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Abstract— In the paper, an echo canceller based on a system 

identification scheme with adaptive algorithms is presented. 

The algorithms used here FIR filters in which error signal is 

finding from the method according to a stochastic gradient-

based method. Here following adaptive filters are discussed 

and simulated in Matlab: LMS and its subparts: NLMS, 

VSLMS, VSNLMS and RLS. The echo was simulated by 

adding several delayed signal and simulated replica applied 

to vocal input. The comparison between the algorithms was 

used to find the different the mean-square error (MSE). 
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I. INTRODUCTION 

Echo is the phenomenon in that a postponed and distorted 

edition of an early sound or supplementary gesture is 

imitated back to the source [7]. The echo result is desirable 

in music, but unwanted for speech. 

In echo cancellation a replica of the echo is 

endowed and subtracted from the consented signal. The 

replica is generated by arrangement identification. In 

applications such as desktop conferencing and hands-free 

telephony, stereophonic systems provide telepresence to 

users by where multiple parties might be converting at the 

same time. The stereophonic acoustic echo canceller as 

shown in fig.2 suppresses the echo returned to the 

transmission room so as to enable undisturbed 

communication between the rooms. The disturbance caused 

by echo increases with propagation delay of the channel.  

Adaptive filter due to their skill of self-adjustment in 

accordance alongside the input signals proposal a good 

resolution for arrangement identification [3]. They are most 

frequently requested as Finite Impulse Response (FIR) 

constructions whereas the filter taps or coefficients are 

selected to minimize the magnitude of an error gesture 

derived from the system. The techniques used here not to 

reduce the complexity of stereophonic acoustic echo 

cancellation (SAEC) but also gives the mean square error by 

different LMS and RLS algorithm schemes.  The paper is 

coordinated as follows: Serving II presents stereophonic 

acoustic echo cancellation and Serving III presents countless 

adaptive algorithms are described. Serving IV presents 

Matlab simulations aftermath and the conclusions are drawn 

in Serving V. 

II. STEREOPHONIC ACOUSTIC ECHO CANCELLATION 

Stereophonic acoustic echo cancellation has generated much 

interest due to non-uniqueness problem caused by inter 

channel signal coherence [1]. Stereophonic acoustic echo 

can be cancelled by the use of different adaptive algorithm 

techniques. Stereophonic acoustic echo cancellation, as 

shown in fig.1, can be viewed as a multichannel extension 

of the single channel echo cancellation concept. In the 

transmission room two microphones are located whose 

impulse response is g1(n) and g2(n). This impulse response 

is produce x1(n) and x2(n). These stereophonic signals are 

then transmitted to loudspeakers in the receiving room 

which in turn are acoustically coupled to the receiving room 

microphones [3]. The acoustic echo canceller gives the 

value of error signal. Here we only one channel of the return 

path is shown for simplicity.  Receiving room impulse 

responses h1(n) and h2(n) or channels 1,2, respectively, e(n) 

is the error signal which occurs from desired signal and its 

estimate. The desired signal d(n) which is given in equation  
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The error signal between the desired signal and its 

estimate is given by:  
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Fig. 1: Shows the schematic diagram of stereophonic 

acoustic echo cancellation 

III. ADAPTIVE ALGORITHMS 

Currently, due to its simplicity and low computational 

intricacy, an extensively utilized adaptive algorithm for an 

echo canceller is the LMS algorithm [5]. It has obtained 

popularity due to its low computational intricacy and 

robustness. This serving presents a little algorithms 

commencing from the classical LMS. 

A. Least Mean-Square (LMS) Algorithm 

The LMS algorithm is a stochastic gradient-based one; it 

uses the gradient vector of the filter tap weights to encounter 

to the optimal Wiener solution. Allow us ponder the 

arrangement identification scheme delineated in figure 2, 

whereas H is the unfamiliar arrangement and W is the 

adaptive filter. 
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Fig. 2: System identification scheme 

In every single iteration the filter tap weights of the 

adaptive filter are notified according to the pursuing formula 

( 1) ( ) 2. . ( ). ( )w n w n e n x n    

Where x(n) is the input vector and e(n) the                           

error vector defined as the difference between the desired 

signal d(n) and the output signal y(n): 

( ) ( ) y(n)e n d n   

( ) ( ). ( )Ty n w n x n  

The parameter µ is recognized as the pace size 

parameter and is a tiny affirmative constant. According to  

the selection of a suitable worth for µ is imperative to the 

presentation of the LMS algorithm [2]. If the worth is too 

tiny, the period demanded by the adaptive filter to encounter 

to the optimal resolution will be too long; if µ is too colossal 

the adaptive filter becomes precarious and its output 

diverges. 

B. Normalized Least Mean-Square (NLMS) 

1) Algorithm 

The NLMS is an expansion of the average LMS algorithm 

and is consequently extremely comparable to it[5]. If we 

ponder the Euclidean norm of the input 2 x(n), the NLMS 

algorithm alongside fixed pace size µ is described as 

follows:  

2

( )
( 1) ( ) . ( ).

|| ( ) ||

x n
w n w n e n

x n
    

Here w(n+1) is the next tap weight value and w(n) 

is the present tap weight of the adaptive filter.  

The step-size parameter µ has to be positive µ>0 

and not too large, because otherwise it will cause instability 

of the LMS algorithm:   

    
 

    
 

Where max l is the largest eigen value of the input 

signal. An extremely weighty setback, though encountered 

in both the LMS and the NLMS algorithms, is the choice of 

the pace size parameter that is a trade-off amid the steady-

state excess error and the speed of convergence [5]. To 

remediate this setback, 

LMS and NLMS algorithms alongside variable 

step-size are given in this paper. Their pace size varies in 

accordance alongside the manipulation of the reference 

signal. Our way here is to change the step-size sequence 

employing a gradient descent algorithm to cut the squared 

estimation error. 

