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ABSTRACT 

 
Nowadays, in the field of communications, AEC (acoustic echo cancellation) is truly essential with respect 

to the quality of multimedia transmission. In this paper, we designed and developed an efficient AEC based 

on adaptive filters to improve quality of service in telecommunications against the phenomena of acoustic 

echo, which is indeed a problem in hands-free communications.  

 

The main advantage of the proposed algorithm is its capacity of tracking non-stationary signals such as 

acoustic echo. In this work the acoustic echo cancellation (AEC) is modeled using a digital signal 

processing technique especially Simulink Blocksets. The algorithm’s code is generated in Matlab Simulink 

programming environment. At simulation level, results of simulink implementation prove that module 

behavior is realistic when it comes to cancellation of echo in hands free communication using adaptive 

algorithm. 

 

Results obtained with our algorithm in terms of ERLE criteria are confronted to IUT-T recommendation 

G.168. 
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1. INTRODUCTION 
 

Acoustic echo occur when an audio signal is reverberated in a real environment, resulting in the 

original intended signal plus attenuated and delay time. Also Hands-free communications are 

frequently, an interesting challenge, because the interference of echo in speech causes usually a 

problem in communications [1]. It can lead to an unwanted distortion in the quality of 
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communication. However, an acoustic echo cancellation must be strictly implemented to preserve 

this quality.  

 

Recently, adaptive filtering technique has emerged as an important technology towards hands -

free communications. It’s used to design the AEC  for enhancing the quality of speech. 

 

Different works of RLS adaptive algorithm for echo cancellation are presented [2-3-4-5-6]. In 

this work the acoustic echo cancellation (AEC) is modeled in Simulink using digital filters 

especially adaptive Recursive Least Square (RLS) Algorithm. 

 

The recursive algorithm has the best capacity when  tracking non-stationary signals, such as 

speech or sound, but has also a very high convergence rate with high computational cost, 

compared to the NLMS algorithm modeled by A. Wahbi in [7].This algorithm has a low 

complexity, but   it is robust for both stationary as well as non stationary environment.  

 

The paper is structured as follows: section II presents digital adaptive filters for echo cancelling, 

section III presents simulation results and Section IV concludes this paper. 

 

2. DIGITAL ADAPTIVE FILTERS FOR ECHO CANCELLING 
 

2.1. Adaptive Filters 
 

Adaptive filters can be classified into two great categories based on their impulse response: 

 

• Adaptive finite impulse response filters; 

 

• Adaptive infinite impulse response filters [8-9-10].  

 

The adaptive filter considered in this work is considered to be finite impulse response (FIR) 

category with N coefficients, such that the output of the adaptive filter can be expressed as: 

 
1
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Adaptive FIR filters have many structures, such as the adaptive transversal filter, the network 

preacher, the systolic array, etc. 

 

The structure of adaptive transversal filters, which are the subject of our primary concern 

regarding echo cancellation, as shown in Figure 1. 
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Figure 1.  Finite Impulse response (FIR) filter structure. 

 

 

Figure 2.  Adaptive filter structure 

2.2. Adaptive Echo Cancellation 

One of the adaptive filter applications is the adaptive echo canceller. Figure 2 and Figure 3   

describe its structure where the desired response is composed of an original signal plus the 

echoed, which is uncorrelated with the signal.  

 

The filter input is a sequence of an echoed signal which is correlated with the echoed signal in the 

desired signal.  

 

By using the RLS algorithm inside the adaptive filter, the error term e(n) produced by this system 

is then the original signal with the echoed signal cancelled [11].  



Signal & Image Processing : An International Journal (SIPIJ) Vol.6, No.3, June 2015 

4 

 

 
 

Figure 3.  Block diagram of the acoustic echo canceller 

2.3. RLS Algorithm 

Updating the coefficients of a recursive adaptive filter requires the minimization of a cost 

function; it’s defined by the following equation: 

2
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Where, 0 <λ <1 represents the forgetting factor, which gives more importance to the most recent 

samples. But, the more distant time samples are omitted. 

 

Generally, an adaptive filter uses two inputs: Input signal and desired signal. However, the input 

signal is defined as the signal to be processed. But, the desired signal is given to the adaptive 

filtering, so it has the original signal.  

 

The Output port outputs the enhanced signal, which can be sample or frame based. The error 

signal or estimated signal is very useful for updating the adaptive filter. 

