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P R E F A C E  

This Text book is very helpful for Electrical, Mechanical, 
Electronics Engineers to develop Noise control 
applications in aircraft, Machines and headphone 
devices.In this book is introduced a new concept of Noise 
reduction application with simple graphical methods by 
using wavelet based adaptive alogirthms.Its reduced the 
complexity of algorithms writing and implementation 
problems. This is very helpful to write thesis and 
implementation of Real Time applications in all the 
scholars. Its mainly used aircraft applications during 
very high noise problems. This Research content having 
for Literaure Survey, Neural Network Concepts, DSP 
Processor, Matlab 7.0 Implementation is used for 
designing of ANC. Its easily understand the Research 
concepts from low level to High level Scholars. 

 Dr. S.Manikandan 
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ABBREVIATION FULL FORM OF ABBREVIATION 

DSP Digital Signal Processors 

ANC Active Noise Cancellation 

FXLMS Filtered-X Least Mean Square 

IIR Infinite Impulse Response 

FIR Finite Impulse Response 

RLS Recursive Least Squares 

FFT Fast Fourier Transform 

LMS Least Mean Squares 

ANN Artificial Neural Network 

HVAC Heating, Ventilation and Air Conditioning 

EVM Evaluation  Module 

SNR Signal to Noise Ratio 

PSNR Peak Signal to Noise Ratio 

 



A B S T R A C T  

This thesis introduce the reducing the content of noise 
present in the received Speech signals for wireless 
communication medium by using Wavelet based Grazing 
Estimation of Signal (WGES) Method. The received 
signal is corrupted due to mixing of white Gaussian 
noise. This proposed method is designed based on the 
superposition principle with eight possible cases. By 
conducting multiple possible cases of signal movement 
the noise signal is moved to opposite direction of original 
signal. This output is cascaded with wavelet transforms 
techniques with compare the available control algorithms 
output error signals. Compared to other available control 
algorithms the proposed method is Simple to implement, 
yields good performance and converges quickly. This 
proposed technique is implemented using Matlab 
software and DSP processor .This computer output 
simulation results confirm the effectiveness of our 
proposed algorithm. 
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