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Abstract 
An OFDM network is capable to transfer the data parallel and to 
provide the effective utilization of available channels and the 
channel. But when the channel is allocated statically under 
different spectrum divisions there is some kind of unequal 
distribution of available channel. Because of this there is the 
requirement of some approach that provide the equalization over 
the channel. In this work, the adaptive filtration method is 
defined to achieve the channel equivalization. Here the adaptive 
filtration is defined under different estimators. The work is about 
to achieve the lower error rate for different SNR values. Once 
the error over the signal is analyzed, the next work is to define 
the equalization operation to achieve the stability over the signal 
and to reduce the signal error. Obtained results show the 
presented work is satisfactory enough to obtain the better 
channel equalization. 
Keywords:  MIMO, BER, Space-Time, Spectrum, 
Channel. 
 

I. Introduction 
 
Future wireless applications create insatiability demand 
for “high data rate” and “high link quality” wireless 
access [1]. Spectrum has become a scarce and expensive 
resource channel is very limited. Regulation, device and 
system capacity concerns transmit power is limited time 
and frequency domain processing are at limits, but space 
is not MIMO.  
Basic idea of MIMO is to improve quality (BER) and data 
rate (bits/sec) by using multiple Transmitter/Receiver 
antennas. MIMO stand for multiple inputs and multiple 
outputs. MIMO is the current theme for the international 
wireless research. The feasibility of implementing MIMO 
system and the associated signal processing algorithms is 
enabled by the corresponding increase of the 
computational power of integrated circuits, which is 
generally believed to grow with time in an exponential 

fashion. A MIMO wireless communication system which 
contains multiple antennas at both the transmitter and 
receiver. 
MIMO technology has attracted attention in wireless 
communications, because: 

� It offers significant increases in data throughput 
and link range without additional channel or 
transmit power. 

� It provides higher spectral efficiency (more bits 
per second per hertz of channel).  

� It provides link reliability or diversity (reduced 
fading).  

Because of these properties, MIMO is a current theme of 
international wireless research. MIMO takes the 
advantage of multi-path. “Multi-path” occurs when the 
different signals arrive at the receiver at various times. It 
uses multiple antennas to send multiple parallel signals 
(from transmitter). In an urban environment, these signals 
will bounce off trees, buildings, etc. and continue on their 
way to their destination (the receiver) but in different 
directions. With MIMO[2], the receiving end uses an 
algorithm or special signal processing to sort out the 
multiple signals to produce one signal that has the 
originally transmitted data. 
 

A) Channel Equalization 
In wireless communication especially in MIMO system 
the channel Equalization is the key area and needs great 
effort. The main objective of MIMO technology is to 
increase capacity which is depending on decorrelation 
properties between antennas and the full rankness of the 
channel matrix. To fully understand channel behaviour 
and then we extract formula which represents the channel 
and to determine the impact of the propagation parameters 
on the capacity of the channel.  
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Good channel Equalization clearly put the following 
points:  

� It is exactly put the capacity of outdoor and 
indoor MIMO channel.  

� Identifies the important parameters 
governing capacity.  

� Put very simplify conditions to get full rank.  
In MIMO systems, a transmitter sends multiple streams 
by multiple transmit antennas. The transmit streams go 
through a matrix channel which consists of multiple paths 
between multiple transmit antennas at the transmitter and 
multiple receive antennas at the receiver. Then, the 
receiver gets the received signal vectors by the multiple 
receive antennas and decodes the received signal vectors 
into the original information. Here MIMO system model: 

Y=HX+G   (1) 

 
Where Y and X are receive and transmit vectors, H and G 
are the channel matrix and noise vector, respectively. 
 
B) Channel Diversity 
 
Space-time code (STC) is a method usually employed into 
wireless communication systems to improve the reliability 
of data transmission using multiple antennas [3]. STCs 
rely on transmitting 
multiple, redundant copies of a data stream to the receiver 
in the hope that at least some of them will survive the 
physical path between transmission and reception in a 
good state to allow reliable decoding. Features of STC 
are: 

� STC provides the best possible trade off between 
constellation size, data rate, diversity advantages 
& trellis complexity. 

� It improves link reliability. 
� Increases system capacity through resource 

allocation. 
 
In recent years, space-time coding techniques have 
received much interest. The concept of space time coding 
has arisen from diversity techniques using smart antennas. 
By using data coding and signal processing at both sides 
of transmitter and receiver, space-time coding now is 
more effective than traditional diversity techniques [2, 4, 
5]. Two main functions of STC are diversity & 
multiplexing. For maximum performance there should be 
trade off between diversity and multiplexing. 
 

