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Abstract

Signal processing has become an important tool in almost all fields of science and engineering. The characteristics of
signals/systems are either not known or change with time. Processing techniques/algorithms should adapt to the
unknown characteristics which may be time invariant or variant. ANC is a technique used to remove a unwanted
noise from received signal. ANC is typically a dual-input, closed-loop adaptive feedback system. the primary sensor
not only records the signal from the desired signal source, it also picks up a delayed and/or filtered version of noise
signals originating from the noise source. The purpose of this dissertation work deals with the various aspects of
design & implementation of Real-Time Noise Cancellation and its usage in different applications.
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Introduction

The area of Real-Time Adaptive Signal Processing
involves the wuse of optimum statistical signal
processing techniques to design signal processing
systems that can modify their characteristics, during
normal operation(usually in real time), to achieve a
clearly predefined application dependent objective.
Signal processing has become an important tool in
almost all fields of science and engineering. Since the
characteristics of signals/systems are either not known
or change with time. In some case, like speech their
very changing characteristic nature is of utility and
importance. In cases like noise control, echo
cancellation and long distance communication, the
time variant behavior of the system/signal involved is
very undesirable. Therefore, processing
techniques/algorithms should adapt to the unknown
characteristics which may be time invariant or variant.
Hence to extract valid information in a changing
scenario, algorithms suitable for time invariant case
have to be made adaptive to preserve their
performance. The adaptive algorithms should be:
simple, computationally efficient, implementable on
the existing hardware platform and cost effective, thus
any real time processing has to be adaptive. One of the
main objectives within adaptive signal processing is
noise suppression, i.e., the detection of an information-
bearing signal in noise, for example and inside aircraft
cabin and automobiles, industrial noise etc.
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Thermal analysis can be used to determine inoculants
performance, apart from the traditional usage of
thermal analysis to determine the percentage of carbon
equivalent liquidus, carbon and silicon levels, it can
also be used to monitor metallurgical processes and
identify potential problems areas such as low nodule
count, under-cooled graphite and carbide/chill
propensity (Udroiu, 2002), (Corneli, et al, 2004),
(Seidu, 2008). It can be used to predict iron shrinkage
tendency and help the foundry to control scrap.

Error Scale Graph
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From the above graph which shows the comparison
between error scale for LMS, NLMS, improved NLMS
we can conclude that the MSE is very low with the
algorithm improved normalized mean square error. In
the above graph we can see that the Error is reduced to
-36dB.
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3. Output signal for LMS, NLMS & Improved NLMS
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Recorded signal at primary sensor = S(n) + HN(n)

(i) Let V(n) = HN(n) represent the noise signals at
the primary sensor and assume that desired signal
and the noise signal are uncorrelated with each other
such that

E[S(n)V(n-m)] =

The noise signal N(n) recorded at the reference sensor
is uncorrelated with the signal S(n) i.e.

E[S(n)N(n-m)] =

0 forallm

0 forallm

But it is correlated with the delayed and filtered
version noise V(n) or HN(n) at the primary sensor
output in an unknown way such that,

E[V(n)N(n-m)] = P(m) for all m
Implementation of the NLMS algorithm

LMS algorithm has a drawback that its step size is not
time varying which makes it very hard to make it
stable. The NLMS algorithm is a derivative of LMS
algorithm which can solve the problem of LMS by
normalizing the input power. NLMS updates the
coefficient of adaptive filter by using following

e(n)(x(m)

w(n+1)=w(n)+ s ‘x(n)‘Z

We can also write the above equation as
w(n+1)=w(n)+z(n).e(n)x(n)
e(n)x(n)

Where ,u(n) =U ‘X(n)‘Z
Now NLMS becomes the same as standard LMS except

that NLMS has time varying step size which improves
the convergence rate of adaptive filter.

