
International Journal of Advanced Computational Engineering and Networking, ISSN: 2320-2106,  Volume-2, Issue-9, Sept.-2014 

Comprehensive Analysis of Acoustic Echo Cancellation Algorithms on DSP Processor 
 
6 

COMPREHENSIVE ANALYSIS OF ACOUSTIC ECHO 
CANCELLATION ALGORITHMS ON DSP PROCESSOR 

 
1APARNA K BHAT, 2RAJESHWARI HEGDE 

 
1,2Bitla Software Pvt Ltd, BMS College of Engineering, Bangalore, India 

E-mail: bhataparnak@gmail.com, rajeshwari.hegde@gmail.com 
 
 
Abstract- Acoustic echo cancellation is an essential signal enhancement tool in hands-free communication. Acoustic echo is 
caused due to leakage from the loudspeaker to the microphone in settings like hands free telephony. Nowadays, adaptive 
filtering techniques are generally being implemented to suppress this echo. This paper discusses various variable step-size 
NLMS based algorithms which can be implemented in acoustic echo cancelling applications. Simulation results using real 
audio recordings in a room demonstrate that GSER algorithm have the best performance in real time environment. The 
performance of these algorithms in terms of ERLE and NSEC curves are obtained and comparison between them is done. Also 
a simple Double-Talk Detection scheme is proposed in this paper. 
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I. INTRODUCTION 
 
The acoustic echo, which is also known as a 
“multipath echo”, is produced by poor voice coupling 
between the earpiece and microphone in handsets and 
hands-free devices.  Further voice degradation is 
caused as voice-compressing and encoding/decoding 
devices process the voice paths within the handsets 
and in wireless networks.  This results in returned 
echo signals with highly variable properties. Acoustic 
echo cancellation reduces the acoustic coupling 
between a loudspeaker and microphone by estimating 
the impulse response of the loudspeaker-enclosure- 
microphone (LEM) system as shown in Fig. 1. 
Adaptive cancellation of acoustic echoes has become 
very important. The main modules of this echo 
canceller are an Adaptive Filter System employing 
any adaptive filtering method like Normalized Least 
Mean Square algorithm NLMS or Variable Step Size 
NLMS (VSS-NLMS), a Double-Talk Detector and a 
Non-Linear Processor.  
 
The adaptive filter is made up of an echo estimator and 
a subtractor. The echo estimator monitors the received 
path and dynamically builds a mathematical model of 
the line that creates the returning echo.  The model of 
the line is convolved with the voice stream on the 
receive path.  This yields an estimate of the echo, 
which is applied to the subtractor.  
 
The subtractor eliminates the linear part of the echo 
from the line in the send path.  The echo canceller is 
said to converge on the echo as an estimate of the line 
is built through the adaptive filter. A doubletalk 
detector is used with an echo canceller to sense when 
far-end speech is corrupted by near-end speech.  The 
role of this important function is to freeze adaptation 
of the model filter when near-end speech is present. 

This action prevents divergence of the adaptive 
algorithm. The non-linear processor removes 
uncancelled residual echoes. Residual echo is nothing 
but the Amount of echo left over after the signal has 
passed through the adaptive filter.  The nonlinear 
processor removes all signals below a certain 
threshold and replaces them with simulated 
background noise which sounds like the original 
background noise without the echo. 
 

 
Fig. 1: Echo Canceller with Doubletalk detector and 

Nonlinear Processor 
       
The outline of the paper is as follows. Section II deals 
with the summarization of the Echo cancellation 
algorithms. Section III explains the proposed DTD 
algorithm. Section IV deals with the simulation 
results and discussions. The paper is concluded in 
section V.  
  
II. ECHO CANCELLATION ALGORITHMS 
 
The echo cancellation algorithms were designed to 
anticipate the signal which would inevitably re-enter 
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the transmission path, and cancel it out. Several Echo 
cancellation algorithms are available. Each algorithm 
has its own merits and demerits. 
A. Normalised Least Mean Square (NLMS) 
Algorithm 
NLMS (Normalized least mean square) is an 
extension of the standard LMS algorithm. NLMS 
adaptive filter is most popular due to its simplicity. 
The stability of the basic NLMS is controlled by a 
fixed step-size constant µ, which also governs the rate 
of convergence, speed of tracking ability and the 
amount of steady-state excess mean-square error 
(MSE) [3]. A very serious problem, however, 
encountered in both the LMS and the NLMS 
algorithms, is the choice of the step size parameter 
that is a trade-off between the steady-state excess error 
and the speed of convergence [4]. Each iteration of the 
NLMS algorithm requires these steps in the following 
order. 
The output of the adaptive filter is calculated as 
             

(1) 
An error signal is calculated as the difference between 
the desired signal and the filter output as in (2) 
 

(2) 
The step size value for the input vector is calculated as  
 

      (3) 
 The filter tap weights are updated in preparation for 
the next iteration [1].  

