 9 with consistent lowering in ISI floor

(without affecting the convergence speed).
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4.2. Future Work

Channel equalization techniques are getting sophisticated with time
and the current work to minimize the disadvantages to blind equalization
needs further research. Algorithms are designed to overcome ISI and also have
faster convergence, better steady state error and phase recovery.

In the previous chapters, the algorithm was designed for four multiple
received channels. It is proposed that future work can be done by
taking more multiple channels into account to yield stable convergence for
P > 9 with consistent lowering the ISI floor and without affecting the
convergence speed. The comparison can be extended to use the subspace
method for blind equalization and rake receivers for CDMA to accomplish
better analysis of interference cancellation. The resulting cost functions
compared for the above algorithms can correct the phase error and
removes IS], to estimate the error accurately the automatic phase recovery can

be compared.
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Appendix
MATLAB Code

A.1. Simulation of the Received signal and error

performance e(n)
T=8000; % total number of data
dB=25; % SNR in dB value
%error performance and plotting of received signal
%%%%%%%%% Simulate the Received noisy Signal %%%%%%%%%%%
N=20; % smoothing length N+1
%Lh=5; % channel length = Lh+1 for Channel-I
Lh=6; % channel length = Lh+1
P=round((N+Lh)/2); % equalization delay
% channel-II shown in figure 3.2 (complex)
j=sart(-1);
h=[-0.005-j*0.004 .009+.03*j -.024-.104%j .854+.520*] ...

-.218+.273*j .049-.074*j -.016+.20%j];
%Channel- I shown in figure 3.1
%h=[0.0545+j*0.05 .2832-.1197%j -.7676+.2788*) -.0641-.0576*] ...

%.0566-.2275*j .4063-.0739%j];
h=h/norm(h); % normalize
s=round(rand(1,T))*2-1; % QPSK or 4 QAM symbol sequence
s=s+sqrt(-1)*(round(rand(1,T))*2-1);
% generate received noisy signal
x=filter(h,1,s);
vn=randn(1,T)+sqrt(-1)*randn(1,T); % AWGN noise (complex)
vn=vn/norm(vn)*10°(-dB/20)*norm(x); % adjust noise power with SNR dB value
SNR=20*log10(norm(x)/norm(vn)) % Check SNR of the received samples
x=x+tvn; % received signal
%%%%%%%% %% %%% adagtive equalizer estimation via CMA
Lp=T-N; %% remove several first samples to avoid 0 or negative subscript

=zeros(N+1,Lp); % sample vectors (each column is a sample vector)
for i=1:Lp
X(C,)=x(i+N:-1:i).};

end
e=zeros(1,Lp); % used to save instant error
f=zeros(N+1,1); f(P)=1; % initial condition

%forP =1
mu=0.001; % parameter to adjust convergence and steady error
R2=1.9; % constant modulas of QPSK symbols
for i=1:Lp
%forP=1
e(i)=abs(f*X(:,i))-R2; % instant error
f=f-mu*2*e(i)*X(;,)*X(.,iy*f; % update equalizer
f(P)=1;
i_e=[i/10000 abs(e(i))] ; % output information
end

sb=*X; % estimate symbols (perform equalization)
% calculate SER
H=zeros(N+1,N+Lh+1);
for i=1:N+1,
H(,i:i+Lh)=h;
end % channel matrix

th=f*H; % composite channel+equalizer response should be delta-like
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temp=find(abs(fhy}==max(abs(fh))); % find the max of the composite response
sb1=sb/(fh(temp)); % scale the output
sbl=sign(real(sb1))+sqrt(-1)*sign(imag(sb1)); % perform symbol detection
start=6 ; % carefully find the corresponding begining point
sb2=sb1-s(start+1:start+length(sb1)); % find error symbals
SER=length(find(sb2~=0))/length(sb2) % calculate SER
figure
if1
subplot(221),
plot(s,'0"); % show the pattern of transmitted symbols
grid,title('Transmitted symbols'); xlabel('Real"),ylabel('Image’)
axis([-22-22])
subplot(222),
plot(x,'0"); % show the pattern of received samples
grid, title('Received samples’); xlabel('Real’), ylabel('Image’)
subplot(223),
plot(sb,'0"); % show the pattern of the equalized symbols
grid, title('Equalized symbols’), xfabel('Real’), ylabel('Image’)
axis([-22 -22])
subplot(224),
plot(abs(e)); % show the convergence
grid, title('Convergence'), xlabel('n"), ylabel("Error e(n)’)
end ,
Z=zeros(6,7980);
Z(1,:) = abs(e);
% %% % %% %% %% %% %% %% %% % %% % %% %% % % %% % % % % % % % %% %% % %% % %% % %
e=zeros(1,Lp); % used to save instant error
f=zeros(N+1,1); f(P)=1; % initial condition

%forP =2
mu=0.001; % parameter to adjust convergence and steady error
R2=2.2; % constant modulas of QPSK symbols
fori=1:Lp
%forP =2
e(i)=abs(f*X(:,i))*2-R2; % instant error
f=f-mu*2*e(i)*X(:,i)*X(.,i)*f; % update equalizer
f(P)=1;
i_e=[i/10000 abs(e(i))] ; % output information
end

sb=f'*X; % estimate symbols (perform equalization)
% calculate SER
H=zeros(N+1,N+Lh+1);
for i=1:N+1,
H(i,i:i+Lh)=h;
end % channel matrix

fh={"*H ; % composite channel+equalizer response should be delta-like
temp=find(abs(fhy=max(abs(fh))); % find the max of the composite response
sbl=sb/(fh(temp)); % scale the output
sb1=sign(real(sb1))+sqrt(-1)*sign(imag(sb1)); % perform symbol detection
start=6 ; % carefully find the corresponding begining point
sb2=sb1-s(start+1:start+length(sb1)); % find error symbols
SER=length(find(sb2~=0))/length(sb2) % calculate SER

figure

if 1
subplot(221),
plot(s,'0"); % show the pattern of transmitted symbols
grid,title('Transmitted symbols'); xlabel('Real"),ylabel('Image)
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axis([-22 -2 2))
subplot(222),
plot(x,'0"); % show the pattern of received samples
grid, title('Received samples'); xlabel('Real’), ylabel('Image’)
subplot(223),
plot(sb,'0"); % show the pattern of the equalized symbols
grid, title('Equalized symbols'), xlabel('Real'), ylabel('Image’)
subplot(224),
plot(abs(e)); % show the convergence
grid, title('Convergence'), xlabel('n'), ylabel("Error e(n)')
end
Z(2,:) = abs(e);
%% % %% % %% % %% %% %% % % % %% % % %% %% % % %% % %% % % % % % %% %% % %% %% %%
e=zeros(1,Lp); % used to save instant error
f=zeros(N+1,1); f{P)=1; % initial condition

