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Abstract — This paper describes the comparison between adaptive filtering algorithms that is least mean square (LMS), Delay least
mean square (DLMS),Time varying least mean square (TVLMS) . Implementation aspects of these algorithms and Signal to Noise ratio are
examined. Here, the adaptive behavior of the algorithms is analyzed. MATLAB/ Simulink is used to design. Noise Cancellation is a
technique used for reducing undesired noise signal. Analysis of LMS , DLMS and Time-Varying Least Mean Square algorithm and
comparison on the basis of various performance indices like MSE, SNR. The experimental results reveal that the LMS algorithm outputs are

the best.
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1. Introduction

The most popular adaptive algorithms are the
least mean square (LMS) algorithm. The least mean
square algorithm is well — known for engineers involved
in active noise control (ANC).It can be applied for the
adaptation of the controller as well as for off line or on-
line estimation of the relevant acoustic transfer functions.
Because of it is proved to be a robust algorithm for
adaptation of transversal digital filters used for different
purposes in ANC system. But the LMS adaptive algorithm
is practically used due to its simplicity and demonstrated
efficient performance [5] .Now several algorithms are
known FIR finding weights of linear functions in order to
minimize E error and such among them is the linear
adaptive filters
1.1 Least Means Square (LMS)

The least-mean-square (LMS) algorithm was
developed by Widrow [1][2]. It is still used in adaptive
signal processing for its simplicity, less computation, ease
of implementation and good convergence property. The
LMS algorithm is described by the equation:

e(n) = d(n) — XT(nN)W(n) --------=--=----- Q)

w(ntl) = w(n) + 2p(n)e(n)X(n)--------- )

Where w(k) is filter coefficient at time k, (k) is step size,
e(k) is adaptation error and x(k) are the filter input
respectively. Equation (1) shows that LMS algorithm uses
an adaptation error and a variable step size to update the
filter coefficients. In this algorithm, the step size
parameter [(n)is constant. The choice of this parameter p
is very important to the convergence and stability. As in
[2], the stability of the convergence of LMS algorithm
requires the step size parameter p satisfy the condition
0< u <t(R) £1Amax .- (3)

Where tr(R) is the trace of the autocorrelation matrix of
input x and Amax is the maximum eigen value of R .In

general a smaller step size leads to a small steady state
misadjustment (SSM) but a slower convergence rate.
While a larger step size gives faster convergence but a
large SSM so, suitably select p based on equation (3). But
it is still far from optimum trade-off between SSM and
convergence rate. Then TVLMS algorithm is proposed to
solve this problem. The TVLMS algorithm uses a suitable
step size in the initial stage to speed up the convergence
and the step size is adjusted to a smaller value gradually
during the convergence.

In section 2, the TVLMS is discussed and their
performance is introduced. In section 3, the new TVLMS
algorithm is proposed. In section 4, the proposed
algorithm is applied to noise cancellation system and
simulation results are presented. Finally draws the
conclusion.

The delay least mean squares (DLMS) algorithm is used
to achieve lower adaption delay .It does not support the
pipelined implementation. The digital signal processors
(DSPs) are used for implementing different schemes of
digital FIR filters. MATLAB [6] is a powerful language
for technical computing the name MATLAB is known as
“Matrix”. Laboratory, because its basic data element in a
matrix (array) generally it is used in math computations
modeling and simulations, data analysis and processing,
visualization and graphics and algorithm development.

2. Adaptive Filter

Adaptive filters self learn. As the signal into the filter
continues, the adaptive filter coefficients adjust
themselves to achieve the desired result, such as
identifying an unknown filter or canceling noise in the
input signal. Figure 3.1 shows block diagram that defines
the Inputs and Output of a Generic RLS Adaptive Filter
An adaptive filter designs itself based on the
characteristics of the input signal to the filter and a signal
that represents the desired behavior of the filter on its
input. Designing the filter does not require any other
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frequency response information or specification. To define
the self-learning process the filter uses, The selection of
the adaptive algorithm used to reduce the error between
the output signal y(k) and the desired signal d(k) is done.
When the LMS performance criterion for e(k) has
achieved its minimum value through the iterations of the
adapting algorithm, the adaptive filter has finished its
work and its coefficients have converged to a solution.
Now the output from the adaptive filter matches closely
the desired signal d(k). When there is a change in the
input data characteristic, sometimes called the filter
environment, the filter adapts to the new environment by
generating a new set of coefficients

for the new data. Notice that when e(k) goes to zero and
remains there you achieve perfect adaptation, the ideal
result but not likely in the real world.

