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Abstract— Speech plays an important role in multimedia
system. Speech enhancement is to remove noise from speech for
multimedia systems. Noise act as a disturbance in any form of
communication which degrades the quality of the information
signal. Generally transmission and receiving signals are often
corrupted by noise which can cause severe problems for
downstream processing and user perception. Therefore an
automated removal of noise would be an invaluable first stage for
many signal processing tasks. Denoising has long been a focus of
research and yet there always remains room for improvement.
There are so many ways to improve the signal quality or to
regenerate the signal. In this paper we have present a method for
speech signal denoising using different wavelets. In this we will
demonstrate the usefulness of wavelets to reduce noise in a model
system where Gaussian noise is inserted into an audio signal.
Index Terms—About four key words or phrases in alphabetical
order, separated by commas.

I. INTRODUCTION
After automated system wavelets come into an existence
as a popular tool for speech processing, such as speech
analysis, pitch detection and speech recognition. Wavelets
proven to be successful front end processors for speech
recognition, by using the time resolution of the wavelet
transform. For the speech recognition, the mother wavelet is
based on the Hanning window. The recognition performance
depends on the coverage of the frequency domain. The goal
for good speech recognition is to increase the bandwidth of a
wavelet without significantly affecting the time resolution.
This can be done by compounding wavelets white noise is the
most difficult to detect and to remove. The
correlated(harmonic) signals results in larger coefficients than
the uncorrelated noise. The noise can easily be removed by
discarding small coefficients. White noise can be handled
either by hard and soft thresholding. Hard thresholding
smoothes the signal by reducing the wavelet coefficients by a
quantity equal to the threshold value and modifies the signal
energy . For the denoising of the signal it is assumed that the
noise can be approximated by a Gaussian distribution. The
speech components will have large values compared to the
noise. The computation of the coefficients is done using a
multi-resolution wavelet filter bank. The filter choice depends
on the noise level and other parameters. For a good denoising
result, a good threshold level has to be estimated. The wavelet
function and the decomposition level also play an important
role in the quality of the denoise signal .Recently, various
wavelet based methods have been proposed for the purpose of
speech denoising. The wavelet split coefficient method is a
speech denoising procedure to remove noise by shrinking the
wavelet coefficients in the wavelet domain. The method is
based on thresholding in the signal that each wavelet

coefficient of the signal is compared to a given threshold.
Using wavelets to remove noise from a signal requires
identifying which components contain the noise, and then
reconstructing the signal without those components.
II. PROBLEM STATEMENT
Review The basic idea behind the project is to estimate the
uncorrupted speech from the distorted or noisy speech signal
and sine signal, and is also referred to as speech “denoising”.
There are various methods to help restore speech from noisy
distortions. Selecting the appropriate method plays a very
important role in getting the desired speech. The denoising
methods tend to be problem specific. For example, a method
that is used to denoise esophageal speech may not be suitable
for denoising Emd. A sine signal and audio signal is taken and
white Gaussian noise is added to it. This would be given as an
input to the denoising algorithm, which produces an speech
signal close to the original high quality speech signal.
Selecting a wavelet that has compact support in both time and
frequency in addition to significant number of vanishing
moments is essential for an algorithm. Several criteria can be
used in selecting an optimal wavelet function. The objective is
to minimize reconstructed error variance and maximize signal
to noise ratio (SNR). Optimum wavelets can be selected based
on the energy conservation properties in the approximation
part of the coefficients. Wavelets with more vanishing
moments should be selected as it provides better
reconstruction quality and introduce less distortion into
processed speech and concentrate more signal energy in few
coefficients. Computational complexity of DWT increases
with the number of vanishing moments and hence for real time
applications it cannot be suggested with high number of
vanishing moments
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III. IMPLEMENTATION WITH MATLAB