II. Review of Literature 
 
M. Rupp, H. Weinrichter and G. Gritsch [2] presented 
Space-time coding schemes for multiple antenna systems 

(MIMO) in order to achieve high data rate when 
transmitting over wireless channels. This scheme rely on 
Maximum Likelihood detection which can become quite 
complex when many antennas are involved and higher 
modulation schemes are utilized. On the other hand, the 
high diversity gains of MIMO channels are easily lost 
when low complexity receivers like ZF or MMSE are 
applied, so paper proposed a scheme for approximate ML 
detection for typical flat Rayleigh fading channels but it 
has the high computational complexity.  
O. Dobre, Y. Bar-Ness, and W. Su [3] proposed the 
identification of modulation of an incoming signal. This 
paper provides the useful guidelines for choosing 
appropriate guidelines for choosing different modulations. 
This paper is focus on PSK, QAM and PAM modulation 
technique.    
J. Villares and G. Vazquez [4] presented second-order 
blind estimation using Gaussian assumption. SOS blind 
channel estimation provides good performance at low and 
high signal to noise ratio using maximum likelihood 
estimator as compared with the performance of the 
optimal second-order estimator and concludes that the 
Gaussian assumption leads to the optimal second-order 
solution if the SNR is very low or if the symbols belong 
to a multilevel constellation. But on the other hand, the 
Gaussian assumption can yield important losses at high 
value of SNR .   
N. Ammar and Z. Ding [5] presented a paper to improve 
the performance of Liner EQUALIZATION MODEL in 
wireless MIMO systems. Foe successful detection we 
require the reliable channel knowledge at the receiver a 
semi blind channel estimation method for linear 
EQUALIZATION MODEL is used. 
V. Choqueuse, K. Yao, L. Collin, and G. Burel [6] 
proposed blind recognition of EQUALIZATION MODEL 
system. Blind recognition is research issue for 
commercial and military communication systems. This 
paper computes the time tag relation of the received 
samples. The automatic recognition is done by selecting 
the EQUALIZATION MODEL which minimize the 
distance between theoretical and experiment value of 
correlation . 
J.Via, I. Santamaria, and J. Perez [7] presented blind 
channel estimation of EQUALIZATION MODEL Code. 
This paper states that if the channel is identifiable, the 
estimate is obtained as the main eigenvector of a 
generalized eigenvalue problem. Secondly, a new SOS 
transmission technique is proposed to solve the 
indeterminacies associated to the blind channel estimation 
problem. This technique is based on the combination of 
different EQUALIZATION MODELs. Unlike other 
previous approaches, the proposed technique does not 
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imply a penalty in the transmission rate or capacity of the 
EQUALIZATION MODEL system, while it is able to 
avoid the ambiguities occurs with blind channel 
estimation. 
A.Saini, N.Sharma and K.sachdeva [9] proposed blind 
recognition of space time block codes using maximum 
likelihood detection. Blind recognition is a very important 
topic for research. It reduces the system cost. Space time 
block codes are used to increase the diversity reception. It 
uses maximum likelihood decoding which provide 
optimal result and based on ML classification we simulate 
the performance of system and recognize 
EQUALIZATION MODEL code blindly. 
 

III. Proposed Work 
 
For Implementation of EQUALIZATION MODEL, 
calculate the average probability of correct detection with 
respect to different value of SNR. For calculation step by 
step operation performed are: 
 
1. Signal Model 
To design a system firstly a model is designed which 
consists of encoder and channel. Here EQUALIZATION 
MODEL encoder and MIMO channel is used explained 
as: 
 
2. EQUALIZATION MODEL Signal Model 
Let us consider a EQUALIZATION MODEL (nT, n, l) 
that transmits n symbols during l time slots and uses nT 
antennas at the transmitter side. The space time block 
encoder generates an nT × l block matrix, denoted by C(s) 
forms a block of n symbols. 
 
In many EQUALIZATION MODEL classification 
problems, the blind identification of the three code 
parameters nT 
 (Transmitting antenna), n (no of signal) and l (time slots) 
is sufficient to distinguish between several 
EQUALIZATION MODELs. For example, the Alamouti 
code and an OEQUALIZATION MODEL3 can be 
distinguished through detection of the number of 
transmitter antennas. Furthermore, the spatial 
multiplexing and the Alamouti code can be differentiated 
by their code length (l). Finally, two codes with the same 
code length and using the same number of antennas at the 
transmitter side can be identified through detection of the 
number of symbols (n) per space time block. 
 
