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ABSTRACT 
This paper presents a  robust acoustic echo 
cancellation(RAEC)  using adaptive filter  in the 
Short Time Fourier transform(STFT) domain and 
de-noising the near end and far end  signal from  
the conference using Discrete wavelet Transform 
(DWT).  The STFT domain is  a simple  compared 
to the traditional frequency domain for 
cancellation of  robust acoustic echo, because  
frequency domain  requires several applications of 
the Discrete Fourier Transform(DFT) and  inverse 
DFT, while the RAEC  allows for continuous and 
stable filter updates during double talk without 
freezing the adaptive filter. In this work we 
combining the de-noising of the signal and acoustic 
echo cancellation.   Experimental results improved 
the performance of the echo reduction and the 
predicted sound quality. 
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1. INTRODUCTION 
The acoustic echo  is cancelled by using the  
acoustic echo cancellation unit  and residual echo   
suppression (RES) unit as shown in  fig 1, is 
usually required for hands-free teleconferencing.  
The AEC unit cancels the linear part of the echo 
while the RES unit suppresses the nonlinear part 
due to  mismatch of the adaptive filter. 

 
Fig 1. 

A Least Mean Square (LMS) algorithm is used for 
the adaptation of the filter coefficients. However, 

the number of filter coefficients in the AEC can be 
several thousands, which increases the computation 
cost significantly and decrease the convergence 
rate. Hence to increase the convergence rate and to 
reduce computational complexity a Frequency 
Domain Adaptive Filtering (FDAF) [1] has been 
proposed. Large processing delay may be 
introduced due to the block processing nature of 
the FDAF, especially when the filter length is long. 
To reduce this processing delay, the multi-delay 
filter  was proposed to segment the adaptive filter 
into smaller blocks. Short Time Fourier Transform 
(STFT) domain has  been proposed in [2] for 
system identification and this STFT  used for 
acoustic echo cancellation problem. 
However, during double talk situations,  a double 
talk detector was used to freeze the filter adaptation 
to prevent the divergence of the adaptive filter. So 
to avoid freezing the adaptive filter during double 
talk  a RAEC  system [3] has  been proposed. The 
RAEC utilizes the error recovery nonlinearity 
(ERN), which enhances  the filter estimation error 
prior to the adaptation, and the noise-robust 
adaptive step size  with block iterative adaptation 
that enables the recovery of  lost convergence 
speed due to the aggressive step size control. 
Therefore, the RAEC allows for continuous and 
stable adaptation of the filter even during double 
talk without requiring a DTD. 
Discrete wavelet transform (DWT)  is used for de-
noising  of the signal in [4].  In this paper we 
proposed de-noising the signal using DWT and for 
acoustic echo cancellation uses RAEC algorithm in 
the STFT. 
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2. ACOUSTIC ECHO 
CANCELLATION 
As illustrated in Figure 2 for single channel AEC, 
let x[n] be the far end reference signal vector, 
„h[n]‟ is the room impulse response  and „y[n]‟ be 

the near end microphone signal that consists of the 
noise or near end  speech „v‟ mixed with the 
acoustic echo d[n] = h[n]T x[n]. The adaptive filter 
coefficients „w‟ model the room impulse response, 

and the filtered output d1[n]= wT x[n] approximates 
the echo signal  „d[n]‟. The observed estimation 

error „e[n]‟ after AEC is given by 
e[n] = v[n] + d[n] – d1 [n] 

                          = v[n] + b[n]                                                                   
where b[n]  is the residual echo that comes from 
the misalignment between the room impulse 
response and the adaptive filter coefficients.   
However, strong „v[n]‟ during double talk, for 

example, may corrupt the estimation error and 
cause the adaptive filter to diverge. Hence the error 
recovery nonlinearity component reduces such a 
disturbance remaining in the estimation error and 
enables the linear adaptive filter to better estimate 
the linear part of the system response. 

Fig 2. 

3. Discrete wavelet Transform(DWT) 
            The DWT of a signal x is calculated by 
passing it through a series of filters. First the 
samples are passed through a low pass filter with 
impulse response „g’ resulting in a convolution of 
the two 

 
 The signal is also decomposed simultaneously 
using a high pass filter with impulse response „h’ 

The outputs giving the approximation coefficients 
(from the low-pass) and detail coefficients (from 

the high-pass filter). It is important that the two 
filters are related to each other and they are known 
as a quadrature mirror filter. However, since half 
the frequencies of the signal have now been 
removed, half the samples can be discarded 
according to Nyquist‟s rule. The filter outputs are 

then sub sampled by 2 (It should be noted that 
Mallat's and the common notation is the opposite, 
g- high pass and h- low pass) 

 

This decomposition has halved the time resolution 
since only half of each filter output characterises 
the signal. However, each output has half the 
frequency band of the input so the frequency 
resolution has been doubled. 

Fig 3.  Block diagram of filter analysis 

With the sub sampling operator  

 
the above summation can be written more as 

 
However computing a complete convolution x * g 
with subsequent down sampling would waste 
computation time. 
 