%forP =3
mu=0.0001; % parameter to adjust convergence and steady error
R2=24, % constant modulas of QPSK symbols
for i=1:Lp
%forP=3
e(i)=abs(f*X(;,i))"3-R2; % instant error
f=f-mu*2*e(i)* X(:,)*X(:,i)*f; % update equalizer
f(P)=1;
i_e=[i/10000 abs(e(i))] ; % output information
end

sb=*X; % estimate symbols (perform equalization)
% calculate SER
H=zeros(N+1,N+Lh+1);
for i=1:N+1,
H(,i:i+Lh)=h;
end % channel matrix

fh=*H; % composite channel+equalizer response should be delta-like
temp=find(abs(fh)}=max(abs(fh))); % find the max of the composite response
sb1=sb/(fh(temp)); % scale the output
sbl=sign(real(sb1))+sqrt(-1)*sign(imag(sb1)); % perform symbol detection
start=6 ; % carefully find the corresponding begining point
sb2=sb1-s(start+1:start+Hength(sbl)); % find error symbols
SER=length(find(sb2~=0))/length(sb2) % calculate SER

figure
if 1
subplot(221),
plot(s,'0"); % show the pattern of transmitted symbols
grid title('Transmitted symbols'); xlabel('Real’),ylabel('Image')
axis([-2 2 -22])
subplot(222),
plot(x,'0'); % show the pattern of received samples
grid, title('Received samples'); xlabel('Real’), ylabel('Image')
subplot(223),
plot(sb,'0"); % show the pattern of the equalized symbols
grid, title(Equalized symbols"), xlabel('Real"), ylabel('Image")
subplot(224),
plot(abs(e)); - % show the convergence
grid, title('Convergence'), xlabel('n’), ylabel("Error e(n)’)
end
Z(3,:) = abs(e);
%%%%% %% %% % %% %% %% %% %% %% %% %% % % %% % % %% % % % % % %% % %% %% % % %
e=zeros(1,Lp); % used to save instant error
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f=zeros(N+1,1); f(P)=1; % initial condition

%forP =4
mu=0.00004; % parameter to adjust convergence and steady error
R2=2.93; % constant modulas of QPSK symbols
for i=1:Lp
%forP =4
e(i)=abs(f*X(:,i))"4-R2; % instant error
f=f-mu*2*e(i)*X(;,))*X(:,i)*f; % update equalizer
f(P)=1;
i_e=[1/10000 abs(e(i))] ; % output information
end

sb=f*X; % estimate symbols (perform equalization)
% calculate SER
=zeros(N+1,N+Lh+1);
for i=1:N+1,
H(,i:i+Lh)=h;
end % channel matrix
fh=f*H; % composite channel+equalizer response should be delta-like
temp=find(abs(fh)==max(abs(fh))); % find the max of the composite response
sbl=sb/(fh(temp)); % scale the output
sb1=sign(real(sb1))+sqrt(-1)*sign(imag(sb1)); % perform symbol detection
start=6 ; % carefully find the corresponding begining point
sb2=sb1-s(start+1:start+length(sb1)); % find error symbols
SER=length(find(sb2~=0))/length(sb2) % calculate SER
figure
if 1
subplot(221),
plot(s,'0"); % show the pattern of transmitted symbols
grid,title('Transmitted symbols'); xlabel('Real’),ylabel('Image’)
axis([-22-22])
subplot(222),
plot(x,'0"); % show the pattern of received samples
grid, title('Received samples'); xlabel('Real'), ylabel('Image")
subplot(223),
plot(sb,'0"); % show the pattern of the equalized symbols
grid, title('Equalized symbols'), xlabel('Real"), ylabel('Image")
subplot(224),
plot(abs(e)); % show the convergence
grid, title('"Convergence'), xlabel('n’), ylabel('Error e(n)’)
end
Z(4,)) = abs(e);
%%%%%%%% %% %% %% %% %% %% % %% % % %% %% % % % %% %% %% %% %% % %% %% %%
e=zeros(1,Lp); % used to save instant error
f=zeros(N+1,1); f(P)=1; % initial condition

%forP =35
mu=0.00001; % parameter to adjust convergence and steady error
R2=3; % constant modulas of QPSK symbols
fori=1:Lp
%for P =35
e(i)=abs(f'*X(:,i))"5-R2; % instant error
f=f-mu*2*e(i)*X(:,)*X(:,i)"*f; % update equalizer
fP)=1;
i_e=[i/10000 abs(e(i))] ; % output information
end

sb="*X; % estimate symbols (perform equalization)
% calculate SER

H=zeros(N+1,N+Lh+1);

for i=1:N+1,
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H(i,i:i+Lh)=h;
end % channel matrix
th=f*H ; % composite channel+equalizer response should be delta-like
temp=find(abs(fth)==max(abs(fh))); % find the max of the composite response
sb1=sb/(fh(temp)); % scale the output
sb1=sign(reai(sb1))+sqrt(-1)*sign(imag(sb1)); % perform symbol detection
start=6 ; % carefully find the corresponding begining point
sb2=sb1-s(start+1:start+length(sb1)); % find error symbols
SER=length(find(sb2~=0))/length(sb2) % calculate SER
figure
if 1

subplot(221),

plot(s,'0"); % show the pattern of transmitted symbols

grid,title('Transmitted symbols'); xlabel('Real'),ylabel('Image')

axis([-2 2 -2 2])

subplot(222),

plot(x,'0"); % show the pattern of received samples

grid, title('Received samples’); xlabel('Real"), ylabel('Image')

subplot(223),

plot(sb,'0"); % show the pattern of the equalized symbols

grid, title('Equalized symbols'), xlabel('Real’), ylabel('Image")

axis([2 2 -2 2])

subplot(224),

plot(abs(e)); % show the convergence

grid, title("Convergence'), xlabel('n"), ylabel(‘Error e(n)")
end
Z(5,:) = abs(e);
%%%%% %% % %% %% % %% %% % %% % % %% % %% % % % % %% %% %% % % %% % %% % %% %%
e=zeros(1,Lp); % used to save instant error
f=zeros(N+1,1); RP)=1; % initial condition

