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ABSTRACT                                                                                   
 
This paper presents the startagy of applying the concept of 
CDMA to the MIMO OFDM System for the security of the 
information and also to calculate the bit error rate of the 
system in the Rayleigh fading and rician frequency selective 
fading channels.The system actually uses space time block 
coding’s for the different configurations of  transmit  and 
receive antennas. The channel estimation is performed by 
pilot sequences at each transmit antenna. The simulation 
results are compared with MIMO OFDM, OFDM CDMA 
downlink system . The proposed system shows that the 
presented system provides low BER, this system is applicable 
to 4g Wireless networks. 
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I. INTRODUCTION 

An Adaptive frequency estimation algorithm to estimate the Doppler 
shift in DS-CDMA with multiple Doppler sub paths.  Rake receivers 
have been widely used in Direct Sequence Code Division Multiple 
Access (DS-CDMA) radios to achieve multipath diversity. 
However, a traditional rake receiver has a high computational 
complexity and offers limited capability to exploit the inherent 
diversity nature of doubly selective channels. In particular, it suffers 
serious performance degradation in fast fading channels. To enhance   
performance of a DS-CDMA radio for wireless applications, fast 
fading should be mitigated by exploring the inherent diversity nature 
of the doubly selective channels .To achieves   this goal, a concept of 
Doppler diversity was proposed. The theoretical basis of Doppler 
diversity lies on the pseudo-random characteristics of pseudo noise 
(PN) codes used in DS-CDMA radios that ensure the orthogonality   
of different Doppler sub paths.                   

To improve the performance of a DS-CDMA radio receiver in a 
cost-effective manner, frequency domain equalization (FDE) has 
been considered in many previous works. However, those studies 
often involved complicated structures, such as the multiple-tap time-
domain feedback filter, etc. It is desirable to develop an   efficient 
channel estimation algorithm that can work closely with the FDE to 
utilize Doppler diversity in a doubly selective channel to improve 
receiver’s performance.  

Based on the Doppler shift estimation, an innovative FDE based 
receiver architecture is proposed to take advantages of Doppler 
diversity in fast fading channels of a DS-CDMA radio. Moreover, 
this architecture can easily incorporate a frequency domain channel 
estimation algorithm to avoid using a costly rake receiver.  

Iterative algorithms, such as Expectation-Maximization 

 
 
 
(EM) algorithms, have been widely used in Doppler shift estimation.  
Along with that the BER performance is also analyzed under various 
SNR conditions of FDE receiver with Doppler shifts. Monte Carlo 
analysis is done to improve better error performance; it is done by 
using Sequential Monte Carlo- Kalman Filter algorithm (SMC-KF). 
Simulation results are included. 

 
DOOPLER SHIFT 

 
Figure 1.1 Change of wavelength caused by motion of the 
source 
 
The  Doppler effect (or Doppler shift), named after the Austrian 
physicist Christian Doppler, who proposed it in 1842 in Prague, 
is the change in frequency of a wave  moving relative to its 
source. It is commonly heard when a vehicle sounding a siren or 
horn approaches, passes, and recedes from an observer. The 
received frequency is higher (compared to the emitted 
frequency) during the approach, it is identical at the instant of 
passing by, and it is lower during the recession 

 The relative changes in frequency can be explained as follows. 
When the source of the waves is moving toward the observer, 
each successive wave crest is emitted from a position closer to 
the observer than the previous wave. Therefore each wave takes 
slightly less time to reach the observer than the previous wave. 
Therefore the time between the arrivals of successive wave 
crests at the observer is reduced, causing an increase in the 
frequency. The distance between successive wave fronts is 
increased, so the waves "spread out". For waves which do not 
require a medium, such as light or gravity in general relativity, 
only the relative difference in velocity between the observer and 
the source needs to be considered 

2. Frequency Domain Equalization Receiver 

Based on estimated Doppler shift result, a frequency domain 
equalizer (FDE) based receiver architecture is developed to 
exploit Doppler diversity in frequency domain.  This receiver 
architecture is used to achieve low complexity and good 
performance compared to traditional CDMA. To improve 
performance of DS-CDMA in cost effective manner FDE is 



IJCSC Volume 5 • Number 1 March 2014 pp.16-22 ISSN-0973-7391 
 
 

17 
 

used. channel coding and frequency-domain interleaving which 
are necessary for OFDM systems on multipath fading channels 
characterized by deep notches in the signal spectrum. 