IV. EXPERIMENTAL RESULTS

In wavelets, there are two types of frequency components
that is low frequency components and high frequency
components. Low frequency components responsible for
most of the information, while high frequency component
give knowledge of few features. The signal is decomposed to
form a tree and a function is applied to calculate the
coefficients of a tree. Also, the number of tree nodes that gives
higher performance is generated. A threshold value is
obtained which is used to perform denoising. Then the
denoised signal is obtained and compared with the original
signal. A correlation function is applied between the original
and denoised signal for the purpose.
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First define the time interval K and angular frequency W.
Define a variable H which represents the argument of
sine function ,
Read audio signal using WAVREAD command and define it
x. obtain x1 in terms of vector form of x .sample x1 to get x2,
Where x2 will be the original signal.
Add white Gaussian noise to the original signal to generate
Y defining SNR ratio.
Use WAVWRITE command to listen to audio signal y
Define the wavelet name and level which you intend to use.
Use the wpdec command which is used for creating a tree.
Generate the coefficients of the decomposition of a signal
using wpcoef command.
wpbmpen command generates a global threshold.
Sigma is the standard deviation of white Gaussian noise used
in calculating threshold.
Alpha is a tuning parameter for the penalty term used in
threshold.
Wpdencmp provides decompression or denoising of a
signal.
SORH stands for soft and hard thresholding.
Decomposition performed using entropy criterion is
performed by string CRIT and parameter PAR.
Xd is the denoised signal.
Calculate the correlation D Between the original signal and
denoised signal.
Plot the original signal, denoised signal and signal with
noise with time interval k.
Calculate the correlation between the original and denoised
signal.
Code can be performed with different levels
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Denoising of speech signals has been achieved successfully
using wavelets. This paper provides a practical approach on
how noisy audio (in wavelet form) incorporated with white
Gaussian noise can be denoised. By using the coiflet wavelet,
the author has presented a novel denoising method. A high
correlation value above 98% at lag value of zero has been
achieved.

wpdec
Function

Xd

10

V. CONCLUSION

Wavelet
Name

Node
Number

8
original speech signal

-0.05

Audio Playback

Wavelet Tree

6

0

Signal Y

Final Graph

4

0.05

2.

SNR

2

0.1

A. Algorithm for denoising of an audio signal and
comparing the correlation of original signal and de-noised
signal
1)
2)

0

5.

Amara Graps. An introduction to wavelets. IEEE Computational
Science and Engineering, Summer 1995,vol. 2, num. 2, published by
the IEEE Computer Society, 10662 Los Vaqueros Circle, Los
Alamitos, CA 90720, USA.
R.J.E. Merry, Prof. Dr. Ir. M. Steinbuch, Dr. Ir. M.J.G. van de
Molengraft. Wavelet Theory and Applications -A literature study, DCT
2005.53.
Florian Luisiera, Thierry Blua, Brigitte Forsterb and Michael Unsera a
Biomedical Imaging Group (BIG), Ecole Polytechnique F´ed´erale de
Lausanne (EPFL), Lausanne, Switzerland Centre for Mathematical
Sciences,
Munich
University
of
Technology
(TUM),
Munich,Germany. Which wavelet bases are the best for image
denoising ?
A. K. Verma, Neema Verma. A Comparative Performance Analysis of
Wavelets in Denoising of Speech Signals, National Conference on
Advancement of Technologies – Information Systems & Computer
Networks (ISCON – 2012) Proceedings published in International
Journal of Computer Applications® (IJCA).
Nathaniel A. Whitmal’, Janet C.Rutledge’, and Jonathan
Cohen2.Reducing Correlated Noise in Digital Hearing Aids.

Sigma
Alpha

Retrieval Number: D0596032413/2013©BEIESP

192

Published By:
Blue Eyes Intelligence Engineering
& Sciences Publication

International Journal of Innovative Technology and Exploring Engineering (IJITEE)
ISSN: 2278-3075, Volume-2 Issue-4, March 2013
6.

7.

8.

9.
10.

11.

12.

13.
14.

15.

16.

17.

18.

19.

20.