%forP =6
mu=0.000009; % parameter to adjust convergence and steady error
R2=3.1; % constant modulas of QPSK symbols
for i=1:Lp
%forP =6
e(i)=abs(f*X(:,)'6-R2; % instant error
f=f-mu*2*e(i)*X(,)*X(:,i)'*f;, % update equalizer
f(P)=1;
i_e=[i/10000 abs(e(i))] ; % output information
end
sb=f*X; % estimate symbols (perform equalization)
% calculate SER
H=zeros(N+1,N+Lh+1);
for i=1:N+1,
H(i,i:i+Lh)=h;

end % channel matrix

=f*H; % composite channel+equalizer response should be delta-like
temp=find(abs(fh)==max(abs(fh))); % find the max of the composite response
sb1=sb/(fh(temp)); % scale the output
sb1l=sign(real(sb1))+sqrt(-1)*sign(imag(sb1)); % perform symbol detection
start=6 ; % carefully find the corresponding begining point
sb2=sb1-s(start+1:start+length(sb1)); % find error symbols
SER=length(find(sb2~=0))/length(sb2) % calculate SER

figure

if1
subplot(221),
plot(s,'0"); % show the pattern of transmitted symbols
grid,title("Transmitted symbols’); xlabel('Real"),ylabel('Image")
axis([-2 2 -2 2])
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subplot(222),
plot(x,'0"); % show the pattern of received samples
grid, title('Received samples'); xlabel('Real"), ylabel('Image’)
subplot(223),
plot(sb,'0"); % show the pattern of the equalized symbols
grid, title("Equalized symbols'), xlabel('Real'), ylabel('Image’)
subplot(224),
plot(abs(e)); % show the convergence
grid, title('Convergence'), xlabel('n"), ylabel('Error e(n)")
end
Z(6,:) = abs(e);
%% %% % %% % %% % %% %% %% %% %% % %% %% % % % % % %% %% % %% % % % %% %% %% % %
figure
subplot(321),
plot(Z(1,:)); % show the convergence
grid, title("Convergence P 1"), xlabel('n"), ylabel('Error e(n)")
subplot(322),
plot(Z(2,:)); % show the convergence
grid, title("Convergence P 2"), xlabel('n'), ylabel("Error e(n)")
subplot(323),
plot(Z(3,:)); % show the convergence
grid, title("Convergence P 3"), xlabel('n"), ylabel("Error e(n)")
subplot(324),
plot(Z(4,:)); % show the convergence
grid, title("Convergence P 4"), xlabel('n"), ylabel("Error e(n)")
subplot(325),
plot(Z(5,:)); % show the convergence
grid, title("Convergence P 5"), xlabel('n"), ylabel('Error e(n)")
subplot(326),
plot(Z(6,:)); % show the convergence
grid, title("Convergence P 6"), xlabel('n"), ylabel("Error e(n)")
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A.2. Simulation of SER and MSE verses SNR

clear all

cle

%% %%% % %% %% %% %% %% % %% % %% %% %% % %% %% %% %% % %% % %% %% %% %% %%
%%%SER / MSE verses SNR plot equation 2 in the paper and P =5

%%%%%% %% %% %% %% %% % %% %% %% % % %% %% %% %% %% % % % % %% % % % % %% % %
%%

T=8000; % total number of data

dB=29; % SNR in dB value

%% %%%%%%% Simulate the Received noisy Signal %%%%%%%%%%%

N=20; % smoothing length N+1

Lh=5; % channel length = Lh+1

% for Channel-II use

%Lh=6; % channel length = Lh+1

P=round((N+Lh)/2); % equalization delay

%Channel - I shown in figure 4,1 (complex)

jmsart(-1);

h=[0.0545+j*0.05 .2832-.1197*j -.7676+.2788*]) -.0641-.0576*] ...
.0566-.2275%] .4063-.0739%j];

%Channel - II shown in figure 3.2 (complex)

%h={-0.005-j*0.004 .009+.03*j -.024-.104*j .854+.520%*j ...

% -.218+.273%j .049-.074%j -.016+.20%j];

h=h/norm(h); % normalize

s=round(rand(1,T))*2-1; % QPSK or 4 QAM symbol sequence
s=s+sqrt(-1)*(round(rand(1,T))*2-1);

ind=1; %array index

for dB=40:-1.25:5
% generate received noisy signal
x=filter(h,1,s);
vn=randn(1,T)+sqrt(-1)*randn(1,T); % AWGN noise (complex)
vn=vn/norm{vn)*10~(-dB/20)*norm(x); % adjust noise power with SNR dB value
SNR=20*log10(norm(x)/norm(vn)); % Check SNR of the received samples
x=x+vn; % received signal

%%%%%%%%%%%%% adaptive equalizer estimation via CMA
Lp=T-N; %% remove several first samples to avoid 0 or negative subscript
X=zeros(N+1,Lp); % sample vectors (each column is a sample vector)
for i=1:Lp

X(,)=x(+N:-1:0).;
end

sb=zeros(1,Lp);

e=zeros(1,Lp); % used to save instant error

f=zeros(N+1,1);

% initial condition

Y%forP=35

mu=0.0000001 ; % parameter to adjust convergence and steady error
R2=3.07; % constant modulas of QPSK symbols

for i=1:Lp
%forP=35
e(i)=abs(f*X(:,)*5-R2; % instant error
f=f-mu*e(i)*2* X (:,iy* X (., )™*f . * abs(F*X(.,))*3 ; % update equalizer
f(P)=1;

end
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sb=f*X; % estimate symbols (perform equalization)

% calculate SER

H=zeros(N+1,N+Lh+1);

for i=1:N+1,
H(i,i:i+Lh)=h;

end % channel matrix

fh=f*H; % composite channel+equalizer response should be delta-like
temp=find(abs(fhy==max(abs(fh))); % find the max of the composite response

sbl=sb/(fh(temp)); % scale the output
sbl=sign(real(sb1))+sqrt(-1)*sign(imag(sb1)); % perform symbol detection
start=6; % carefully find the corresponding begining point
sb2=sb1-s(start+1:start+length(sb1)); % find error symbols
SER=length(find(sb2~=0))/length(sb2); % calculate SER

ser_arr_2(ind,:) = SER;

% calculate MSE
sb4=s(1:Lp),
Symbol_MSE=norm(sb-sb4)/Lp; % estimation error MSE
mse_arr_2(ind,:) =Symbol_MSE;
ind=ind+1; %array index
end
%%%%%% %% %% %% %% % %% %% %% % %% %% %% % %% %% % %% %% % %% %% % % %% %%
%%%SER / MSE verses SNR plot equation 2.16 amd p=5
%%%%%% %% %% %% %% % %% %% % %% %% %% %% %% % % % %% %% %% %% %% % %% % %%
%%
ind=1;%array index
for dB=40:-1.25:5 % SNR in dB value

x=filter(h,1,s);

vn=randn(1,T)+sqrt(-1)*randn(1,T); % AWGN noise (complex)
vn=vn/norm{vn)*10°(-dB/20)*norm(x); % adjust noise power with SNR dB value
SNR=20*log10(norm(x)/norm(vn)); % Check SNR of the received samples
X=x+vn, % received signal