Uncorrelated noise in primary input

A single channel adaptive noise canceller with an
uncorrelated noise mo present in the primary input is
shown in fig 3.3. The primary input thus consists of a
signal and two noises mo and n. The figure shows a
single channel adaptive noise canceller with an
uncorrelated noise mp present in the primary input.

The desired response d is thus s+mo+n. Assuming that
the adaptive process has converged to the minimum
mean square solution, the adaptive filter is now
equivalent to a Wiener filter. The optimal
unconstrained transfer function of the adaptive filter is
given by

W*(z)=

The spectrum of the filters input 8. (z) can be
expressed asdxx(z) = 6nn(z)|H(Z)|?

Where 6nn(z) is the power spectrum of the noise n. The
cross power spectrum between filter's input and the
desired response depends only on the mutually
correlated primary and reference components and is
given as

8ux(2) = Sn(z)H(z1{1-1)

The Wiener function is thus

W*(Z)=§ Z)H-£)Z_l): 1
Sn(2)H(z)" H(2)
Note that W*(z) is independent of the primary signal

spectrum 06x(z) and the primary uncorrelated noise
spectrum Smomo(Z)-

Conclusion

In this dissertation, we have studied the Design and
Implementation of Real-Time Noise Cancelling System.
LMS Adaptive Filtering is an important basis for signal
processing; Adaptive Noise Cancelling is a method of
optimal filtering that can be applied whenever a
suitable reference input is available. The advantages of
this method are its adaptive capability, its low output
noise, and its low signal distortion. The adaptive
capability allows the adaptive filter are used for
estimation of non-stationary signals and systems, or in
application where a sample-by sample adaptation of a
process and for a low processing delay is required.
Output noise and signal distortion are generally lower
than can be achieved with conventional optimal filter
configurations. In each instance cancelling was
accomplished with little signal distortion even though
the frequencies of the signal and interference
overlapped. Thus Noise Cancelling Technology
establishes the usefulness of Adaptive Noise
Cancellation in techniques and its diverse application
for the development.

Future Scope

In this dissertation, we have studied the least-mean-
squares adaption Algorithm, NLMS & Improved NLMS.
Our scope for the future work includes:-

e  The study of other adaptive algorithms and their
stability for application to Adaptive Noise
Cancellation compared.
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e  These algorithms that can include study of
Recursive Least Squares with the Normalized
LMS, and Variable Step-Size algorithms
Symmetrical Adaptive Decorrelation Algorithm.

o Moreover, this Project does not consider the
effect of finite-length filters and the casual
approximation, optimization of the delay
parameter to influence on the phase adjustment
characteristics, and to study in detail the various
other improvised implementation of the ANC in
various applications.

Result and Discussion
The name MATLAB stands for Matrix Laboratory is a
high performance programming language for technical
computing. This software is used for a wide variety of
scientific and engineering calculations, especially for
automatic control and signal, image processing, it has
extensive graphical capabilities, and algorithm
development. Matlab allows easy matrix manipulation,
plotting of functions and data, implementation of
algorithms, creation of user interfaces, and interfacing
with programs in other languages. Matlab is built
around the Matlab language, sometimes called M-code
or simply M.
In this dissertation, all the algorithms and possible
implementations of the adaptive noise canceller as
discussed in the previous chapters are simulated using
MATLAB and results are discussed as
e Improved NLMS of adaptive noise canceller result
and improvement of NLMS over simple LMS.

e Adaptive noise canceller with uncorrelated noise
in primary and reference inputs result.

e Adaptive noise canceller of bias/drift removal

result.

e Adaptive Noise Canceller as adaptive line enhancer
result.

e Comparison of LMS, NLMS & improved NLMS error
scale.

e Output signal for LMS, NLMS & Improved NLMS.

NLMS of adaptive noise canceller
improvement of NLMS over simple LMS

result and

The simulated models are set to the following
parameters:

Filter Parameters
1) Number of epochs = 4000
2) Number of taps =60
3) Adaptation Step Size Parameter
LMS Step Size: m = 0.01
4) Signal frequency 0.01, noise frequency 0.05

5) Input Signals: White, Normally distributed, zero
mean, unit variance

Additive Noises: Input sensors noises are simulated
as white signals. It has been assumed these additive

noises are uncorrelated with the other signals in the
adaptive noise canceller.