The steps for the optimal classifier is given as 
 

1. Define the different parameters related to the 
signal definition 
Given Y, H, M, m, code list, rate list, num code 
list 

2. For the code list defined i=1 and r=2 
[Repeat steps 3 to 7] 

3. Calculate code (nT, n, l), code matrix and LF 
4. If (i> r) 
5. { 
6. I=i+1 
7. } 
8. Perform the likelihood detection for the channel 

distribution and utilization 
The system shown in Figure 1 is to be considered, where 
xk are the transmitted symbols, g(t) is the channel impulse 
response,  n’(t) is the white complex Gaussian channel 
noise and yk are the received symbols. The transmitted 
symbols xk are taken from a multi-amplitude signal 
constellation. The D/A and A/D converters contain ideal 
low-pass filters with channel 1/Ts, where Ts is the 
sampling interval. A cyclic extension of time length TG is 
used to eliminate inter-block interference and preserve the 
orthogonality of the tones. 
                 
                                    
 
 
 
  
 
 
 
 

Figure-1: Base band OFDM system 
 
The channel impulse response g(t) is to be treated as a 
time limited pulse train of the form given as 
 

                              g(t) = δα∑
m

m (t- mτ Ts )                                                                   

Where the amplitude mα are complex valued and 0 
mα≤ Ts  ≤  TG, i.e. the entire impulse response lies inside 

the guard space. 
The system is then modelled using the N-point discrete-
time Fourier transform (DFTN) as  
 

                          y = DFTN (IDFTN(x) +⊗
N

g
 n’)                                                          

where ⊗ denotes cyclic convolution, x =[x0 x1 : : : xN-1] 
T , y= [y0 y1 : : : yN-1]T , n’=[n’0 xn’1 : : :   n’N-1] T is a 
vector of complex gaussian variables.  
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g= [g0 g1 :: : gN-1]T is determined by the cyclic 

equivalent of sinc functions. The vector  
N

g
 is the 

observed impulse channel response after sampling the 
frequency response of g(t) , and 
 
 

gk = 
N

1 ∑
m

mα e-j NΠ (k + (N-1) mτ )  

 −∏Π mm N ττ (sin(sin( ) k ))                   

The validity of the cyclic model described by above 
Equation  depends on how well the objective of the guard 
space is met, i.e., how well it eliminates inter-block 
interference. 
 
A) Equalization Algorithm 
 
The blind equalization is the channel transmission that 
will be drawn for the achieving for the equalization with 
the definition of training signal. The blind equalization 
algorithm has been defined here is constant modulation 
algorithm(CMA). The main objective of the work is to 
perform the equalization and to reduce the mean square 
error (MSE).  
In this proposed algorithm at first the estimation over the 
signal is performed using the MMSE and LMS methods. 
Once the estimation was performed, the next work is to 
use this adaptive value to perform the equalization.  The 
work includes the quantization of this equalized value 
under different coefficient. The statistical measure is 
implemented to equalize the value as well to estimate the 
channel communication. blind equalization directs the 
coefficient adaptation process towards the optimal filter 
parameters even when the initial error rate is large. For 
best results the error calculation is switched to decision 
directed method after an  initial period of equalization, we 
call this the shift blind method. Referring to, the 
Reference Selector selects the Decision Device Output as 
the input to the error calculation and the Error Selector 
selects the Standard Error as the basis for the filter 
coefficient update. 
 

IV. Results 
 
The presented work is implemented in matlab 
environment. The obtained results from the system are 
analyzed respective to the BER. BER is defined as the 
number of bit errors is the number of received bits of a 
data stream over a communication channel that has been 
altered due to noise, interference, and distortion or bit 

synchronization errors. The result driven from the system 
is shown in figure 2. 

 
 

Figure 2: Error Rate Analysis 
 
As we can see, in figure, the error representation under 
different estimation vector is defined. The error rate is 
here been taken under different SNR values. Here X-Axis 
represents the SNR value and y axis represents the error 
rate. The lines drawn here represents different estimators 
used for the adaptive equalization. These parameters 
includes the Least square method and Means Square error 
as well as the modified form of these two is used. The 
obtained results shows that the satisfactory results in 
terms of reduced error rate under different SNR values. 
Once the estimation of error over the system is performed, 
the next work is perform the equalization over the signal 
based on the adaptive values. The equalization is about 
provide the constant value communication over the 
channel. The equalization result is shown in figure 2. 
 

 
Figure 3: Result of Equalization Process  
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V. Conclusion 
 
In this present work an effective Channel Equalizations 
and spectrum distribution scheme is presented so that the 
effective utilization of the spectrum will be done under 
the time and space Analysis. In this work different 
estimators are been used to implement the adaptive 
filteration for the equalization of signal. The obtained 
results shows that the presented work has reduced the 
error rate upto a good extent. 
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