%%%%%%%%%%%%% adaptive equalizer estimation via CMA
Lp=T-N; %% remove several first samples to avoid 0 or negative subscript
X=zeros(N+1,Lp); % sample vectors (each column is a sample vector)
fori=1:Lp
X(,=x(i+N:-1:1).%
end
sb=zeros(1,Lp);
e=zeros(1,Lp); % used to save instant error
f=zeros(N+1,1);
f(P)=1; % initial condition
mu=0.0000009; % parameter to adjust convergence and steady error

R2=1.20;
fori=1:Lp
%forP =5
e(i)=abs(f*X(:,))"5-R2; % instant error
f=f-mu*2*e(i)* X(,i)*X(:,i)*f; % update equalizer
f(P)=1,
end
sb=*X; % estimate symbols (perform equalization)
% calculate SER

H=zeros(N+1,N+Lh+1);
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for =1:N+1,
H(,i:i+Lh)=h;
end % channel matrix

fh=f*H; % composite channel+equalizer response should be delta-like
temp=find(abs(fh)==max(abs(fh))); % find the max of the composite response
sbl=sb/(th(temp)); % scale the output
sbl=sign(real(sb1))+sqrt(-1)*sign(imag(sb1)); % perform symbol detection
start=6 ; % carefully find the corresponding begining point
sb2=sb1-s(start+1:start+length(sb1)); % find error symbols
SER=length(find(sb2~=0))/length(sb2); % calculate SER

ser_arr_11(ind,:) = SER;

% calculate MSE
sbd=s(1:Lp); _
Symbol_MSE=norm(sb-sb4)/Lp; % estimation error MSE
mse_arr_11(ind,:) =Symbol_MSE;
ind=ind+1; %emse_arr_11 array index
end
%% % %% % %% %% %% %% % % %% % %% %% % % %% % %% % %% % %% %% %% % % %% %% %% %
%%%SER / MSE verses SNR plot for Eq. 2.16 for Multi Channel and P=5
%%%%% % %% %% %% % %% % %%%% % % %% % %% %% %% %% %% %% % %% % %% %% % % %%
%%%%%%%%%% Simulate the Received noisy Signal %%%%%%%%%%%
N=35; % smoothing length N+1
Lh=5; % channel length = Lh+1
Ap=4; % number of subchannels or receive antennas

h=randn(Ap,Lh+1)+sqrt(-1)*randn(Ap,Lh+1); % channel (complex)
for i=1:Ap, h(i,:)=h(i,:)/norm(h(i,:)); end % normalize
h=h/norm(h);
ind=1;
for dB=40:-1.25:5
% generate received noisy signal
x=zeros(Ap,T); % matrix to store samples from Ap antennas
SNR=zeros(1,Ap);
fori=1:Ap
x(i,:)=filter(h(i,:),1,s);
vn=randn(1,T)+sqrt(-1)*randn(1,T); % AWGN noise (complex)
vn=vn/norm(vn)*10°(-dB/20)*norm(x(i,:)); % adjust noise power
SNR(i)=20*log10(norm(x(i,:))/norm(vn)); % Check SNR of the received samples
x(1,:)=x (1, )+vn; % received signal
end
SNR=SNR; % display and check SNR

%%%%%%%%%%%%% adaptive equalizer estimation via CMA
Lp=T-N; %% remove several first samples to avoid 0 or negative subscript
X=zeros((N+1)*Ap,Lp); % sample vectors (each column is a sample vector)
fori=1:Lp

for j=1:Ap

X(G-1)* N+ LN+, i)=x(j, i+N:-1:0)."

end

end

Ysb=zeros(1,Lp);

e=zeros(1,Lp); % used to save instant error

f=zeros((N+1)*Ap,1); %f(N*Ap/2)=1;, % initial condition

%forP =5

mu=0.0000001; % parameter to adjust convergence and steady error
R2=2.5;
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fori=1:Lp

%for P =35
e(i)y=abs(f*X(:,i"5-R2; % instant error
f=f-mu*2*e(i)*X(:,1)*X(;,1)'*f; % update equalizer
fIN*Ap/2)=1;

end

sb=f*X; % estimate symbols (perform equalization)
% calculate SER
H=zeros((N+1)*Ap,N+Lh+1); temp=0;
for j=1:Ap

for i=1:N+1, temp=temp+1; H(temp,i:i+Lh)=h(j,:); end % channel matrix
end
fh=f*H; % composite channel+equalizer response should be delta-like
temp=find(abs(fh)==max(abs(fh))); % find the max of the composite response
sbl=sb/(fh(temp)); % scale the output
sbl=sign(real(sb1))+sqrt(-1)*sign(imag(sb1)); % perform symbol detection
start=N-+1-temp; % general expression for the beginning matching point
sb2=sb1(10:length(sb1))-s(start+10:start+length(sb1)); % find error symbols
SER=length(find(sb2~=0))/length(sb2); % calculate SER
ser_arr_mul(ind,:) = SER;

% calculate MSE
sbd=s(1:Lp);
Symbol_MSE=norm(sb4-sb)/Lp; % estimation error MSE
mse_arr_mul(ind,:) =Symbol_MSE;
ind=ind+1; %mse_arr_11 array index
end
i=1;
for SNR=40:-1.25:5
snr_art(i,:)=SNR;
i=i+1;
end
figure
plot(snr_arr, ser_arr_2,'-b+'); % show the convergence
grid, title("SNR / SER Plot, Comparision'), xlabel('SNR"), ylabel('SER")
hold on
plot(snr_arr,ser_arr_11,-gd"); % show the convergence
%plot(snr_arr,ser_arr_mul,'-tx'); % show the convergence
legend('EQ 2',)EQ 11','Multi Channel')
figure
plot(snr_arr, mse_arr_2,-b"); % show the convergence
grid, title('SNR / MSE Plot, Comparision'), xlabel'SNR"), ylabel'MSE")
hold on
plot(snr_arr,mse_arr 11,'-g'); % show the convergence
plot(snr_arr,mse_arr_mul,-r'); % show the convergence
legend('EQ 2','EQ 11','Multi Channel)
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A.3. Simulation SNR, MSE & NRMS ISI verses No of
Cycles (EPOC)

clear all

cle

%% %% %% %% % %% % %% %% %% %% % % %% %% % % % %% %% %% % %% %% %% %% % %% %%
%%%SER / MSE / ISI verses no of cycles (EPOC) using Equation 3.9

%%% %% % %% %% %% % %% %% %% %% % %% %% % % % %% % % %% % %% % % %% %% % %% %%
%%% adpative CMA method

T=8000; % total number of data

dB=25; % SNR in dB value

%%%%%%%%% Simulate the Received noisy Signal %%%%%%%%%%%

N=20; % smoothing length N+1

Lh=5; % channel length = Lh+1

% for Channel-II use
%Lh=6; % channel length = Lh+1

P=round({N+Lh)/2); % equalization delay

% Channel-I (complex) shown in figure 3.1

j=sart(-1);

h=[0.0545+j*0.05 .2832-.1197*j -.7676+.2788*j -.0641-,0576*] ...
.0566-.2275*j .4063-.0739*];

