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Abstract— In this research paper an adaptive algorithm M-SMFTF is used for mobile channel estimation with fast 
convergence and low complexity. A multi-ray Jakes mobile channel model with a Doppler frequency shift is used in the 
simulation. It is derived from SMFTF algorithm in which adaption gain is obtained only from forward predictors and new 
likelihood variables. Complexity of M-SMFTF is reduced from 7L to 6L, where L is the filter length. It is used in different 
problems like channel estimation and echo cancellation due to less complexity, high convergence speed and stability in the 
presence of non stationary input signals. 
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I. INTRODUCTION 
 
  In communication, between the transmitter and the 
receiver, there are some reflections, diffractions and 
scattering due to large objects which results in 
attenuation, distortion, delays and phase shift at the 
receiver side. The time varying multipath fading 
channel that exists in a mobile communications 
environment causes Inter-symbol Interference (ISI).  
 
There are two types of fading i.e. large scale fading and 
small scale fading. To achieve high speed 
communication, channel estimation is required to 
reduce or to eliminate ISI. The widely used and the 
simplest channel estimator is the linear adaptive filter.  
 
There are two principal families of adaptive 
algorithms. The first one is the stochastic gradient or 
least mean-square (LMS) algorithm which works if 
channel is fixed or slow time varying. For fast 
time-variations, the performance of LMS tracking 
scheme is poor. The next class is the Recursive 
Least-Squares (RLS) algorithm which resolves the 
LMS problem, but at the cost of increased 
computational complexity of .  
 
When there is no prior knowledge about the channel, 
then RLS gives better performance than LMS. Due to 
complexity, number of fast RLS algorithms are 
introduced such as Fast Transversal Filter (FTF) and 
fast a posteriori error sequential technique (FAEST).  
 
They reduce the computational complexity from 

 to O(L) operations per symbol by using 
shifting and avoiding matrix-by-vector 
multiplications. In this paper improved simplified fast 
transversal filter algorithm is used which is less 
complex than RLS and gives convergence speed near 

to the RLS for time varying signals or channel for 
mobile channel estimation. 
  
II. ADAPTIVE ALGORITHMS 
    
The block diagram of linear system with finite impulse 
response is shown in figure 1. The output a priori error 

of this system at time n is:  
                                                       (1) 
where, is the model filter output, 

 is a 
vector containing the last L samples of the input 
signal , 

 
is the coefficient vector of the adaptive filter and L is 
the filter length. The desired signal from the model is: 
                                              (2) 

 
Figure1: Block diagram of an adaptive filter 

 
Where    

repre
sents the unknown system impulse response vector and 

 is a stationary, zero-mean and independent noise 
sequence that is uncorrelated with any other signal. 
The                   subscript T is known as transposition. 
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Estimation errors provide feedback to the filter and 
updating at each signal to adaptation gain denoted as 

and given by: 
                                          (3) 
Different algorithms are differentiated by their gain 
calculation.    
 
Mobile Channel Estimation using Jakes model 
By studying Jake’s model, working of mobile channel 
or Rayleigh fading channel modeling can be 
understood. If receiver is moving with a constant speed 
and it receives multiple rays with uniformly distributed 
arrival angles ( , then power spectrum is looking 
like jakes spectrum [6]. Every ray is effected by 
Doppler shift of   
where, ,  is the speed of the mobile 
receiver,  is transmitter carrier frequency and  is 
speed of light[2]. For Rayleigh distribution, power 
spectrum is as: 
 
                    (4) 

As the Doppler spectrum at the receiver is bounded by 
 the electric field component at the 

receiver may then be described as a narrowband 
random process. According to the central limit 
theorem, i.e. as  (as the number of scatterers 
approaches infinity), the received electric field is 
approximately a Gaussian random process [7]. So we 
can use Gaussian random processes to model the 
received signal. In the block diagram of Figure1  is 
the transmitted sequence which is non-stationary, 

channel sampled impulse response,  is 
noise,  is received symbol, n is time.  
 
All quantities are measured with respect to time. L is 
the number of paths in the multi-ray mobile channel 
and filter length.   is a pseudo-random signal with 
values of +1 or –1. The channel output signal is 
corrupted by an additive white Gaussian noise 
(AWGN),  with variance  and zero mean. 
Adaptive digital filter can be used to estimate the 
sampled channel impulse response. It consists of Finite 
Impulse Response (FIR) filter with variable tap 
weights.  
 