 

FIGURE 2.1 FDE RECEIVER IN MULTI-CARRIER 
SYSTEM 

 2.1 EM ALGORITHM 
The EM algorithm is used to find the maximum 
likelihood parameters of a statistical model in cases where the 
equations cannot be solved directly.The EM iteration alternates 
between performing an expectation (E) step and maximization 
(M) step, E step which creates a function for the expectation of 
the log-likelihood evaluated using the current estimate for the 
parameters M step, which computes parameters maximizing the 
expected log-likelihood found on the E step. These parameter-
estimates are then used to determine the distribution of the latent 
variables in the next E step. Latent variable is basically physical 
quantity variable ex: channel, tx model. It is hidden variable. 

 

2.2 KALMAN FILTER 

Filtering is desirable in many situations in engineering. For 
example, radio communication signals are corrupted with noise. 
A good filtering algorithm can remove the noise from 
electromagnetic signals while retaining the useful information. 
The Kalman filter is a tool that can estimate the variables of a 
wide range of processes. In mathematical terms we would say 
that a Kalman filter estimates the states of a linear system. The 
Kalman filter not only works well in practice, but it is 
theoretically attractive because it can be shown that of all 
possible filters, it is the one that minimizes the variance of the 
estimation error.  

 2.3 MONTE CARLO METHOD 

        Monte Carlo methods are a widely used class of 
computational algorithms for simulating the behavior of various 
physical and mathematical systems, and for other computations. 
They are distinguished from other simulation methods (such as 
molecular dynamics) by being stochastic, that is 
nondeterministic in some manner – usually by using random 
numbers (in practice, pseudo-random numbers) – as opposed to 
deterministic algorithms. Because of the repetition of algorithms 
and the large number of calculations involved, Monte Carlo is a 

method suited to calculation using a computer, utilizing many 
techniques of computer simulation. 

An analytical technique in which a large number of simulations 
are run using random quantities for uncertain variables and 
looking at the distribution of results to infer which values are 
most likely 

A Monte Carlo algorithm is often a numerical Monte 
Carlo method used to find solutions to mathematical problems 
(which may have many variables) that cannot easily be solved, 
for example, by integral calculus, or other numerical methods. 
For many types of problems, its efficiency relative to other 
numerical methods increases as the dimension of the problem 
increases. Or it may be a method for solving other mathematical 
problems that rely on pseudo-random numbers. 

2.4 APPLICATION OF MONTE CARLO 

Monte Carlo simulation methods are especially useful in 
studying systems with a large number of coupled degrees of 
freedom, such as liquids, disordered materials, strongly coupled 
solids, and cellular structures. More broadly, Monte Carlo 
methods are useful for modeling phenomena with significant 
uncertainty in inputs, such as the calculation of risk in business 
(for its use in the insurance industry, see stochastic modeling). A 
classic use is for the evaluation of definite integrals, particularly 
multidimensional integrals with complicated boundary 
conditions. 

Monte Carlo methods are very important in 
computational physics, physical chemistry, engineering, 
corporate finance, and related applied fields, and have diverse 
applications from complicated quantum chromo dynamics 
calculations to designing heat shields and aerodynamic forms.  

3.ADAPTIVE  DOPPLER  SHIFT        
ESTIMATION 

                Adaptive Estimation algorithm to estimate 
the Doppler shift for each Doppler sub path. The method works 
based on the expectation-maximization (EM) algorithm. This 
method forms a basis to implement a frequency domain 
equalizer, such that the Doppler diversity can be achieved. In the 
following, we consider a scenario with L = 4, Q = 1. However, it 
is easy to extend the discussions to any other scenarios. 

Tapped delay line channel model is expressed as 

 h[n;T]=                                            (1) 

Where [ ] is the largest integer smaller than  ,  

Tl denotes the delay of the sub path 

Tc is the chip duration 

hl (n) is the discrete complex channel coefficient of the     
lth sub path 

L stands for the number of sub path 
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In the aforementioned channel model, the received pilot signal in 
a typical DS-CDMA radio can be expressed as  

r(n)=                                (2) 

Nr (n) denotes the additive white Gaussian noise 
(AWGN) at the receiver. Without loss of generality, we assume 

 =1. 

   3.1  BLOCK DIAGRAM 

Received signal 

 
 
 
 
 

 

                  
       

 

 
FIGURE 3.1 PROPOSED FDE-BASED RECEIVER  

 
3.2 ESTIMATION OF TIME INVARIANT 
COEFFICIENTS 

The number of significant sub paths is four (L = 4). The time-
invariant coefficient matrix is given by 

                                (3)                                

           n denotes the index of the discrete time sampled at a 
period of Tc and L is the total number of channel taps. Totally 
there is an L X (2Q+1) sub paths, Nmod should be at least larger 
than the length of the transmitted data frame. we choose 
Q=1,Nmod can be empirically set to be 3N 

            Received signal, based on the prior knowledge of the 
pilot signal, a correlation operation is performed at the receiver 
side as, 

r(n)=          (4)                            

y (m) =  

= a(n +m-Tl +z (m)   

Where m = 0, 1... M, W is chosen autocorrelation window size 
and M is the upper bound of the search range of the 
autocorrelation operation. Z (m) denotes additive noise at the 
output of the correlate. Equation (5) may be used to calculate the 
correlation (correlation range up to W) between pilot symbol a 

(n) and the received signal r (n+ m), which is m time shifted 
version of r (n) (shift range up to M). 

