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ABSTRACT: 

The efficiency of gradient search adaptive filters, such as the least mean square (LMS) 

algorithm, may demean disadvantageously when the filter is cause to experience to transmitted 

signal which are corrupted by impulsive interference. In last few years various adaptive 

algorithms are developed for noise cancellation. This paper presents an implementation of LMS 

and RLS algorithms on MATLAB platform to compare their performance in different aspects. 

The simulation result of the adaptive filter in MATLAB are analyzed and predicted with a noisy 

tone and white noise signal and presented in terms of MSE, percentage noise removal, 

computational complexity and constancy. Output of the model is equated for different values of 

μ (step size) of LMS algorithm and expressed in graphical form in which SNR changes with the 

error arises in the received signal. 
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INTRODUCTION: 

Adaptive signal processing, specially adaptive filtering, provides a strong approach to several 

signal processing problem, DSP, control systems, and various other system in which the 

statistical characteristics of signal to be filtered are either unknown a priori or, in some cases, are 

slowly time variant (non stationary signals) [1]. Over the last 25 year adaptive filters have 

received considerable attention from researchers and industry and as a result many 

computationally efficient algorithms for adaptive filtering have been developed. Adaptive filter 

is essentially a digital filter with self adjusting property, i.e. it adapts, automatically to change in 

its input signals. LMS algorithm is widely used adaptive filter, because of its simplicity in 

accordance with concepts and implementation [2], however suffers from slow and generally non-

uniform convergence. In many cases decisive, benefits of medium LMS (MLMS) algorithm 

compared to LMS or other gradient estimators [3]. The filter output at each iteration, however 

remains a linear combination of past inputs, as in the LMS algorithm. Initial work has been based 

on the simulation only and basic facts attempts have been made to provide an analytical 

framework for performance of algorithm. The first organized analysis for the medium LMS 

(MLMS) has been made by Geoffrey A. Williamson [4]. 
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ADAPTIVE FILTER IN DIGITAL COMMUNICATION 

One advantage of digital information is that it tends to be far more resistant to transmitted and 

interpreted errors than information symbolized in an analog channel. However, digital 

communication has its own unique unexpected difficulty, and there are packs of different and 

incompatible ways in which it can be sent. The three main parts in any telecommunication 

system are transmitter, receiver and the channel. Our main focus will be imparted to the receiver 

in this section called equalizer [5]. The equalizer is used to estimate the transmitted bits/symbols 

in such a way that it eliminates the effect of channel. The different equalizer will be used in this 

context. The main objective of equalizer is to eliminate the effect of ISI (inter-symbol 

interference). Comparison of different algorithm will be done for equalization [6]. 

Filters used for direct filtering can be either Fixed or Adaptive.   

1.  Fixed filters - The design of fixed filters requires a prior knowledge of both the signal and the 

noise, i.e. if message signal and unwanted signal are already known we can design a filter that 

passes frequencies contained in the signal and rejects the frequency band occupied by the noise.   

2.  Adaptive filters - Adaptive filters, exponent their impulse response to filter out the correlated 

signal input by itself. They require little or no a prior knowledge of the signal and noise 

characteristics.  

Equalization is one such technique used to combat ISI, improve received signal qualit y 

thereby improving BER. 

Introduction to Digital Filters: The system or network in the case of digital filters are 

mathematical algorithms, these algorithms operate on digital signals and attempt to modify these 

signals in the same way analogue filters modify analogue signals. 

    𝒚 𝒏 =   𝒉 𝒌 −  𝒙(𝒏 − 𝒌)𝑵−𝟏
𝒌=𝟎     (1) 

Where h (k), k = 0, 1, 2 ….N-1 are the filter coefficient, x (n) is filter input and y (n) is the filter 

outpour. The above equation represent the convolution of the input signal x (n) with the filter 

impulse response h (k) to give the filter output y (n). 