Adrian E. Villanueva- Luna1, Alberto Jaramillo-Nuñez1,Daniel
Sanchez-Lucero1, Carlos M. Ortiz-Lima1,J. Gabriel Aguilar-Soto1,
Aaron Flores-Gil2 and Manuel May-Alarcon2.. De-Noising Audio
Signals Using MATLAB Wavelets Toolbox.
Dr. Parvinder Singh, Dinesh Singh, Deepak Seth. Reduction of Noise
from Speech Signal using Haar and Biorthogonal Wavelet, ISSN:
2230-7109(,IJECT Vol. 2, ISSN : 2230-7109(Online) | ISSN :
2230-9543(Print) Issue 3, Sept. 2011.
Sofia Ben Jebara, Research Unit TECHTRA Ecole Sup´erieure des
Communications de Tunis Route de Raoued 3.5 Km, Cit´e El Ghazala,
2083, Ariana, Tunisia. Peridoc/Aperiodic Decomposition And
Wavelet Transform for Noise Reduction Is Oesophageal Speech.M.
Young, The Techincal Writers Handbook. Mill Valley, CA:
University Science, 1989.
Michel Misiti, Yves Misiti, Georges Oppenheim, Jean-Michel Poggi.
Wavelet Toolbox for use with matlab.
Rajeev Aggarwal, Sanjay Rathore, Jai Karan Singh, Mukesh Tiwari,
Vijay Kumar Gupta, Dr. Anubhuti Khare. Noise Reduction of Speech
Signal using Wavelet Transform with Modified Universal Threshold,
International Journal of Computer Applications (0975 – 8887) Volume
20– No.5, April 2011
Bahoura M & Rouat J, (2006). Wavelet speech enhancement based on
time–scaleadaptatio,SpeechCommunicationVol.48,No.12,pp:1620-16
37. ISSN: 0167-6393.
Rajeev Aggarwal, Jay Karan Singh, Vijay Kr. Gupta and Dr. Anubhuti
Khare. Elimination of White Noise from Speech Signal Using Wavelet
TransformBy Soft and Hard Thresholding, VSRD-IJEECE, Vol. 1 (2),
2011, 62-71.
Davis, G, M, (2002). ‘Noise Reduction in Speech Applications, CRC
Press LLC, ISBN 0-8493-0949-2, USA.
Dong E & Pu X. (2008). Speech denoising based on perceptual
weighting filter, Proceedings of 9th IEE International Conference on
Signal Processing, pp: 705-708, October 26-29, Beijing. Print ISBN:
978-1-4244-2178-7.
Gold, B. & Morgan, N. (1999) Speech and audio signal processing:
processing and perception of speech, and music, John Wiley & Sons,
INC., ISBN: 0-471-35154-7, New York, USA.
Johnson M. T, Yuan X and Ren Y, (2007). Speech Signal
Enhancement through Adaptive Wavelet Thresholding, Speech
Communications, Vol. 49, No. 2, pp: 123-133, ISSN: 0167-6393.
Képesia M & Weruaga L. (2006). Adaptive chirp-based
time–frequency analysis of speech signals, Speech Communication,
Vol. 48, No. 5, pp: 474-492. ISSN: 0167-6393
Li N & Zhou M. (2008). Audio Denoising Algorithm Based on
Adaptive Wavelet Soft-Threshold of Gain Factor and Teager Energy
Operator, Proceedings of IEEE International Conference on Computer
Science and Software Engineering, Vol. 1,pp: 787-790. Print ISBN:
978-0-7695-3336-0.
McLaughlin I (2009). Applied Speech and Audio Processing With
MATLAB Examples, Cambridge University Press, ISBN-13
978-0-521-51954-0, UK.
Minkoff, J. (2002). Signal Processing Fundamentals and Applications
for Communications and Sensing Systems, ARTECH HOUSE, INC.,
ISBN 1-58053-360-4, USA.

AUTHORS PROFILE
Ms. Roopali Goel, is working as a Asst. prof in the
department of CSE in CET-IILM-AHL Greater
Noida, UP, India. She is also pursuing her M.Tech in
CS(final year) from Jamia Hamdard University Delhi.
Her area of interest is Cloud Computing and Wireless
Networks.

Mr.Ritesh Jain, is working as a Lecturer in the
department of CSE in GURU NANAK DEV
POLYTECHNIC ,ROHINI, Delhi,India.He is also
pursuing M.Tech in CS(final year) from Jamia Hamdard
University Delhi

Retrieval Number: D0596032413/2013©BEIESP

193

Published By:
Blue Eyes Intelligence Engineering
& Sciences Publication