III. M-SMFTF ALGORITHM 
 
M-SMFTF is improved form of SMFTF. SMFTF that 
is simplified FTF is the modified form of FTF. FTF 
adaptive gain is obtained only from the forward 
predictors. In this backward predictors are completely 
discarded which are the main source of instability [8]. 
The prediction part of the SMFTF shows that the 
algorithm is globally stable. On using small 

constant , leakage factor  and forward predictors 
then we get stable algorithm which gives same 
performance as FRLS. Kalman gain is given by:  

          

(5) 
In equation (5),  is forgetting factor  
,  are forward predictors and  
are backward predictors. On discarding backward 
predictors Kalman gain expression becomes as: 

                      (6) 

This is not robust for speech signals. The first problem 
is . According to this FTF 
algorithm is not stable. To avoid this, a small positive 
constant is introduced to the denominator. 

                                        (7) 

The second difficulty is that forward predictor is 
locked over its last values. In this process when input 
signal vanishes and reappears after a long period of 
time, the algorithm may diverge because of these 
nonzero values of the predictor. It means algorithm is 
not working properly when the signal reappears. To 
eliminate this condition it might be preferable to have 
the forward predictor  return to zero by applying 
the following operation: 
                                           (8) 
Where  is a constant close to one often called the 
leakage factor. The likelihood variable is given by 
using definition directly: 
                                           (9) 

Now replace the quantity (*) that has not been used by 
variable  

 (10) 

The input signal vector extended to the order (L+1) in 
two different ways: 

                     (11a) 

                  (11b) 
On multiplying the members of left end and right end 
of expression (10) by equations (11a) and (11b) 
respectively then equation becomes: 

           

(12) 
By rearranging (12) a new recursive formula for 
calculating the likelihood variable which is much less 
complex than (9), is generated; the new expression is 
for M-SMFTF algorithm as below:   

                        (13) 
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       (14) 

The computational complexity of M-SMFTF 
algorithm is 6L as compared to SMFTF and FTF.  
 
IV. SIMULATION RESULTS 
 
MATLAB was used to compare the performance of 
FTF and M-SMFTF for tracking mobile channels. The 
input to the channel is a pseudo random sequence of 
{+1,-1} and white Gaussian noise is used throughout 
the test. In these simulations, 2 GHz carrier frequency 
and signal rate of 15 ksymbol/sec), respectively, are 
used. The Bit Error Rate used is 

   

theoretically [9] and practically it is the difference 
error bits, of receiver bits and transmitter bits. Each 
transmission burst consists of 14000 symbols and the 
Mean Square Error (MSE) between the estimated 
channel taps and the actual ones is obtained.  
   

 
Figure2. All signals for FTF 

 
Figure3.  All signals for M-SMFTF 
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Figure4. BER for both FTF and M-SMFTF 
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Figure5. MSE versus number of Iterations for both FTF and 

M-SMFTF. 
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Figure 6 MSE for diff. forgetting factors 
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Figure7 MSE for different values of L 

 
Figure 2 and 3 shows the result of algorithms for 
transmitted and received signals having some constant 
value like N=14000, L=256, = 0.9961, =0.5, 

=0.985. On the receiver side some filtered 
transmitted signal is used to understand the result. On 
comparing figure 2 and 3 means square error for 
proposed M-SMFTF algorithm is less than error for 
FTF, and output signal is same as desired signal. In 
Figure4 bit error rate of both algorithms is compared to 
the theoretical BER, as SNR increases BER for 
M-SMFTF decreases like theoretical BER. Figure5 
gives the comparison of MSE for both FTF and 
M-SMFTF.it shows that MSE for FTF having more 
value than for M-SMFT which should be minimum. 
Figure 6 and 7 gives results of MSE for different 
forgetting factors and Filter lengths (L) respectively 
for M-SMFTF. MSE is less for forgetting factor 
0.9961; it also affects the convergence speed and as 
filter Length decreases complexity decreases and MSE 
also decreases. 
 

 
CONCLUSION 
 
Mobile channel is estimated using M-SMFTF which is 
derived from SMFTF where the adaptation gain is 
obtained only from the forward prediction variables 
like FTF. The backward prediction variables, which 
are the main source of the numerical instability in the 
FTF algorithm, are completely discarded. The 
proposed algorithm compares favorably with the FTF. 
For proposed algorithm BER and MSE gives better 
result than FTF with low complexity and high 
convergence speed. 
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