Input signal: Consider the adaptive filtering system  

                                     
 

Fig 1: Noise Cancellation by Adaptive filter 
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Consider the adaptive filtering system where the input signal 𝑥𝑛 , and the desired signal 𝑑𝑛  are 

corrupted by impulsive interference Ϛ𝑛  and𝜂𝑛 , recpectively. The measured input signal in an 

(L×1) vector 𝑥𝑛
𝑚  with  

 𝑥𝑛
𝑚 =  𝑥𝑛 +  Ϛ𝑛        (2) 

 

Where 𝑥𝑛
′ = [𝑥𝑛 ,𝑥𝑛−1 ,… . .𝑥𝑛−𝐿+1] is the modeled component of the input and  

 Ϛ′𝑛 = [Ϛ𝑛 , Ϛ𝑛−1 ,…  Ϛ𝑛−𝐿+1] is the impulsive component. 

 

The measured desired signal 

 𝑑𝑛
𝑚 =  𝑑𝑛 +  𝜂𝑛 .    (3) 

 

Let assume that the signal 𝑥𝑛 ,𝑑𝑛  are completely modeled by the relation  

 

                                                             𝑑𝑛 =  𝑓 ∗ ′𝑥𝑛       (4) 

Where 𝑓∗ = 𝑅−g  

With R = E {𝑥𝑛𝑥′𝑛} and g = E {𝑥𝑛𝑑𝑛}. 

In the above equation we have assumed 𝑥𝑛 ,𝑑𝑛are jointly stationary and that R is  positive 

definite, also the impulsive interference Ϛ𝑛  𝑎𝑛𝑑 𝜂𝑛  ,are non zero-mean, i.e. they are drawn from 

symmetry densities, and that they are mutually uncorrelated. 

 

FACTOR AFFECTING ADAPTIVE FILTERS PERFORMANCE 

 

The design of a Wiener filter requires a priori information about the statistics of the data to be 

processed. when the statistical characteristics of the input data match the a priori information on 

which the design of the filter is based, the filter is said to be in optimal condition. A univocal 

approach that we may use in such situations is the "estimate and plug" operation. This is a two-

stage cognitive operation where by the filter first "estimates" the statistical parameters of the 

relevant signals and then "plugs" the results so obtained into a non-recursive formula for 

computing [7]. 

For real time operation this procedure has disadvantages of requiring excessively elaborate and 

costly hardware. So we have to design such device that is self-designing in that the adaptive filter 

relies for its operation on a recursive algorithm, which make it possible for the filter to perform 

satisfactory in an environment where complete knowledge of the relevant signal is not available, 

the choice of one algorithm over another is determined by one or more of the following factors 

1) Rate of convergence 

2) Tracking. 

3) Robustness. 

4) Computational requirements. 

5) Structure. 

6) Numerical properties. 

 

Interference Canceling: 

Adaptive filter is used to cancel unknown interference contained in a primary signal, with the 

cancellation being optimized in some sense. Primary signal serve as the desired response for 
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the adaptive filter [8]. A reference signal is derived from sensors or set of sensors is 

employed as the input to the adaptive filter. 

 

Classifies of Adaptive Filtering Application: 

 

 

 

 

          

 

Fig 2: Class I identification 

 

 

 

 

    

 

        Fig 3: Class II Inverse Modelling 

 

 

 

 

 

Fig 4: Class III Prediction 

 

 

 

    

Fig 5: Class IV Interference Cancelling 

Adaptive 

filter 

 

Filter 
Plant System 

Input 

Input 

u 

-    y 

+     d e 

System 

Output Plant 
Adaptive 

Filter 

Delay 

-    y 

+     d 

u 

e 

System 

Input 

Delay Adaptive 

Filter 

u 
+     d 

e y 

- 

System 

Output 1 

Output1 

System 

Output 2 

Output2 Random 

Signal 

Signal 

Adaptive 

Filter 

u y 

- 

+     d 
e 



International Journal of Advanced Scientific and Technical Research                  Issue 3 volume 2, March-April 2013          