C. Variable step-size Least Mean-Square 

1) (VSLMS) Algorithm 

In the VSLMS algorithm [9] the pace size for every single 

iteration is expressed as a vector µ(n) and every single agent 

has a disparate worth corresponding to an agent of the filter 

tap heaviness vector w(n) [8]. 

The VSLMS algorithm is as follows  

: 0,1,...., N 1For i                           

( ) ( ). ( )ig n e n x n i                             

( ) ( ). ( )g n e n x n     

( 1) ( ) . (n).g ( 1)i i i in n g n               

max max( ) , ( )i in n         

 
min min( ) , ( )i in n    

 
( 1) ( ) 2. ( ). ( )i i i iw n w n n g n   : 

Where  gi(n)  is  the stochastic  gradient  term,  N is  

the order of the adaptive filter and _ is an optional constant. 

D. Variable step-size Normalized LMS 

1) (VSNLMS) Algorithm 

In the VSNLMS algorithm [8] the higher attached 

obtainable to every single agent of the pace size vector µ(n) 

is computed for every single iteration. As alongside the 

NLMS algorithm the pace size worth is inversely 

proportional to the instantaneous input gesture energy [8]. It 

is vitally an expansion of the VSLMS algorithm alongside 

the added calculation of a maximum pace size parameter at 

every single iteration.  

The gradient, pace size and filter tap heaviness 

vectors are notified employing the pursuing equations:                                                         

: 0,1,...., N 1For i                          

( ) ( ). ( )ig n e n x n i                      
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The convergence of the adaptive filter can be 

guaranteed by restricting µ(n) to stay inside the scope that 

should safeguard convergence. 

The pace size sequence µ(n) is confined to the 

pursuing limits:                             

min max0 ( ) 2m m n m   
 

E. Recursive Least Square (RLS) Algorithm 

The presentation of the RLS algorithm [8] is administrated 

by the forgetting factor.                                                    

The algorithm endeavors to minimize the price 

purpose:        

2

1
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n
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n

k

n e k



    

where k = 1 is the time at which the RLS algorithm 

commences and  is a small positive constant very close to, 

but smaller than 1. The value of the forgetting factor leads to 

a compromise between low miss adjustment, stability on the 

one hand, fast convergence rate and tracking on the other 

hand.  
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The filter tap weight vector is updated using 

equation  1( ) ( 1) ( ). ( )
T

nw n w n k n e n    

Where k(n) is the gain vector, calculated as follows: 

1
( ) . ( )

( ). ( )T
k n u n

x n u n

 

    

   1( ) ( 1). ( )u n n x n           

   
1( )n

  
is the inverse matrix.       

1 1 1 1( ) ( ( 1) ( )[ ( ) ( 1)])Tn n k n x n n   

        
 

IV. MATLAB SIMULATIONS 

The adaptive filtering algorithms delineate in Serving III 

were simulated employing Matlab. The request was echo 

cancellation. The echo was crafted by adding countless 

postponed and attenuated replica to a vocal input.  

Figure. 3 display the wanted gesture, the adaptive 

output gesture and the price purpose (MSE) for the LMS 

algorithm. The adaptive filter is a 1025th order FIR Filter. 

The pace size was set to 0.02. The MSE displays that as the 

algorithm progresses the average worth of the price purpose 

decreases.  

Figure. 4 displays the aftermath of the NLMS 

adaptive echo cancellation simulation. The pace size was set 

to 0.1.  

The simulation aftermath for the VSLMS algorithm 

are delineated in Figure. 5. 

 
Fig. 3: LMS algorithm outputs 

 
Fig. 4: NLMS algorithm outputs 

 
Fig. 5: VSLMS algorithm outputs 

 
Fig. 6: VSNLMS algorithm outputs 

Fig. 6 display the outputs of the VSNLMS 

algorithm. It displays 31000 iterations employing a 

minimum pace size of 0.0001 and a worth of 1. It can be 

perceived that the aftermath is comparable to those of the 

VSLMS algorithm. Error signal of VSLMS algorithm is the 

difference of desired signal and its estimate. Fig.. 7 prove 

that the RLS algorithm is extremely competent and 

outperforms all the supplementary algorithms. Error signal 

of RLS algorithm is the difference of desired signal and its 

estimate. One can discern that the error gesture is extremely 

tiny and the average of the MSE swiftly rots nearly to zero.  

 
Fig. 7: RLS algorithm outputs 
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V. CONCLUSIONS  

The paper presents a scheme for the echo canceller. Various   

Adaptive algorithms have been used to give the best 

implementation. Because of its simplicity, the LMS 

algorithm is the most accepted adaptive algorithm. Though, 

the LMS algorithm suffers from sluggish and data-

dependent convergence behavior. The NLMS algorithm, an 

equally easy, but extra robust variant of the LMS algorithm, 

exhibits a larger balance amid simplicity and presentation 

than the LMS algorithm. Due to its good properties the 

NLMS has been mainly utilized in real-time applications. 

The VSLMS algorithm has a larger presentation 

than NLMS at a somewhat larger price the variable pace 

size permits stability after dealing alongside non-stationary 

signals. On the contrary the VSNLMS is rather 

disappointing: frail presentation at a higher complexity. The 

RLS algorithm converges far faster than the LMS algorithm. 

Due to the colossal number of multiplications it is rather 

expensive to be implemented. Taking into thought 

convergence speed and hardware complexity the best 

choices for real period aural echo cancellation are the 

NLMS and the VSLMS algorithms. More work will be 

concentrated on the FPGA implementation of these 

algorithms for echo cancelling. 
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