References

T. I. Laakso, V. Valien aki, M. Kar]alainen, and U. K. Laine (Jan.
1996), Splitting the unit delay, IEEE Signal Processing
Magazine, vol.13, pp. 30-60.

Julie E. Greenberg (1998), M O E D LMS Algorithms for
Speech Processing with an Adaptive Noise Canceller,
IEEE Transactions, pp.338-351.

H. Vincent (1998) Poor Signal Processing Algorithms for
Adaptive Interference Suppression IEEE Transactions, pp.
589-592.

Tak Keung Yeung and Sze Fong Yau (1999), Feed forward
ANC System Using Adaptive FIR Filters with On-line
Secondary Path Identification, IEEE Transactions, pp.675-
678.

Donald L Duttweiler (Sep. 2000), Proportionate Normalized
Least-Mean Square Adaptation in Echo Cancellers ,
Transactions on speech and Audio processing, I[EEE.

E. Hansler and G. U. Schmidt (Nov. 2000), Hands free
telephones - joint control of echo Cancellation and post,
filtering, Signal Processing, vol. 80, pp, 2295-2305.

Jeffrey S.Eia and Xin Xu (2001), Sidelobe Suppression Using
Adaptive Filtering Techniques, IEEE Transactions, pp.788-
791.

Kutluyil Dogancay and Oguz Tanrikulu (2001), Adaptive
Filtering Algorithms With Selective Partial Updates IEEE
Transactions, pp. 762-769.

Abdullah Halim, Yusof Matl Ikram, Shah Rizam Mohd Bali
(2002), Adaptive Noise Cancellation: A Practical Study of
the Least-Mean Square over Recursive Least-Square
Algorithm, IEEE Transactions, pp. 448-452.

David S. Leeds (2002), Adaptive Noise Cancellation of
Coupled Transmitter Brust Noise in Speech Signals for
Wireless Handsets, IEEE Transactions, pp.3924-3927.

Artur Krukowski and Izzet Kale (2003), Polyphase IIR Filter
Banks for Subband Adaptive Echo Cancellation
Applications, IEEE Transactions, pp.405-406.

Chi-Chou Kao (November 2003), Design of Echo Cancellation
and Noise Elimination for Speech Enhancement, IEEE
Transactions on Consumer Electronics, Vol. 49, No. 4,
pp.1468-1473.

Z. Ramadan and A. Poularikas (2004), An adaptive noise
canceller using error nonlinearities in the LMS adaptation,
IEEE Transactions, pp. 359-364.

Georgi Ilicv and Karen Egiazarian (2004), Adaptive System
for Noise Cancellation in Wireless Communications, IEEE
Transactions, pp.273-276.

Stephan Berner and Phillip L. De Leon (Oct 2005), Subband
Transforms for Adaptive, RLS Direct Sequence Spread
Spectrum Receivers, IEEE Transactions, pp.3773-3774.

Naoto SASAOKA, Keisuke SUMI, Yoshio ITOH, Kensaku FUJII,
and Arata Kawamura (February 2006), A Noise Reduction
System for Wideband and Sinusoidal Noise Based on
Adaptive Line Enhancer and Inverse Filter, leice Trans.
Fundamentals, Vol. E89-A, No, pp. 503-510.

Ali A. Milani (Sep 2006), LMS-based Active Noise Cancellation
Methods for Fmri Using Sub-band Filtering, IEEE
Transactions, pp.512-516.

Mohammed Jafar Ramadhan (2007), A New Simple Adaptive
Noise Cancellation Scheme Based on ALE and NLMS Filter,
IEEE Transactions, pp. 657-662.

538| International Journal of Current Engineering and Technology, Vol.6, No.2 (April 2016)