Available online on   http://www.rspublication.com/ijst/index.html                                                     ISSN 2249-9954 

 Page 71 
 

Raised Cosine Filter: 

The raised-cosine filter is a filter frequency used for pulse-shaping in digital modulation due to 

its ability to minimize ISI. Its name stems from the fact that the non-zero portion of the 

frequency spectrum of its simplest form (β=1) is a cosine function, „raised‟ up to sit above the 

𝑓 ′(horizontal) axis. The raised Cosine filter is an effectuation of a low pass Nyquist filter. This 

implies that its spectrum exhibits odd symmetry about 1 2𝑇 , where T is the symbol period of the 

communication system. 

Its frequency-domain description is piecewise function, 

 𝐻 𝑓  = 

 
 

 𝑇,  𝑓 ≤
1−𝛽

2𝑇
𝑇

2
 1 + 𝑐𝑜𝑠  

𝜋𝑇

𝛽
  𝑓  −

1−𝛽

2𝑇
  ,

1−𝛽

2𝑇
<  𝑓 ≤

1+𝛽

2𝑇

0 ≤ 𝛽 ≤ 1 𝑜𝑡ℎ𝑒𝑟𝑤𝑖𝑠𝑒  
 

 

  (5) 

and characterized by two values β, the roll-factor, and T, the reciprocal of the symbol rate. 

Impulse response of such a filter id given by: 

  ℎ 𝑡 = sin 𝑐  
𝑡

𝑇
 
𝑐𝑜𝑠 

𝜋𝛽𝑡

𝑇
 

1−
4𝛽2𝑡2

𝑇2

        (6) 

in terms of the normalized sin 𝑐function. 

Roll-off factor β, is a measure of the access bandwidth of the filter, i.e. the bandwidth used up 

beyond the Nyquist bandwidth of 1 2𝑇 . If we denote the access bandwidth as 𝛥𝑓, then 

𝛽 =
𝛥𝑓

 
1

2𝑇
 
 = 

𝛥𝑓
𝑅𝑠

2 
= 2𝑇𝛥𝑓 , where 𝑅𝑠is symbol rate. 

 

Fig 6: Frequency response of raised-cosine filter with various roll-off factors 
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Fig 7: Impulse response of raised-cosine filter with various roll-off factors 

 

When β=0; as β approaches 0, the roll-off zone becomes infinitesimally narrow, 

   lim𝛽=0 𝐻 𝑓 = 𝑟𝑒𝑐𝑡 𝑓𝑇       (7) 

Where 𝑟𝑒𝑐𝑡(. ) is the rectangular function, so the impulse response approaches sin 𝑐 𝑡 𝑇  . 
Hence it converges to an ideal or brick-wall filter in this case. 

When β=1; the non-zero portion of the spectrum is a pure raised cosine, leading to the 

simplification 

   𝐻 𝑓 |𝛽=1 =  
1

2
 1 + cos 𝜋𝑓𝑇  

 0,    𝑜𝑡ℎ𝑒𝑟𝑤𝑖𝑠𝑒 
,     𝑓 ≤

1

𝑇
     (8) 

Bandwidth: Bandwidth of a raised cosine filter is mostly defined as the non zero position of its 

spectrum, i.e.  

   𝐵𝑊 =
1

2
𝑅𝑠(𝛽 + 1)(0<𝑇<1)      (9) 

 

AWGN Channel: An AWGN channel adds white Gaussian noise to the signal that passes 

through it. Although for some problems this is a valid assumption and leads to mathematically 

convenient and useful solution, in practice noise is often time varying, correlated and non-

Gaussian. which is non-stationary and non-Gaussian and hence cannot be modelled using the 

AWGN assumption [8]. 

The Relative power of noise in an AWGN channel is typically described by quantities such as: 

1) Signal-to-Noise ratio (SNR) per sample. 