   (4) 
 
B. VSS NLMS Algorithm 
Both the LMS and the NLMS algorithms have a fixed 
step size value for every tap weight in each iteration. 
The VSS-NLMS adaptive algorithms provide an 
efficient solution to the conflicting requirements of 
fast convergence and low maladjustment needed by 
any adaptive system. The use of the VSS-NLMS 
algorithm will eliminate much of the trade-off 
between residual error and speed of convergence 
existing with the fixed step-size NLMS algorithm and 
therefore resulting in an improved performance.   
 

 Given the input vector,  the Euclidean norm of the 

input vector the NLMS algorithm with fixed 
step size, µ, for adjusting the adaptive echo canceller’s 
coefficients at time instant k is defined as follows[4]: 

 

   (4) 

In this method, the fixed step size µ is made variable 
and is updated according to the following recursion: 

         (5) 
 
This can be transformed into 

 (6) 
 
Where the parameter ρ is a small positive constant that 
controls the adaptive behavior of the step-size 

sequence  and T denotes transpose operation. 
Accordingly, the coefficients of the VSS-NLMS echo 
canceller will be updated according to a variable 
step-size NLMS (VSSNLMS) algorithm given by 

    (7) 
Where the variable step size parameter is confined to 
the following limits: 

    (8) 
And µmin, µmax are chosen to satisfy the convergence 
requirements of the NLMS algorithm with fixed step 
size, that is 0 < µmin < µmax < 2. 
 
C. GNGD (Generalized Normalized Gradient 
Descent) algorithm 
The GNGD belongs to the family of time-varying 
regularized VSS algorithm. The GNGD represents an 
extension of the normalized least mean square 
(NLMS) algorithm by means of an additional gradient 
adaptive term in the denominator of the learning rate 
of NLMS. The GNGD is shown to be robust to 
significant variations of initial values of its parameters 
[5]. The filter coefficient vector is updated as 
 

 (9) 
 
Where c is a fixed step size, and the regularization 
parameter ε(n) is recursively calculated as 
 

 (10) 
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Where ρ is an adaptation parameter needs tuning, and 
the initial value ε (0) has to be set as well. 
As GNGD algorithm uses a time-varying 
regularization parameter, i.e., the regularization 
parameter updated at every iteration. The update 
scheme for the regularization parameter works well in 
the initial transient phase but shows limited 
performance as the iteration goes. This is because the 
adaptation of the regularization parameter is not 
robust enough to cope with the varying state of the 
adaptive filter. 
 
D. RR (Robust Regularization)-NLMS Algorithm 
Choi’s RR-NLMS algorithm is a modified version of 
GNGD [6]. To make the regularization parameter 
robust, we introduce the normalized gradient into the 
update scheme for the regularization parameter. RR 
algorithm outperforms the NLMS and the GNGD in 
terms of the convergence speed and the misadjustment 
error for linear, nonlinear, and speech input signals. 
Continuously updates the regularization parameter 
that minimizes the error.  
 
The regularization parameter is updated as 
 

  
(11) 

 
Where, sgn(x) represents sign function and is given by 

(12) 

Parameter to be tuned and minimum 

allowable value of  and small positive 
constant. 
 
E. GSER (Generalized Square-Error-Regularized) 
algorithm 
Good performance, fast convergence, quick tracking 
and low MSE (Minimal Square Error). It is almost 
tuning free algorithm. The filter co-efficient vector is 
updated as follows [7]. 

  (13) 
Where, θ is the positive parameter  
The power of the error signal is estimated as follows 

(n-1) + (1- )  (14) 
 

III. DOUBLE TALK DETECTION (DTD) 
 
An important characteristic of a good echo canceller is 
its performance during double talk. The condition 
where both ends, the near-end and the far-end, are 
speaking is referred to as double talk. If the echo 
canceller does not detect a double talk condition 
properly the near end speech will cause the adaptive 
filter to diverge. Therefore, it is important to have a 
reliable double-talk detector. A DTD is used with an 
echo canceller to sense when the far-end speech is 
corrupted by the near-end speech. The role of this 
important function is to freeze adaptation of the model 
filter, when the near-end speech is present in order to 
avoid divergence of the adaptive algorithm. The 
far-end talker signal is filtered with the impulse 
response and the resulting signal. The echo is added to 
the near-end speech signal in order to obtain the 
corrupted signal. 
 
The DTD algorithm implemented in the paper is as 
follows. 
1) Form a error vector with its initial values equal to 
zero. 
 