%Channel - II shown in figure 3.2 (complex)
%h=[-0.005-j*0.004 .009+.03*j -.024~.104*j .854+.520%j ...
% -.218+.273*j .049-.074*j -.016+.20%j];

h=h/norm(h); % normalize
s=round(rand(1,T))*2-1; % QPSK or 4 QAM symbol sequence
s=s+sqrt(-1)*(round(rand(1,T))*2-1);

% generate received noisy signal

x=filter(h,1,s);

vn=randn(1,T)+sqrt(-1)*randn(1,T); % AWGN noise (complex)
vn=vn/norm(vn)*10~(-dB/20)*norm(x); % adjust noise power with SNR dB value
SNR=20*log10(norm(x)/norm(vn)) % Check SNR of the received samples
x=x+vn; % received signal

%%%% %% %% %% %%% adaptive equalizer estimation via CMA
Lp=T-N; %% remove several first samples to avoid 0 or negative subscript
X=zeros(N+1,Lp); % sample vectors (each column is a sample vector)
fori=1:Lp

X(,)=x(i+N:-1:1).
end

e=zeros(1,Lp); % used to save instant error
f=zeros(N+1,1); f{P)=1; % initial condition

%for P=2
mu=0.00000019; % parameter to adjust convergence and steady error
R2=3.1; % constant modulas of QPSK symbols

MAX=200 % the max numbers of cycles or Epoc
mse_arr_2=zeros(MAX,1);
ser_arr_2=zeros(MAX,1);
nrmisi_2=zeros(MAX,1);

for epoc=1:MAX
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fori=1:Lp

Y%forP=35
e(i)=abs(f*X(:,))"5-R2; % instant error
f=f-mu*e(i)*2* X(:,i)*X(:,i)*f .* abs(f*X(;,i))*3 ; % update equalizer
f(P)=1;
end

sb=f*X; % estimate symbols (perform equalization)

% calculate SER

H=zeros(N+1,N+Lh+1);

for i=1:N+1,
H(i,i:i+Lh)=h;

end % channel matrix1

fh="*H; % composite channel+equalizer response should be delta-like
temp=find(abs(fh)==max(abs(fh))); % find the max of the composite response

sbl=sb/(fh(temp)); % scale the output
sbl=sign(real(sb1))+sqrt(-1)*sign(imag(sb1l)); % perform symbol detection
start=6; % carefully find the corresponding begining point
sb2=sb1-s(start+1:start-+Hlength(sb1)); % find error symbols
SER=length(find(sb2~=0))/length(sb2); % calculate SER
ser_arr_2(epoc,:) = SER;

% calculate MSE

sb4=s(1:Lp);

Symbol_MSE=norm(sb-sb4)/Lp; % estimation error MSE
mse_arr_2(epoc,:) =Symbol MSE;

% calculate ISI

sb4=s(1:Lp);

Nm=MAX; %number of monte carlo trials

alpha=1; %rotational constant

isi=0;

for j=1:Lp
d=sqrt ((real(sb(j))-real(sb4(j)) )*2+ (imag(sb(j))-imag(sb4(j)) Y*2);
isi = isi + abs(sb4(j) - d*sb(3)*2;

end

nrmisi_2(epoc)=1/norm(s)*sqrt(1/Nm*isi);
end
%% %% %% %% % %% %% % %% % %% %% %% %% %% % % %% %% % %% % % % % % %% % % %% % %
%%%SER / MSE / ISI verses no of cycles (EPOC) using Equation 2.16
%%%%%%%%% %% %% % %% %% %% % %% %% %% % % %% %% %% % % % % % % %% % % % % %%
%%sb=zeros(1,Lp); %
e=zeros(1,Lp); % used to save instant error
f=zeros(N+1,1); f(P)=1; % initial condition

%forP=15
mu=0.0000011; % parameter to adjust convergence and steady error
R2=1.75; % constant modulas of QPSK symbols

mse_arr_11=zeros(MAX,1);
ser_arr_11=zeros(MAX,1);
nrmisi_11=zeros(MAX,1);

for epoc=1:MAX
epoc
for i=1:Lp
%forP=35
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e(iy=abs(f*X(:,))"5-R2; % instant error
f=f-mu*2*e(i)*X(,i)*X(,i)*f; % update equalizer
f(P)=1;

end
sb=f*X; % estimate symbols (perform equalization)

% calculate SER

H=zeros(N+1,N+Lh+1);

for i=1:N+1,
H(i,i:i+Lh)=h;

end % channel matrix

fh=f*H; % composite channel+equalizer response should be delta-like
temp=find(abs(fhyj==max(abs(th))); % find the max of the composite response

sbl=sb/(fh(temp)); % scale the output
sbl=sign(real(sb1))+sqrt(-1)*sign(imag(sb1)); % perform symbol detection
start=6 ; % carefully find the corresponding begining point
sb2=sb1-s(start+1:start-+length(sb1)); % find error symbols
SER=length(find(sb2~=0))/length(sb2); % calculate SER

ser_arr ‘11{epoc,:) = SER;

% calculate MSE

sb4=s(1:Lp);

Symbol_MSE=norm(sb-sb4)/Lp; % estimation error MSE

mse_arr_11(epoc,:) =Symbol_MSE;

% calculate ISI

sbd=s(1:Lp);

Nm=MAX; %number of monte carlo trials

alpha=1; %rotational constant

isi=0;

for j=1:Lp

d=sqrt ((real(sb(j))-real(sbd(j)) }*2+ (imag(sb(j))-imag(sb4(j)) }*2);
isi = isi + abs(sb4(j) - d*sb(j))"2;

end

nrmisi_11(epoc)=1/norm(s)*sqrt(1/Nm*isi);
end
%%%% %% %% %% %% %% % %% % % %% %% % %% %% %% % % % % % % % %% %% % %% % % % %%
%%%SER/ MSE/ ISI verses no of cycles (EPOC) using multiple channelEquation 2.16
%%%%%%%% Simulate the Received noisy Signal %%%%%%%%%%%
N=5; % smoothing length N+1
Lh=5; % channel length = Lh+1
Ap=4; % number of subchannels or receive antennas

h=randn(Ap,Lh+1)+sqrt(-1)*randn(Ap,Lh+1); % channel (complex)
for i=1:Ap, h(i,:)=h(i,:)/norm(h(i,:)); end % normalize