  

 

 

 

 

 

 

 

 

 

 

 

 

 

 

To extract channel information, the time-shifted version of the 
received signal r (n) is correlated with the known pilot signal a 
(n) in a DS-CDMA radio. Let us consider the first sub path 
where l =1 and assume m = T1, Q=1 and =1.based on the 
pseudo-orthogonality features of a (n), equation (4) can be 
reduced to 

Y(T1,W)� +z(Tl)              (6)                     

3.3 ESTIMATION OF DOPPLER SHIFTS 

In this subsection, an adaptive estimation scheme is pro- posed. 
With both time-varying and time-invariant information of a 
doubly selective channel, a complete description of a fast fading 
channel can be established. Utilizing the estimated time-
invariant coefficient matrix given in equation (3), we can obtain 
the frequency response of the doubly selective channel as 

=diag{ BEM                                                                  (7) 

     Based on the BEM model, the signal through the channel r (n) 
is given by. Although noise may influence the performance of an 
estimator, the additive noise in does not affect the derivation of 
the Doppler shift estimation algorithm and can thereby be 
neglected in the following analysis. The Fourier Transform of r 
(n), without considering the additive noise term, can be 
expressed as 

R (k) =                                                                  

          =   (8)              

IFFT 

IFFT 

despread 

despread FFT 

FFT 

Freq shift FDE 

Freq shift FDE 

Freq shift 

IFFT 

FFT 

despread 

FDE 

MRC 
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Therefore, an improved estimation on the Doppler frequency 
shift is necessary. Let fe denote the unknown estimation error of 
Doppler shift can be modifed as 

R (k) =                                                                 

         = )     (9)        

Where qp/Nmod can be viewea as initial estimated Doppler 
frequency shift from the BEM channel model,which is 
predetermined by Nmod.that is ,when Q=1,the initial Doppler 
shift estimation for the Doppler sub paths are simply  

{-p/Nmod, 0, p/Nmod} 

            Let fe denote the unknown estimation error of Doppler 
shift .equation (10) can be modified as 

 R (k) =                                                  (10) 

          = )  

That is, R (k) is the Fourier Transform f the recovered signal 
with Doppler shift estimation error. On the other hand, the 
Fourier Transform of the received signal (n) (the signal through 
a physical channel) can be approximated by 

(k)     =                                                                   

             (11)      

The real part of the correlation of R (k) and (k) can be 
approximated by a quadratic form as  

    R{E[R*(k) (k)]}�A +Bfe+C                                      (12) 

Where constants A, B, and C are given by 

A = -R { }  

B = R { }   

     + R { }    

     +R { }     

    + R { }  

   -R { }  

=                           (13) 

             The expression for constant C is not given because it 
will not be involved in the remaining process. It is noted that in 
calculating the estimator coefficients A and B,  and  are 
assumed to have  the same value, which can be found in the 
matrix  in equation(3).with the original received signal, we 
can get the value of fe , noted as fe1,via an exhaustive search, 
getting equation (12) reach its maximum value. In addition, as A 

will have a non-zero value, it is well known that when fe = , 

equation (12) will have the maximum value. Therefore will have  

    =   (14)      

Using similar approach, through circularly shifting the columns 
of  to the left,we can obtain different estimations of the 
received signal r (n),which can be used to construct the other two 
linear equations, or 

  =             (15) 

 =              (16)        

  3.4  ALGORITHM GENERALIZATION 

 The estimation algorithm can be extended to include more 
Doppler sub paths and time domain sub paths. In general, if the 
number of Doppler sub paths of interest is denoted by 2Q + 1 
and the number of time domain sub paths is L, the number of 
autocorrelation window sizes becomes Q ([W1;W2; …. ;WQ]), 
and the size of the time-invariant channel coefficient matrix 
( BEM) increases to LxQ. Moreover, the lengths of equations 
increase to L x Q x P. Except for the increased complexity, the 
algorithm procedure remains to be the same. 