2) Ratio of bit energy to noise power spectral density  𝐸𝑏 𝑁0  . 
3) Ratio of symbol energy to noise power spectral density  𝐸𝑠 𝑁𝑜  . 

 

Relationship between 𝑬𝒔 𝑵𝒐  and 𝑬𝒃 𝑵𝒐 , both expressed in dB is as follows: 

   𝐸𝑠 𝑁𝑜   𝑑𝐵 =  𝐸𝑏 𝑁𝑜 𝑑𝐵 +  10 log10(𝑘)      (10) 
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Where k is the number of information bits per symbol. 

Relationship between 𝐸𝑠 𝑁𝑜   and SNR: for complex input signals, the AWGN channel block 

relates 𝐸𝑠 𝑁𝑜  & SNR mathematically expressed according to the following relation:  

   𝐸𝑠 𝑁𝑜 = 𝑆𝑁𝑅 𝑇𝑠𝑦𝑚 𝑇𝑠𝑎𝑚𝑝                   (11) 

Where    𝐸𝑠= Signal Energy (Joules) 

   𝑁𝑜= Noise power Spectral density (watts/Hz) 

   𝑇𝑠𝑦𝑚 = Symbol period 

 𝑇𝑠𝑎𝑚𝑝 = Inherited Sample time 

𝑇𝑠𝑎𝑚𝑝 = 1
𝐵𝑛 = 1

𝐹𝑠
  . The quantity Es/No is the signal-to-noise ratio measured in a symbol rate 

bandwidth. The quantity S/N is measured in a sample rate bandwidth. For real signal inputs, the 

AWGN Channel relates 𝐸𝑠 𝑁𝑜  and SNR according to the following equation: 

   𝐸𝑆 𝑁𝑂 = 2 𝑆𝑁𝑅  𝑇𝑠𝑦𝑚 𝑇𝑠𝑎𝑚𝑝        (12) 

 The equation No 11 for the real case differs from the corresponding equation for the complex 

case by a factor of 2. This is so because we use a noise power spectral density of 
𝑁𝑜

2
 Watts/Hz 

for real input signals, versus 𝑁𝑜Watts/Hz for complex signals. 

 

ADAPTIVE ALGORITHMS 

RLS algorithm has tendency of realization rate of convergence that is faster than the LMS 

algorithm, because the RLS algorithm utilizes all the information contained transmitted signal 

from the beginning of the adaptation up to the present. 

 

Standard RLS algorithms 

In the method of least squares, at any time instant 𝑛 > 0 the adaptive filter parameter (tap 

weights) are calculate so that the quantity of the cost function 

   𝜁 𝑛 =  𝜌𝑛 𝑘 𝑒𝑛
2(𝑘)𝑛

𝑘−1       (13) 

Equation Number 12 is minimized and hence the name least square. As value, K=1 the time at 

which the algorithm starts, 𝑒𝑛 𝑘 ,𝑘 = 1,2,3… .𝑛, are the samples of error estimators that would 

be obtained if the samples of error estimates that would be obtained if the filter were run from 

time 𝑘 = 1 𝑡𝑜 𝑛, using the set of filter parameters that is computed at time n and  𝜌𝑛(𝑘) is a 

weighting function. Actually the RLS algorithm performs the following operation 
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 Filters the transmitted signal 𝑥(𝑛) through tha adaptive filter 𝑤(𝑛 − 1) to produce the 

filter output y(n) 

 Calculate error sample"𝑒 𝑛 = 𝑑 𝑛 − 𝑦(𝑛)"  

 Received updates the gain vector 𝑘 𝑛  
 Updates the adaptive filter coefficients 

 

ANALYSIS AND SIMULATION USING MATLAB 

MATLAB is high level programming language and a flexible environment for technical 

computations which integrates mathematical computing and visualisation tools for data analysis 

and development of algorithms application. It is powerful tool for technical computing and can 

be used for  

 Data analysis and exploration 

 Visualization and image processing  

 Modelling and simulation 

 Programming and application development 

Analysis of the performance of Adaptive filters:  