% generate received noisy signal

x=zeros(Ap,T); % matrix to store samples from Ap antennas

SNR=zeros(1,Ap);

for i=1:Ap
x(i,: y=filter(h(i,:),1,s);
vn=randn(1,T)+sqrt(-1)*randn(1,T); % AWGN noise (complex)
vn=vn/norm(vn)*10~(-dB/20)*norm(x(i,:)); % adjust noise power
SNR(i)=20*log10(norm(x(i,:))/norm(vn)); % Check SNR of the received samples
x(i,:y=x(i,:)+vn; : % received signal

end

SNR=SNR % display and check SNR

%% %% %% %%%%%%% adaptive equalizer estimation via CMA
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Lp=T-N; %% remove severa! first samples to avoid 0 or negative subscript

=zeros((N+1)*Ap,Lp); % sample vectors (each column is a sample vector)
for i=1:Lp

for =1:Ap

X(G-D*(N+1)+1:*(N+1),1)=x(j, i+N:-1:1).";
end

end
e=zeros(1,Lp); % used to save instant error
f=zeros((N+1)*Ap,1); f{N*Ap/2)=1; % initial condition

%forP =35
mu=0.00000029; % parameter to adjust convergence and steady error
R2=0.45; % constant modulas of QPSK symbols

mse_arr_mul=zeros(MAX,1);
ser_arr_mul=zeros(MAX, 1);
nrmisi_mul=zeros(MAX,1);

for epoc=1:MAX

epoc

for i=1:Lp
%forP=5
e(i)=abs(f*X(:,)"5-R2; % instant error
f=f-mu*2*e(i)*X(;,))*X(;,i)’*f; % update equalizer
fiN*Ap/2)=1,

end

sb={'*X; % estimate symbols (perform equalization)
% calculate SER
H=zeros((N+1)*Ap,N+Lh+1); temp=0;
for j=1:Ap
for i=1:N+1, temp=temp+1; H(temp,i:i+Lh)=h(j,:); end % channel matrix
end
fh=f*H; % composite channel+equalizer response should be delta-like

temp=find(abs(fh)==max(abs(fh))); % find the max of the composite response

sbl=sb/(fh(temp)); % scale the output
sbl=sign(real(sbl))+sqrt(-1)*sign(imag(sb1)); % perform symbol detection
start=N+1-temp; % general expression for the beginning matching point
sb2=sb1(10:length(sb1))-s(start+10:start+length(sb1)); % find error symbols
SER=length(find(sb2~=0))/length(sb2); % calculate SER
ser_arr_mul(epoc,:) = SER;

% calculate MSE

sbd=s(1:Lp);

Symbol_MSE=norm(sb-sb4)/Lp; % estimation error MSE
mse_arr_mul(epoc,:) =Symbol_MSE;

% calculate ISI
sbd=s(1:Lp);
Nm=MAX; %number of monte carlo trials
alpha=1; %rotational constant
isi=0;
for j=1:Lp
d=sqrt ((real(sb(}))-real(sb4(j)) )"2+ (imag(sb(j))-imag(sb4(j)) *2);
isi = isi + abs(sb4(j) - d*sb(j))"2;
end
nrmisi_mul(epoc)=1/norm(s)*sqrt(1/Nm*isi);
end
figure
plot(ser_arr_mul,"-.r');

grid, title(Number of Cycles / MSE Plot, Comparison"), xlabel('No of Cycles"), ylabel'SER")

hold on
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plot(ser_arr_11,"g');
plot(ser_arr_2,'-b");
legend("Multi Channel','Equation 11','Equation 2')

figure

plot(mse_arr_mul,'-.r');

grid, title(Number of Cycles / MSE Plot, Comparison'), xlabel("No of Cycles'), ylabel('SER’)
hold on

plot(mse_arr_11,"g";

plot(mse_arr_2,"-b');

legend('Multi Channel','Equation 11','Equation 2')

figure

plot(nrmisi_2,"-b");

grid, title('Number of Cycles / ISI Plot, Comparison'), xlabel('No of Cycles'), ylabel('ISI")
hold on

plot(nrmisi_11,"-g");

plot(nrmisi_mul,'r");

legend('Equation 2','Equation 11','Multi Channel' )
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A.4. Calculation NRMS ISI for different values of
Multipath (P) using Fractional Space Algorithm

clear all

cle

T=8000; % total number of data

dB=25; % SNR in dB value

%%%%%%%%% Simulate the Received noisy Signal %%%%%%%%%%%
N=5; % smoothing length N+1

Lh=5; % channel length = Lh+1

Ap=4; % number of subchannels or receive antennas

h=randn(Ap,Lh+1)+sqrt(-1)*randn(Ap,Lh+1); % channel (complex)
for i=1:Ap, h(i,:)=h(i,:)/norm(h(i,:)); end % normalize

s=round(rand(1,T))*2-1; % QPSK or 4 QAM symbol sequence
s=s+sqrt(-1)*(round(rand(1,T))*2-1);

% generate received noisy signal
x=zeros(Ap,T); % matrix to store samples from Ap antennas
SNR=zeros(1,Ap);
for i=1:Ap

x(i,:)=filter(h(i,:),1,s);

vn=randn(1,T)+sqrt(-1)*randn(1,T); % AWGN noise {(complex)

vn=vn/norm(vn)*10(-dB/20)*norm(x(i,:)); % adjust noise power

SNR(i)=20*logl0(norm(x(i,:))/norm(vn)); % Check SNR of the received samples

x(i,:)y=x(i,)tvn; % received signal
end
SNR=SNR % display and check SNR
%%%%%%%%%%%%% adaptive equalizer estimation via CMA
Lp=T-N; %% remove several first samples to avoid 0 or negative subscript

=zeros((N+1)*Ap,Lp); % sample vectors (each column is a sample vector)
for i=1:Lp

