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Abstract — In this paper, the basic emphasis is on 
implementation of a new scheme of noise and echo 
cancellation from speech signals using adaptive filtering 
techniques. The proposed model can be divided into two 
major parts: acoustic echo canceller and background noise 
canceller; both parts are kept independent of each other so 
that time-variance in background noise canceller does not 
affect the echo canceller. Echo cancellation is done by 
correlating far-end echo with input signal and the core of 
noise cancellation of this scheme lies in cascading technique 
for reconstruction of noise. 

 
 

Index Terms— Acoustic Echo Cancellation, Linear 
Prediction Error Filter, Adaptive Noise Estimation Filter, 
LMS, ALE, NLMS. 
 

I. INTRODUCTION 

ith ever increasing power and falling cost of digital 
signal processors and the availability of cheap 
memory chips, the use of speech processing systems 

for voice communication and recognition systems is 
becoming more and more common. As the presence of 
noise significantly degrades the perceptual aspects and 
quality of desired speech signal the main objective of the 
proposed scheme is to improve the intelligibility of 
processed speech signal by estimating the background 
noise and cancelling it from the corrupted speech signal 
along with the undesired echo version of original speech.    

 The results of the proposed scheme have shown 
significant improvement in the overall quality and 
intelligibility of speech when compared with traditional 
available LMS interference cancelling schemes in [9] and 
[1] where only the background noise is estimated and its 
wideband and narrowband component estimated by ALE  
filters are suppressed without taking care of acoustic echo 
which severely effects the intelligibility of desired speech 
signal.   

 

 
      Muhammad Saad Nawaz, student in Bachelors of Science in Computer 
Engineering at CIIT, Email: saadnawaz27@yahoo.com; 

Mansoor Khan, faculty of Electrical Engineering, CIIT, Islamabad 
Email: mansoor_khan@comsats.edu.pk; 

 

       Other recently proposed schemes [3-5] have exploited 
the blind and psychoacoustic approach towards suppression  

 

of acoustic echo and background noise. The scheme in [3] 
uses post-filter with conventional acoustic echo canceller in 
the reference path which does not yield enough results 
although computational complexity is kept low. In [4] & 
[5], multiple-microphone schemes have been proposed 
which obviously will raise the computational complexity. 
The scheme in [5] has relatively lower computational 
complexity but it requires priori information while in [4] 
blind signal separation has been employed which bypasses 
need for priori information. 

The proposed scheme in this paper, Fig. 4 keeps echo 
canceller and noise canceller independent and parallel to 
each other yielding faster output. Acoustic Echo 
Cancellation (AEC) block estimates far-end echo from 
reference path while in parallel noise cancellation is done 
by a two-stage process; first Linear Prediction Error Filter 
(LPEF) is applied to the recorded input for whitening of 
noisy signals and then the output of LPEF is fed to 
Adaptive Noise Estimation Filter (ANEF) which estimates 
the noise from input signal to reconstruct it. This 
reconstructed noise is then subtracted from speech 
reference path (from which echo has already been 
cancelled) leaving pure speech in the reference path 
behind. 

 

II. ADAPTIVE FILTER ALGORITHM FOR PROPOSED 

SCHEME 

A. Normalized Least Mean Square Algorithm 

NLMS algorithm is a non linear adaptive filtering 
algorithm and the most common platform for supervised 
adaptive filters. It is a continuation of LMS algorithm 
developed by Widrow and Hoff [6] and the difference of 
these two algorithms is the method used by these 
algorithms for updating filter coefficients.  
 
 In NLMS algorithm, first of all the algorithm computes 
the output of filter using the initial filter coefficients 
convoluted with the input, ሺ1ሻ																								ݕሺ݊ሻ ൌ  ݄ሺ݇ሻݔሺ݊ െ ݇ሻெିଵ
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