We have used 10 different values for the graphical representation relation between the values 

𝐸𝑏 ,𝑁𝑜  & 𝑆𝑁𝑅 

1) For the value 𝑒𝑏𝑛𝑜 = 𝑂 𝑑𝐵 

For linearly equalized data 

𝐸𝑏𝑁𝑜 = 1 𝑑𝐵, 247 𝑒𝑟𝑟𝑜𝑟𝑠,𝐵𝐸𝑅 𝑒𝑞𝑢𝑙𝑎𝑖𝑧𝑒𝑟 = 0.06175 𝑒𝑟𝑟𝑜𝑟/𝑏𝑖𝑡 
For Non-linearly equalized data 

𝐸𝑏𝑁𝑜 = 1 𝑑𝐵, 328 𝑒𝑟𝑟𝑜𝑟𝑠,𝐵𝐸𝑅 𝑒𝑞𝑢𝑎𝑙𝑖𝑧𝑒𝑟 = 0.082 𝑒𝑟𝑟𝑜𝑟/𝑏𝑖𝑡 
The difference between the linear & Non-linear equalizers reading is: 0.02025error/bit 

 

2) 𝑒𝑏𝑛𝑜 = 2𝑑𝐵 

For Linearly equalized data 

𝐸𝑏𝑁𝑜 = 2 𝑑𝐵, 181 𝑒𝑟𝑟𝑜𝑟𝑠,𝐵𝐸𝑅 𝑒𝑞𝑢𝑎𝑙𝑖𝑧𝑒𝑟 = 0.04525 𝑒𝑟𝑟𝑜𝑟/𝑏𝑖𝑡 
For Non-linearly equalized data 

𝐸𝑏𝑁𝑜 = 2 𝑑𝐵, 196 𝑒𝑟𝑟𝑜𝑟𝑠,𝐵𝐸𝑅 𝑒𝑞𝑢𝑎𝑙𝑖𝑧𝑒𝑟 = 0.049 𝑒𝑟𝑟𝑜𝑟/𝑏𝑖𝑡 
The difference between the linear & Non-linear equalizers reading is: 0.0037error/bit 

 

3) 𝑒𝑏𝑛0 = 4 𝑑𝐵 

For Linearly equalized data 

𝐸𝑏𝑁𝑜 = 3 𝑑𝐵, 108 𝑒𝑟𝑟𝑜𝑟𝑠,𝐵𝐸𝑅 𝑒𝑞𝑢𝑎𝑙𝑖𝑧𝑒𝑟 = 0.027 𝑒𝑟𝑟𝑜𝑟/𝑏𝑖𝑡 
For Non-linearly equalized data 

𝐸𝑏𝑁𝑜 = 3 𝑑𝐵, 128 𝑒𝑟𝑟𝑜𝑟𝑠,𝐵𝐸𝑅 𝑒𝑞𝑢𝑎𝑙𝑖𝑧𝑒𝑟 = 0.032 𝑒𝑟𝑟𝑜𝑟/𝑏𝑖𝑡 
The difference between the Linear & Non-linear equalizer reading is: 0.005error/bit 

 

4) 𝑒𝑏𝑛𝑜 = 6 𝑑𝐵 

For Linearly equalized data 
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𝐸𝑏𝑁𝑜 = 4 𝑑𝐵, 56 𝑒𝑟𝑟𝑜𝑟𝑠,𝐵𝐸𝑅 𝑒𝑞𝑢𝑎𝑙𝑖𝑧𝑒𝑟 = 0.014 𝑒𝑟𝑟𝑜𝑟/𝑏𝑖𝑡  
For Non-linearly equalized data 

𝐸𝑏𝑁𝑜 = 4 𝑑𝐵, 67 𝑒𝑟𝑟𝑜𝑟𝑠,𝐵𝐸𝑅 𝑒𝑞𝑢𝑎𝑙𝑖𝑧𝑒𝑟 = 0.0165 𝑒𝑟𝑟𝑜𝑟/𝑏𝑖𝑡 
The difference between the Linear & Non-linear equalizer reading is: 0.00275error/bit 