 

Figure 4.  RLS Filter block [12] 

Hence, we define the primary input signal to be a delayed version of the measurement y(n) and 

the reference signal to be the measurement itself. 

 

We then apply the following RLS algorithm which Tracks the desired solution.  
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Where 

 

                   

 

 

 

 

Where µ
-1

 denotes the reciprocal of the exponential weighting factor. The variables are as 

follows. 

Table 1.  Table Variable of RLS Algorithm 

 

Variable Description 

n The present step of the algorithm 

x(n) The input at step n 

h(n) The adaptive filter coefficients at step n 

P(n) The inverse correlation matrix at step n 

k(n) The gain vector at step n 

y(n) The estimated echo at step n 

e(n) The estimated error at step n 

d(n) The echoed signal at step n 

µ The Variable Forgetting Factor to adjust. Where 0 <µ< 1 



Signal & Image Processing : An International Journal (SIPIJ) Vol.6, No.3, June 2015 

6 

2.4. Flow chart of RLS algorithm 

Flow chart in Figure 5 describes the flow of recursive least square algorithm. 

 

Figure 5.  Flow chart of recursive adaptive algorithm 

2.5. Echo Return Loss Enhancements (ERLE) 

The robustness of the proposed AEC is verified by using Echo Return Loss Enhancements 

(ERLE) criteria. It is calculated as:  

10

( )
10 log ( (12)

( )
dB

Power Echoed signal
ERLE

Power Output AEC
=  

( ) ( )dB dBPower Echoed signal Power Output AEC= −
 

However, the ERLE plays an important role in digital signal processing; it measures the 

attenuation of the echo signal at the output of an AEC [13-14]. 
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3. SIMULATION RESULTS 

 

3.1. Echo Canceller Modeling using Simulink Environment 

 
In this work we designed the model using Simulink Blockset. For the input signal we used an 

audio data in wav format, 8000 Hz sampling rate. 

 

The delay of time is approximately 30 ms and the length is 256 samples. AEC implementation is 

setup with RLS adaptive filter of length 32. In addition, the forgetting factor is chosen as µ = 0.5. 

 

Figure 6.  Acoustic Echo Cancelation under simulink 

3.2. Simulink Results 

The original speech signal, echoed signal and enhanced signal are shown in Figures 7, 8 and 9 

respectively. In this case, we observe the input signal (the original signal with echo) and how this 

echo is removed from the original signal after crossing by the “recursive adaptive AEC”, 

knowing the echo signal has less amplitude than the original signal. Whereas, the results, 

demonstrating how the signal is filtered, and the result is an output signal with less amplitude 

than the input signal and without echo. 
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Figure 7.  Result obtained using Simulink simulation (Original) 

 

Figure 8.  Result obtained using Simulink simulation (Echoed signal) 



Signal & Image Processing : An International Journal (SIPIJ) Vol.6, No.3, June 2015 

9 

 

Figure 9.  Result obtained using Simulink simulation (filtered output) 

Table 2.  ERLE Improvement of AEC 

Time (S) ERLE of filtered output (dB) 

3 38.777 

6 39.69 

9 33.53 

12 32.18 

15 41.34 

18 31.31 

21 34.84 

24 25.9 

27 40.89 

30 39.46 

The convergence rate of the AEC to find the optimal value of the RLS filter to cancel the echo 

depends on various factors such as the forgetting factor parameter. In this case, we modified the 

step-size, the filter length and the number of samples to better test the performance of this AEC 

against acoustic echo. We also noticed that the smaller the step size is then AEC converges to the 

optimal value when increasing of ERLE value. 

 
The performances of the AEC based on the adaptive algorithm can be evaluated using the ERLE 
criteria. The obtained results described in table II prove the efficiency of the proposed AEC 
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based RLS algorithm against the phenomena working in time changing environments as acoustic 
echo does. 

3. CONCLUSION 
 

In this paper, a module consisting of an AEC based recursive least square adaptive algorithm is 

proposed for improving the quality of the speech signal in hands-free communications systems. 

Effectiveness of Proposed AEC based recursive algorithm has been tested using ERLE criteria. It 

concludes that our approach shows more efficiency in terms of capacity of tracking non-

stationary signals and convergence. 

 

In subsequent works, we will implement this module in real time onboard an autonomous DSK 

C6713, thanks to its low computational cost and its user-friendly Simulink programming 

implementation. Also we will improve the performances of   the proposed module by using 

another approaches based digital signal processing for developing a new AEC with higher 

convergence rate and lesser computational complexity. 
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