Cascading and Filter banks 
This decomposition is repeated to further increase 
the frequency resolution and the approximation 
coefficient decomposed with high and low pass 
filters and then down sampled. This is represented 
as a binary tree with nodes representing a sub-
space with a different time-frequency localization. 
The tree is known as a filter bank. 
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Fig 4.   3 level filter bank 

 
The procedure of the signal de-noising based on 
DWT is consist of three steps that is decomposition 
of the signal, thresholding and reconstruction of the 
signal. The thresholding can be applied by 
implementing either hard or soft thresholding 
method. In the hard thresholding, the wavelet 
coefficient below a give value are stetted to zero, 
while in soft thresholding the wavelet coefficient 
are reduced be a quantity to the threshold value. 
The threshold value is the estimation of the noise 
level, which is generally calculated from the 
standard deviation of the detail coefficient. The 
Hard and soft threshold can be expressed  as 
follows 

 
 

4. Short Time Fourier Transform 
Short time Fourier transform, is used to determine 
the sinusoidal frequency and phase content of local 
sections of a signal as it changes over time. The 
data to be transformed could be broken up into 
frames which usually overlap each other. Each 
frame is Fourier transformed  and the complex 
result is added to a matrix, which records 
magnitude and phase for each point in time and 
frequency. 
Let x[n] be the signal transformed to the STFT 
domain by 

Xk[m] wA[n]wN
kn 

 
where k is the frequency index, m is the frame 
index,  N is the frame size, R is the frame shift size, 
WA[n] is an analysis window of size N, and 
WN≡exp(−j2πN). The frequency domain 
coefficients can be synthesized back by applying 
the inverse STFT (ISTFT). 
                                  

WN
-k(n-mR)  

 
Where Ws[n] is a synthesis window. For perfect 
reconstruction of the signal x[n], the analysis and 
synthesis windows must satisfy the so-called 
completeness condition, i.e 

A[n+mR]WS[n+mR]=1 ,  ∀n. 

5. Proposed algorithm      
The RAEC utilizes ERN, which tries to recover the 
true error signal prior to the adaptive filter update 
and can be expressed as a nonlinear clipping 
function  that is                    .                                                       

                                          
 
This limits the error signal when its magnitude is 
above a certain threshold Tk[m].  The threshold is 
estimated based on the near-end signal statistics 
and is approximated by  

Tk[m]= See,k[m]                                                              

where  See,k[m] is the power spectral density 
(PSD) of the error signal and is given by 
See,k[m] ≡ E{|Ek[m]|2} ≈ βSee,k[m-1] + (1-β)|Ek[m]| 

Here E{ ·} is the expectation operator, and 0 β<1 

is a forgetting factor. The nonlinear clipping 
function of equation above is one of the several 
nonlinear functions investigated  that gives the best 
performance, where the residual echo signal b[n] 
and the near-end signal v[n] are assumed to be 
Gaussian distributed and Laplace distributed, 
respectively. 
The regularization parameter plays an important 
role in adaptive algorithms. Without good 
regularization, an adaptive algorithm may not 
behave properly under noisy conditions. A fixed 
regularization term is traditionally applied to the 
step-size of the normalized LMS (NLMS) 
algorithm to stabilize the filter update 

                      μk
NLMS

= μ                  (a)                                                     

where δ is the fixed regularization term. In 
conjunction with the ERN, the RAEC incorporates 
a noise-robust adaptive step-size  that is given in 
the frequency domain as 

                                                                        (b) 



IJournals: International Journal of Software & Hardware Research in Engineering 

ISSN-2347-4890 

Volume 3 Issue 4 April, 2015 

 © 2015, IJournals All Rights Reserved                                                                      www.ijournals.in 

 

Page 83 

where γ is a tuning parameter, Sxx[m] is the power 
spectral density of the reference signal  and     

δk[m] = γ
  is a frequency-

dependent regularization term. The adaptive step-
size in (b), similar in form to (a), can be viewed as 
using the frequency dependent regularization term 
that scales down the step-size automatically when 
the near-end signal v[n] is large.  
         Update matrix for the STFT-domain 
Proposed RAEC is given by 

ΔHi
1
=μk[m] o φ((e[m])xH[m-i] 

Where φ(e[m]) ≡ [φ(E0[m]), . . . , φ(EN-1[m])]T is 
the estimate of the true error signal vector after 
applying ERN. 

6. SIMULATION AND RESULTS  
The RAEC algorithm implementation and de-
noising  was carried out on MATLAB/SIMULINK 
platform. The performance of acoustic echo 
cancellation is carried out by using the true echo 
return loss enhancement(TERLE) and is defined as 
follows 

  

Where y[n] is the microphone signal , v[n] is 
the near end signal or noise signal and e[n] is 
the error signal. The RAEC performance is 

shown in the fig 6  and fig 7 without DWT and 

with DWT respectively.  Table 1  is the result 

of mean and median of RAEC without and 

with DWT respectively. So result(Table-1) 

showing  that, echo loss is increased  after de-

noising the signal.  

 

Fig 5. Signal 

 

 

Fig 6. Without DWT 

 

Fig 7. With DWT. 

 

 
Without DWT With DWT 

Mean 10.344 11.76 

Median 9.928 11.856 
Table 1. 

7. CONCLUSION 
This paper presents both  de-noising the signal and 
acoustic echo cancellation, hence the performance 
of RAEC is improved after de-noising the 
microphone signal. 
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