2) Keep the new error sample calculated as the 
difference between the original echo and output of the 
adaptive FIR filter of AEC, on the top of the error 
vector like what we do for the signal vector. 
3) Find the norm of the error vector i.e. calculate the 
error energy or variance. 
4) If the error norm is less than a minimum threshold 
value (say EPSILON = 0.00001), then make the error 
norm equal to that value to not to let the norm of the 
error vector equal to zero or a too low value 
5) If the norm of the error vector is less than 0.1 times 
the norm of the signal vector, which happens when 
near end speaker is silent, then the effective step  size 
is made equal to step size  times inverse of the norm 
of the signal vector as what is done in the NLMS based 
AEC. 
6) If the norm of the error vector is more  than 0.1 
times the norm of the signal vector, which happens 
when near end speaker is speaking, then the step size 
is made equal to the product of step size  and the 
inverse of the four times of the sum of the input vector 
and the error vector norms. 
7) Filter coefficient update is done using the update 
step-size modified in accordance with step 5 or step 6 
depending upon whether single talk or double talk 
scenario. 
8) After filter update, the NLP is implemented if the 
double talk is not detected. 
This algorithm is simple, robust and is very quick in 
determining the presence of double talk or not. 
In the simulation, initially single talk situation exists 
and after a specified duration, near speech signal 
which is smaller in length to the far end signal is 
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added to the echo thus error signal contains a mixture 
of residual echo and the near end speech signal. After 
the near end speech signal is over, again the far end 
signal alone remains and the error signal containing 
only the residual echo is observed. 
The output signal is recorded and is observed using the 
WAVOSAUR software. It can be observed that there 
exists no divergence of the residual echo during the 
double talk period and also the convergence time of 
the residual echo, after the near end speech signal 
ends, is also very less. 
 

 
Fig 2 Double Talk Detection simulation results 

 
IV. RESULTS AND DISCUSSIONS 
 
The Real-Time implementation of FIR system 
generates single tone signal of a specific frequency 
and is inputted to a FIR System having a given specific 
cut-off frequency and order.  This Real Time 
implementation is developed using 
TMS320C6713DSK Board.  The output was observed 
for different single tone frequencies, for different FIR 
systems with different cut-off frequencies and 
different order. . Real Time implementation of this 
application uses (Spectrum Digital's) TMS320C5416 
DSK Board Specific CODEC API functions for the 
audio interfacing [9]. Real Time Implementation of 
Echo Generation for a speech signal using 
Delay-Buffer Logic with different Delay is done. The 
output of this implementation consists of the main 
Speech Signal along with its Echo Signal. Single 
delay is the Delayed version of the original signal. 
Signal is time delayed only once. Multi delay-Signal is 
delayed in time more than once and is played along 
with the original signal. Real time implementation of 
AEC on DSK is done by configuring the input and 
output ports. Configuring DIP switches of the DSK 
board. 

 
Fig 3: Real-time implementation using TMS3206713 DSK 

 
Fig 4 simulation result for real time speech signal using NLMS 

algorithm 
 

 
Fig 5 simulation result for real time speech signal using GNGD 

algorithm 
 

 
Fig 6 simulation result for real time speech signal using RR 

algorithm 
 

 
Fig 7 simulation result for real time speech signal using GSER 

algorithm 
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The performance analysis is done by evaluating the 
NSCE and ERLE curves for all the adaptive filter 
methods [8]. The echo return loss enhancement 
(ERLE) defined as 

   (15) 

Where   is the true echo,   is 
the impulse response of the echo path, 

and  is the simulated one. The NSCE 
is defined as 

  (16) 
 
The White Gaussian Noise samples are taken far end 
signal samples. The following figures show the ERLE 
and NSCE curves for different Echo cancellation 
algorithms. 
 

 
Fig 8 ERLE curve for NLMS based AEC 

 

 
Fig 9 NSCE curve for NLMS based AEC 

 

 
Fig 10 ERLE curve for GNGD based AEC 

            
Fig 11 NSCE curve for GNGD based AEC 

 
Fig 12 ERLE curve for GSER based AEC 

 

 
Fig 13 NSCE curve for GSER based AEC 

 

 
Fig 14 ERLE curve for RR based AEC 

 

 
Fig 15 NSCE curve for RR based AEC 
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Fig 16 ERLE curve for VSS NLMS based AEC 

 
Fig 17 NSCE curve for VSS NLMS based AEC 

 
From the above figures, it was found that GSER 
showed better performance than other algorithms. 
Among these algorithms the general VS-NLMS has 
high ERLE value but poor convergence time. The 
GESR method based VS-NLMS provided a reasonable 
ERLE and a minimum convergence time. 
 
CONCLUSION 
 
The real-time implementation of Acoustic Echo 
Canceller Systems based on NLMS and Variable Step 
Sized NLMS algorithms such as RR, GNGD and 

GESR was done using TMS320C6713DSK and 
Acoustic Echo Cancellers based on sub-band filtering 
approach is considered to be most coveted research 
topics nowadays. The algorithms considered here are 
all in time domain and for better performance in terms 
of higher values of ERLE can be achieved by 
frequency domain approaches.  
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