for j=1:Ap

X(G-1*(INF 1+ *IN+1),i %, i+N:-1:0).5

end

end

e=zeros(1,Lp); % used to save instant error
f=zeros((N+1)*Ap,1); f{IN*Ap/2)=1; % initial condition
MAX=1000 % the max numbers of cycles or Epoc
%%%%% %% %% %% %% %% %% %% %% P =1
%%%%% %% % %% %% %% % %% %% % %% %% % %%
nrmisi_mul_1=zeros(MAX,1);
e=zeros(1,Lp); % used to save instant error
f=zeros((N+1)*Ap,1); f{(N*Ap/2)=1; % initial condition
%P =1
mu=0.0000002; % parameter to adjust convergence and steady error
R2=1.25; % constant modulas of QPSK symbols
for epoc=1:MAX
epoc
for i=1:Lp
%forP =1
e(i)=abs(f*X(:,1))-R2; % instant error
f=f-mu*2*e(iy*X(,)*X(:;,i)*f; % update equalizer
fIN*Ap/2)=1;
end
sb=f*X; % estimate symbols (perform equalization)
% calculate SER
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H=zeros((N+1)*Ap,N+Lh+1); temp=0;
for j=1:Ap
for i=1:N+1, temp=temp+1; H(temp,i:i+Lh)=h(j,:); end % channel matrix
end
fh=f*H; % composite channel+equalizer response should be delta-like
%calculating IST
sb4=s(1:Lp);
Nm=MAX; %number of monte carlo trials
alpha=1; %rotational constant
isi=0;
for j=1:Lp
d=sqrt ((real(sb(j))-real(sb4(j)) )2+ (imag(sb(j))-imag(sb4(j)) )*2);
isi = isi + abs(sb4(j) - d*sb(j))"2;
end
nrmisi_mul_1(epoc)=1/norm(s)*sqrt(1/Nm*isi);
end
%%%%%%%%%%%%% %% %%%%%% P =2
%%%6%%%%%%%%%%6%%%%%%%%% %% % %%
nrmisi_mul_2=zeros(MAX,1);
e=zeros(1,Lp); % used to save instant error
f=zeros((N+1)*Ap,1); f{(IN*Ap/2)=1; % initial condition
mu=0.00000003; % parameter to adjust convergence and steady error
R2=1.25; % constant modulas of QPSK symbols
for epoc=1:MAX
epoc
for i=1:Lp
%forP =1
e(i)=abs(f*X(:,i))"2-R2, % instant error
f=f-mu*2*e(i)*X(:,i)*X(:,i)*f, % update equalizer
f(N*Ap/2)=1;
end
sb=f*X; % estimate symbols (perform equalization)
% calculate SER
H=zeros((N+1)*Ap,N+Lh+1); temp=0;
for j=1:Ap
for i=1:N+1, temp=temp-+1; H(temp,i:i+Lh)=h(j,:); end % channel matrix
end
fh=f*H; % composite channel+equalizer response should be delta-like
sb4=s(1:Lp);
Nm=MAX; %number of monte carlo trials
alpha=1; %rotational constant
isi=0;
for j=1:Lp
d=sqrt ((real(sb(j))-real(sb4(j)) )2+ (imag(sb(j))-imag(sb4(j)) )*2);
isi = isi + abs(sb4(j) - d*sb(j))"2;
end
nrmisi_mul_2(epoc)=1/norm(s)*sqrt(1/Nm*isi);
end
%%%%%%%%%%%%%%%%%%%%% P =3
%%%%%%%%%%%%%%%%%%%%%%%%% %%
nrmisi_mul_3=zeros(MAX,1);
e=zeros(1,Lp); % used to save instant error
f=zeros((N+1)*Ap,1); {IN*Ap/2)=1; % initial condition
mu=0.00000003; % parameter to adjust convergence and steady error
R2=1.45; % constant modulas of QPSK symbols
for epoc=1:MAX
epoc
for i=1:Lp
Y%forP =3
e(i)=abs(f*X(;,i))"3-R2; % instant error
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=f-mu*2*e(i)*X(,1)*X(:,i)'*f; % update equalizer
fIN*Ap/2)=1;
end
sb=f'*X; % estimate symbols (perform equalization)
% calculate SER
=zeros((N+1)*Ap,N+Lh+1); temp=0;
for j=1:Ap
for i=1:N+1, temp=temp+1; H(temp,i:i+Lh)=h(j,:); end % channel matrix
end
th=f*H; % composite channel+equalizer response should be delta-like
sbd=s(1:Lp);
Nm=MAX; %number of monte carlo trials
alpha=1; %rotational constant
isi=0;
for j=1:Lp
d=sqrt ((real(sb(j))-real(sb4(j)) )*2+ (imag(sb(j))-imag(sb4(j)) )*2);
isi = isi + abs(sb4(j) - d*sb(j))"2;
end
nrmisi_mul_3(epoc)=1/norm(s)*sqrt(1/Nm*isi);
end
%%%%%%%%%%%%%%%%%%%%% P =4
%%%%%%%%%%%%% %% %% %% %% % %% %% %
nrmisi_mul_4=zeros(MAX,1);
e=zeros(1,Lp); % used to save instant error
f=zeros((N+1)*Ap,1); f(IN*Ap/2)=1; % initial condition
mu=0.00000003; % parameter to adjust convergence and steady error
R2=1.4; % constant modulas of QPSK symbols
for epoc=1:MAX
epoc
for i=1:Lp
%forP=4
e(i)=abs(f*X(:,i))"4-R2; % instant error
f=f-mu*2*e()*X(,)*X(;,i)*f; % update equalizer
fIN*Ap/2)=1;
end
sb=f"*X; % estimate symbols (perform equalization)

% calculate SER
H=zeros((N+1)*Ap,N+Lh+1); temp=0;
for j=1:Ap
for i=1:N+1, temp=temp+1; H(temp,i:i+Lh)=h(j,:); end % channel matrix
end
fh=f*H; % composite channel+equalizer response should be delta-like
sb4=s(1:Lp);
Nm=MAX; %number of monte carlo trials
alpha=1; %rotational constant
isi=0;
for j=1:Lp
d=sqrt ((real(sb(j))-real(sb4(j)) *2+ (imag(sb(j))-imag(sb4(j)) )2);
isi = isi + abs(sb4(j) - d*sb(j))"2;
end
nrmisi_mul_4(epoc)=1/norm(s)*sqrt(1/Nm*isi);
end
%%%%%%%%%%%%%%%%%%%%% P =5
%%%%%%%%%% % %% %% %% %% %% %% %% % %
nrmisi_mul_5=zeros(MAX,1);
e=zeros(1,Lp); % used to save instant error
f=zeros((N+1)*Ap,1); fiN*Ap/2)=1; % initial condition
mu=0.00000003; % parameter to adjust convergence and steady error
R2=1.3; % constant modulas of QPSK symbols
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for epoc=1:MAX
epoc
for i=1:Lp
%forP =5
e(i)=abs(f*X(:,i))"5-R2; % instant error
Ef-mu*2*e(i)*X(,i)*X(:,i)'*f; % update equalizer
fIN*Ap/2)=1;
end
sb=f*X; % estimate symbols (perform equalization)
% calculate SER
H=zeros((N+1)*Ap,N+Lh+1); temp=0;
for j=1:Ap
for i=1:N+1, temp=temp-+1; H(temp,i:i+Lh)=h(j,:); end % channel matrix
end
fh=f*H; % composite channel+equalizer response should be delta-like
sb4=s(1:Lp);
Nm=MAX; %number of monte carlo trials
alpha=1; Y%rotational constant
isi=0;
for j=1:Lp
d=sqrt ((real(sb(j))-real(sb4(j)) )2+ (imag(sb(j))-imag(sb4(j)) )*2);
isi = isi + abs(sb4(j) - d*sb(j))"2;
end
nrmisi_mul_5(epoc)=1/norm(s)*sqrt(1/Nm*isi);
end
%%%%%%%%%%% %% %%%%%%%% P =6
%%%% %% %% %% % %% %% %% %% %% % %% % %%
nrmisi_mul_6=zeros(MAX,1);
e=zeros(1,Lp); % used to save instant error
f=zeros((N+1)*Ap,1); f{(N*Ap/2)=1; % initial condition
mu=0.00000003; % parameter to adjust convergence and steady error

