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ABSTRACT

This paper presents a approach for noise reduction or cancellation of noise through Least Mean Sguare algorithm.
Filtering method is used for this approach is adaptive filtering. when the signal introduced by noise it get distorted
and disturbed by the noise and hence reduced audio_guality. Here to overcome this proeblem we use this filtering
technique. This technique helps to improve audio quality and hence miqimize lossés at the end of result. The
qualitative result is based on human hearing acuity of frequency of signal and"in this various real world audio
signal sources with noise are also discussed.
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I INTRODUCTION

Acoustic noise Hecomesimore utter as increases in number of industrial equipment such as transformer, blowers and
engines that'are in use. Inthis paper, noiseiis define as any kind of undesirable signal whether it is done by electrical
vibrations or. any kind of media. signal are superimpose with each other and create an effect with noise.

The main objective of this paperis to build a noise cancelling of audio signal by adaptive filters and LMS algorithm.
Basically noise caneellation is@itechnique to reduce the undesirable noise from the original signal. An adaptive filter
is use for filtration of noise from any audio signal using feedback. In many applications, adaptive noise cancellation

is an effective method for recovering a signal corrupted by additional noise.

I1 BASIC CONCEPT OF NOISE

In general term, noise is simply an unwanted signal or sound. Noise in the sound means any variations in air
pressure that is detected by human ear. Signal that is transmitted over the media is combination of both useful and

unwanted signal. Let’s take an example by diagram in which original signal and unwanted noise signal are
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superimpose with each other and create an effect with noise.
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Figure 1: Basic Noi
Noise is generally unwanted sound. Let’s Take an example fo cern/ with human being.
Suppose if anything falls at the floor, does it make e is defined as unwanted
signal, and if there is no observing the sound can
In the diagram there is input signal with upsa nal is superimposed with the input

signal the output of signal become straight line mea

111 ADAPTIVE FILTER
In this practical world the unknow

response of signal requires filtering and for this purpose adaptive

filters are used. Now adaptive filter itautomatically design itself by providing feedback loop and can

detect variations inftime according t ch is derived at the occurrence of the error signal. The

is paper is LMS.
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Figure 2: Block diagram of Adaptive filter
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x (n)=input signal y (n)=output signal

d (n)=desire reference response e (n)=error signal

e(n)=y(n)-d(n)

y(n) is concluded by the convolution of the filter weight vector and input signal.
ie y(n)=w(n)*x(n)

Here w is the filter weight vector

The dotted lines show the algorithm is being implemented here in this circuit. The ments of adaption are

filter structure, performance criterion and adaption rule. Adaptive filter are use ication such as echo

quality.

Speech coding: it means compression of data. it is a method of redu hat is used to represent the

e filters are used.

signal. The reduction is done to send the efficient ¢ ink. For this purpose ada

Adaptive equalization: when the signal is tranSmitted over & channel, it storted, to compensate the

distortion adaptive equalization is being précessed with the use,of the adaptive filter.

IV LEAST MEAN SQUARE ALGORITHM

LMS algorithm is a noise cancella 3 % ped by Bernard Widrow, a professor at Stanford
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Figure 3: Adaptive Noise Can

Basic equation of LMS algorithm:

en filtering mechanism by the adjustment of the weight vector (LMS

he error becomes zero.

In this section we performed the LMS algorithm for the filtration of the noise. The algorithm was implemented step
by step as discussed earlier. Figure 4 shows the original signal .in this signal no noise is present. Figure 5 shows the
noise introduced in the signal. Which distorted the original signal? A figure 6 show the signal where whole
algorithm is applied i.e. output of a signal, which may or may not contain any noise signal. Figure 7 shows the error
efficiency. Means how much error is reduced at every iteration. Figure 8 shows the convergence line. Means the
graph of the weightage value added at every iteration.
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Figure 6: Filtered Qutput Signal
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Figure 8: Converge Line
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Figure 5: Noisy Signal
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Figure 7: Error Efficiency
157 |Page




International Journal of Advance Research In Science And Engineering http://www.ijarse.com

IJARSE, Vol. No.3, Issue No.7, July 2014 ISSN-2319-8354(E)

VI CONCLUSION

This paper shows a application based on noise cancellation using adaptive filter. The main aim of this paper is to
use LMS algorithm as a noise cancellation algorithm. The noise free output is obtained after some LMS iterations.

Therefore it gives good results in notice cancellation problem.
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