 

5) 𝑒𝑏𝑛𝑜 = 8 𝑑𝐵 
For Linearly equalized data 

𝐸𝑏𝑁𝑜 = 5 𝑑𝐵, 22 𝑒𝑟𝑟𝑜𝑟𝑠,𝐵𝐸𝑅 𝑒𝑞𝑢𝑎𝑙𝑖𝑧𝑒𝑟 = 0.0055 𝑒𝑟𝑟𝑜𝑟/𝑏𝑖𝑡 
For Non-linear equalized data 

𝐸𝑏𝑁𝑜 = 5 𝑑𝐵, 27 𝑒𝑟𝑟𝑜𝑟𝑠,𝐵𝐸𝑅 𝑒𝑞𝑢𝑎𝑙𝑖𝑧𝑒𝑟 = 0.00675 𝑒𝑟𝑟𝑜𝑟/𝑏𝑖𝑡 
The difference between the Linear & Non-linear equalizer reading is: 0.00125error/bit  

6) 𝑒𝑏𝑛𝑜 = 10 𝑑𝐵 

For Linearly equalized data 

𝐸𝑏𝑁𝑜 = 6 𝑑𝐵, 8 𝑒𝑟𝑟𝑜𝑟,𝐵𝐸𝑅 𝑒𝑞𝑢𝑎𝑙𝑖𝑧𝑒𝑟 = 0.002 𝑒𝑟𝑟𝑜𝑟/𝑏𝑖𝑡 
For Non-linear equalized data 

𝐸𝑏𝑁𝑜 = 6 𝑑𝐵, 9 𝑒𝑟𝑟𝑜𝑟𝑠,𝐵𝐸𝑅 𝑒𝑞𝑢𝑎𝑙𝑖𝑧𝑒𝑟 = 0.00225 𝑒𝑟𝑟𝑜𝑟/𝑏𝑖𝑡 
The difference between the Linear & Non-linear equalizer reading is: 0.00025error/bit 

 

7) 𝑒𝑏𝑛𝑜 = 12 𝑑𝐵 

For Linearly equalized data 

𝐸𝑏𝑁𝑜  = 7 𝑑𝐵, 10 𝑒𝑟𝑟𝑜𝑟𝑠,𝐵𝐸𝑅 𝑒𝑞𝑢𝑎𝑙𝑖𝑧𝑒𝑟 = 0.0025 𝑒𝑟𝑟𝑜𝑟/𝑏𝑖𝑡 
For Non-linearly equalized data 

𝐸𝑏𝑁𝑜 = 7 𝑑𝐵, 6 𝑒𝑟𝑟𝑜𝑟𝑠,𝐵𝐸𝑅 𝑒𝑞𝑢𝑎𝑙𝑖𝑧𝑒𝑟 = 0.0015 𝑒𝑟𝑟𝑜𝑟/𝑏𝑖𝑡 
The difference between the linear & Non-linear equalizer reading is: 0.001error/bit 

 

8) 𝑒𝑏𝑛𝑜 = 14 𝑑𝐵 
For the Linear equalized data 

𝐸𝑏𝑁𝑜 = 8 𝑑𝐵, 1 𝑒𝑟𝑟𝑜𝑟,𝐵𝐸𝑅 𝑒𝑞𝑢𝑎𝑙𝑖𝑧𝑒𝑟 = 0.00025 𝑒𝑟𝑟𝑜𝑟/𝑏𝑖𝑡 
For the Non-linear equalized data 

𝐸𝑏𝑁𝑜 = 8 𝑑𝐵, 1 𝑒𝑟𝑟𝑜𝑟,𝐵𝐸𝑅 𝑒𝑞𝑢𝑎𝑙𝑖𝑧𝑒𝑟 0.00025 𝑒𝑟𝑟𝑜𝑟/𝑏𝑖𝑡  
The difference between Linear & Non-linear equalizer readings is: 0error/bit 