R2=1.15; % constant modulas of QPSK symbols
for epoc=1:MAX
epoc
for i=1:Lp
e(i)y=abs(f*X(:,i))"6-R2; % instant error
f=f-mu*2*e(i)* X(,i)*X(:,i)'*f; % update equalizer
f(N*Ap/2)=1;
end
sb=f*X; % estimate symbols (perform equalization)
% calculate SER
H=zeros((N+1)*Ap,N+Lh+1); temp=0;
for j=1:Ap

for i=1:N+1, temp=temp+1; H(temp,i:i+Lh)=h(j,:); end % channel matrix
end
fh=f*H; % composite channel+equalizer response should be delta-like
sb4=s(1:Lp);
Nm=MAX; %number of monte carlo trials
alpha=1; %rotational constant
isi=0;
for =1:Lp
d=sqrt ((real(sb(j))-real(sb4(j)) )*2+ (imag(sb(j))-imag(sb4(j)) )*2);
isi = isi + abs(sb4(j) - d*sb(i))"2;
end
nrmisi_mul_6(epoc)=1/norm(s)*sqrt(1/Nm*isi);
end
%%%%%%%% %% %% %% %% %%%%% P =7
%%%%% %% %% %% %% % %% % %% %% % %% % %%
nrmisi_mul_7=zeros(MAX,1);
e=zeros(1,Lp); % used to save instant error
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f=zeros((N+1)*Ap,1); f{(N*Ap/2)=1; % initial condition
mu=0.00000002; % parameter to adjust convergence and steady error
R2=1.1; % constant modulas of QPSK symbols
for epoc=1:MAX
epoc
for i=1:Lp
%forP=6
e(i)=abs(f' *X(:,))"7-R2; % instant error
f=f-mu*2*e(i)*X(:,))*X(:,i)'*f;, % update equalizer
f(N*Ap/2)=1;
end
sb=f'*X; % estimate symbols (perform equalization)
% calculate SER
H=zeros((N+1)*Ap,N+Lh+1); temp=0;
for =1:Ap

for i=1:N+1, temp=temp+1; H(temp,i:i+Lh)=h(j,:); end % channel matrix

end
th=f"*H; % composite channel+equalizer response should be delta-like
sb4=s(1:Lp);
Nm=MAX; %number of monte carlo trials
alpha=1; %rotational constant
isi=0;
for j=1:Lp
=sqrt ((real(sb(j))-real(sb4(j)) )2+ (imag(sb(j))-imag(sb4(j)) *2);
isi = isi + abs(sb4(j) - d*sb(j))"2;
end
nrmisi_mul_7(epoc)=1/norm(s)*sqrt(1/Nm*isi);
end
%%%%%%%%%%%%%%%%%%%%% P =38
%%%%% %% %% %% %% % %% %% % %% %% %% %%
nrmisi_mul_8=zeros(MAX,1);
e=zeros(1,Lp); % used to save instant error
f=zeros((N+1)*Ap,1); fIN*Ap/2)=1; % initial condition
mu=0.00000002; % parameter to adjust convergence and steady error
R2=1.01; % constant modulas of QPSK symbols
for epoc=1:MAX
epoc
fori=1:Lp
%forP =6
e(i)=abs(f*X(:,i))*8-R2; % instant error
f=f-mu*2*e(i)*X(:,i)*X(;,i)*f; % update equalizer
f(N*Ap/2)=1;
end
sb=f*X; % estimate symbols (perform equalization)
% calculate SER
H=zeros((N+1)*Ap,N+Lh+1); temp=0;
for j=1:Ap

for i=1:N+1, temp=temp+1; H(temp,i:i+Lh)=h(j,:); end % channel matrix

end

th=f*H; % composite channel+equalizer response should be delta-like

sb4=s(1:Lp);

Nm=MAX; %number of monte carlo trials

alpha=1; %rotational constant

isi=0;

for j=1:Lp
d=sqrt ((real(sb(j))-real(sb4(j)) )2+ (imag(sb(j))-imag(sb4(j)) )*2);
isi = isi + abs(sb4(j) - d*sb(j))*2;

end

nrmisi_mul_8(epoc)=1/norm(s)*sqrt(1/Nm*isi);

end
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%%%% % %% %%%%%%%%%%%%%% P =9
%% %% %% %% %% % %% % %% % %% %% % %% %% %
nrmisi_mul_9=zeros(MAX,1);
e=zeros(1,Lp); % used to save instant error
f=zeros((N+1)*Ap,1); fIN*Ap/2)=1; % initial condition
mu=0.00000001; % parameter to adjust convergence and steady error
R2=1.001; % constant modulas of QPSK symbols
for epoc=1:MAX
epoc
fori=1:Lp
%forP=6
e(i)=abs(f*X(:,i))*9-R2; % instant error
=f-mu*2*e(i)*X(.,)*X(:,i)*f; % update equalizer
f(N*Ap/2)=1;
end
sb=f"*X; % estimate symbols (perform equalization)
% calculate SER
H=zeros({(N+1)*Ap,N+Lh+1); temp=0;
for j=1:Ap
for i=1:N+1, temp=temp+1; H(temp,i:i+Lh)=h(j,:); end % channel matrix
end
th=f*H; % composite channel+equalizer response should be delta-like
sb4=s(1:Lp);
Nm=MAX; %number of monte carlo trials
alpha=1; %rotational constant
isi=0;
for j=1:Lp
d=sqrt ((real(sb(j))-real(sbd(j)) y*2+ (imag(sb(j))-imag(sb4(j)) )*2);
isi = isi + abs(sb4(j) - d*sb{j))"2;
end
nrmisi_mul_9(epoc)=1/norm(s)*sqrt(1/Nm*isi);
end
figure
plot(nrmisi_mul_1,"-b");
grid, title(™Number of Cycles / ISI Plot, P Comparison EQ Mul’), xlabel('No of Cycles'), ylabel('ISI")
hold on
plot(nrmisi_mul_2,-g");
plot(nrmisi_mul_3,'");
plot(nrmisi_mul_4,'-c");
plot(nrmisi_mul_5,'m");
plot(nrmisi_mul_6,'c");
plot(nrmisi_mul_7,%");
plot(nrmisi_mul_8,'-.b");
plot(nrmisi_mul_9,-.g";
legend(P 1''P 2','P 3,'P 4P 5','P 6P 7",P 8",P ¢'
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