Assume that the estimated synchronization parameter is  after 
the initial estimation. The transmitted signal over a particular 
Doppler sub path can be equivalently expressed by  . 
The P-point DFT of the transmitted signal is given by 

 S(K)=                                                 (17) 

With the assumption of , the above equation can be 
written as 

 S(K)=                                             (18)      

Then DFT sequence of the equivalent transmitted signal affected 
by the synchronization error can be expressed b 

                                                                               (19) 

Under the assumption of   , where  is the 
coarse estimation of synchronization parameter and  denotes 
the estimation error in each iteration, equation (19) can be 
rewritten as  

                                                                               (20)    

3.5 ADAPTIVE ESTIMATION ALGORITHM: 

Step1:  Set iteration index i=1 

Step2:  Obtain estimated received signal R (K) 

Step3:  Obtain cross correlation of R (K) and  

Step4:  Find fe 

Step5 : Construct linear equation{fe(-1),fe(0),fe(1)} 

Step6:  Solve linear equation  
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A sequential Monte Carlo filter is considered which combines 
previously developed Sequential Importance Sampling (SIS) 
techniques for conditional linear Gaussian models with 
measurement linearization for construction of approximate 
simulation densities The resulting sequential Monte Carlo 
Kalman Filter (SMC-KF) consists of a bank of conventional 
Kalman filters individually tuned to sampled trajectories of the 
nonlinear state variables. 

3.6    FLOWCHART  

 

       

 

 

 

  

                     

                   

 

 

 

 

 

 

 

  

 

 

 

 

 

 

SEQUENTIAL MONTE CARLO KALMAN FILTER 

ALGORITHM  

For i=1, 2….P 

 

 Given:  

 

Step1: Compute Jacobian matrix 

         

 

Step2: Compute approximate innovations covariance matrix    

 

            H (  

 

Step3: Compute sampling distribution mean/covariance 

                  

 [r(n)-

H( ] 

Step4: Sample N (  

Step5: Compute Kalman updates 

      

     

        

     

Step6: Next i 

 

            4. SIMULATION RESULTS 

 

  

 

FIGURE 4.1  DOPPLER SHIFT  

 

 

Set the Iterative Index i = 1; 
Estimate the time invariant 
matrix   
�

Obtain Estimated Rx Signal R 

Obtain cross correlation of R 
(k) &  

Find =arg max {R 
{E[R*(K) ]}} 

Construct a linear equation of 
{ } 

Circularly shift  to the left 
by one column 

i>2Q+1 

Solve a linear equation set to find 
{ } 

Yes 

No 



IJCSC Volume 5 • Number 1 March 2014 pp.16-22 ISSN-0973-7391 
 
 

21 
 

FIGURE 4.2  BER PERFORMANCE USING 
HADAMARD MATRIX 

 

FIGURE 4.3  BER PERFORMANCE WITHOUT 
HADAMARD MATRIX 

 

FIGURE 4.4  ADAPTIVE DOPPLER SHIFT 
ESTIMATION 

 

FIGURE 4.5 NORMALIZED MEAN SQUARE 
ERRORS 

 

FIGURE 4.6   BER PERFORMANCE OF FDE 
RECEIVER OF VELOCITY 40KM/HR 

 

 

FIGURE 4.7   BER PERFORMANCE OF FDE 
RECEIVER OF VELOCITY 80KM/HR 

 

 

FIGURE 4.8   PERFORMANCE OF BER VS. 
VELOCITY RANGE FROM 30 TO 300KM/HR 
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FIGURE 4.9   COMPARISON OF WITH AND 
WITHOUT SMC-KF ALGORITHM 

             5 .CONCLUSION 

In this project, adaptive frequency estimation algorithm is 
proposed. The aim purposes of the presented algorithms are to 
estimate Doppler shift in Direct Sequence Code Division 
Multiple Access (DS-CDMA) with Doppler sub path. The main 
idea was to estimate Doppler shifts. By using an Expectation-
Maximization (EM) algorithm based adaptive estimation method 
is developed to extract accurate Doppler shift information. EM 
iteration alternates between Expectation (E) and Maximization 
(M) step. E step creates function for the expectation of log-
likelihood evaluated using current estimate for the parameters. M 
step, which compute parameter maximizing the expected log-
likelihood found on E-step.  

    Based on the estimated Doppler shift results, Frequency 
Domain Equalizer (FDE) based receiver architecture is 
developed to exploit Doppler diversity in the frequency domain.   
Error performance of Bit Error Rate (BER) vs. Signal to Noise 
Ratio (SNR) of DS-CDMA with FDE structure Doppler shift 
was estimated. The advantage of our proposed method gives 
better performance, less complexity and least BER .By 
comparing error performance of DS-CDMA with FDE structure 
gives better BER. Here we are considering only antenna and 
channel coding gain but while we using Doppler shift, channel 
coding and antenna gain will lose its performance so at finally to 
improve system with properly selective channel coding, Monte-
Carlo method   is used order to improve properly selective 
channel by using Sequential Monte Carlo-Kalman Filter (SMC-
KF) algorithm. SMC-KF algorithm gives better error 
performance comparing to adaptive estimation algorithm. 
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