 

9) 𝑒𝑏𝑛𝑜 = 16 𝑑𝐵 
For the Linear equalizer data 

𝐸𝑏𝑁𝑜 = 9 𝑑𝐵, 0 𝑒𝑟𝑟𝑜𝑟𝑠,𝐵𝐸𝑅 𝑒𝑞𝑢𝑎𝑙𝑖𝑧𝑒𝑟 = 0 𝑒𝑟𝑟𝑜𝑟/𝑏𝑖𝑡 
For the Non-linear equalizer data 

𝐸𝑏𝑁𝑜 = 9 𝑑𝐵, 0 𝑒𝑟𝑟𝑜𝑟𝑠,𝐵𝐸𝑅 𝑒𝑞𝑢𝑎𝑙𝑖𝑧𝑒𝑟 = 0 𝑒𝑟𝑟𝑜𝑟/𝑏𝑖𝑡 
The difference between Linear & Non-linear equalizer reading is 0error/bit 

 

10) 𝑒𝑏𝑛𝑜 = 18 𝑑𝐵 

For Linear equalizer data 

𝐸𝑏𝑁𝑜 = 10 𝑑𝐵, 0 𝑒𝑟𝑟𝑜𝑟𝑠,𝐵𝐸𝑅 𝑒𝑞𝑢𝑎𝑙𝑖𝑧𝑒𝑟 = 0 𝑒𝑟𝑟𝑜𝑟/𝑏𝑖𝑡 
For Non-linear equalizer data 

𝐸𝑏𝑁𝑜 = 10 𝑑𝐵, 0 𝑒𝑟𝑟𝑜𝑟𝑠,𝐵𝐸𝑅 𝑒𝑞𝑢𝑎𝑙𝑖𝑧𝑒𝑟 = 0 𝑒𝑟𝑟𝑜𝑟/𝑏𝑖𝑡 
The difference between Linear & Non-linear equalizer readings is: 0error/bit 
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SIMULATION RESULTS 

Simulation based on four different types of signals mixed with various types of noise. Each 

signal has been subjected to some noise [9]. Then the convergence behaviors of the RLS, LMS 

and NLMS algorithms for these signals have been analyzed. With the help of MATLAB program 

we achieved different graphs for different value of error and used low, moderate and high value 

for measurement. The analysis of the results offered useful insight into the characteristics of the 

algorithms.  

 

Fig 8:  Simulation Result for Linear & Non-linear Equalizer Signal 

 

Fig 9: Simulation Result between BER vs. SNR in AWGN 
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Fig 10: Simulation Result for SNR & difference b/w signal in AWGN 

On Reducing trainlen = 100 

 

Fig 11: Graph between BER & SNR 
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CONCLUSION 

The RLS algorithm gives smaller mean square error and it does not depend on type of channel. 

However, the rate of convergence of complex channel is slower than the real value channel. The 

results of learning curves confirm that the rate of convergence is very fast in RLS algorithm and 

mean squared error of the adaptive equalizer is highly dependent on the signal-to-noise ratio 

(SNR) and independent on the type of channel. The graph1, 2,3,4,5 shows the comparison 

between equalizer model and equalizer response. The following graphs give the information of 

how the values of SNR changes with the errors arise in the received signal. Linear equalizer 

gives better result as compared to the non linear with least amount of message signal. Most 

pinching & focusing aspect of the work is comparative study of LMS and NLMS algorithms in 

order to facilitate better & more accurate information reception in terms of BER or either SER 

[10]. This paper covers each & every aspect of MATLAB based approach to attain MSE (mean 

square error) & thus based on it feedback information nullifying the reception error to a minimal 

one as well known searching algorithm to attain a minimal optimal point of convergence to an 

appreciably accurate value. 
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