3. Time Varying LMS (TVLMS) Algorithm
The basic idea of TVLMS algorithm is to utilize the fact
that the LMS algorithm need a large convergence
parameter value to speed up the convergence of the filter
coefficient to their optimal values, the convergence
parameter should be small or better accuracy. In other
words, the convergence parameter is set to a large value in
the initial state in order to speed up the algorithm
convergence. As time passes, the parameter will be
adjusted to a small value so that the adaptive filter will
have a smaller mean squared error. A novel approach for
the least-mean-square (LMS) estimation algorithm is
proposed. The approach utilizes the conventional LMS
algorithm with a time-varying convergence parameter pn
rather than a fixed convergence parameter . It is shown
that the proposed time-varying LMS algorithm (TVLMS)
provides reduced mean-squared error and also leads to a
faster convergence as compared to the conventional fixed
parameter LMS algorithm. These algorithms have been
tested for noise reduction and estimation in single-tone
sinusoids and nonlinear narrow-band FM signals
corrupted by additive white Gaussian noise. The study
shows that the TV-LMS algorithm has a computation time
close to conventional LMS algorithm with the advantages
of faster convergence time and reduced mean-squared
error.

4. Experimental Conditions

The speech signal with different combinations of noise
signal is used for experimentation database has used. For
the implementation and analysis of algorithms, different
speech signal data corrupted with three level 0dB, 5dB
and 10dB of noise is considered and experimentations are
carried out. The speech signal that we use was “We find
joy in the simplest thing.” Different noise signals include
Airport noise, Babble noise, Car Noise, Exhibition Noise,
Restaurant Noise, Station Noise, Street Noise and Train
Noise with 0dB, 5dB and 10dB values.

Our work has two main types to explain main working in
proper order. It consists of two ways to demonstrate the
main situation.

4.1 Training

In this stage we first input the the sound signal .1t shown
in the following wave type with desired sound . We can
hear the sound.

Original Sound

04

_074 1 1 1
0 05 1 15 2 25

x 10
Figure 1: Original Sound wave

But during time when it mixes with noise, this sound
could not hear clearly like this wave form.

Noisy Sound
0.6 T T

©
i

x 10
Figure 2: Noisy Wave

4.2 Evaluation
At the last when we apply LMS , DLMS or TVLMS It
shows the new sound that can be hear clearly with low

noise . It can show in the following wave form.

Denoised Sound
0.5

0.3
0.2
0.1

-01

-0.2

0 05 1 15 2

X 104

Figure 3: Denoised Sound
From this work we can understand the sound could get
noisy due to the mixing of unwanted sound in it and could
get noisy that could not hear clearly.
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5. Simulation Results
It shows the following wave form.

Apply LMS Aoy DUS Apply TV-LME
MVSE Mg 0 55
MMSE (erabsaton) 0 00034015

PENI [raregr )t A2TOH340
PSNR (wvatason) 34 B5329000

Figure 4: Result of LMS adaptive FIR filter

Aoy LG Ay NS hopy TV-ANS

VIEEE (MaivegicD 00069104
MMEE (evakanony 000030461

PENR (rarng) 11 60468424
PSR jevatuation) 34, 18975301

Figure 5: Result of DLMS adaptive FIR filters

foly LNS Aoy TANS Apply TV-AMS
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Figure 6: Result of TVLMS adaptive FIR filters

Table 1: Performance comparison of LMS, DLMS &
TVLMS for different noise level for SNR during training

SNR 0db 5db 10db
LMS 28.47 30.44 | 31.26
DLMS 28.37 30.21 | 30.95
TV LMS 28.39 3042 | 31.18

Table 2: Performance comparison LMS, DLMS &
TVLMS for different noise level for SNR during
evaluation

MSE 0db 5db 10db
LMS 31.21 | 32.97 33.64
DLMS 31.10 | 32.72 33.29
TV LMS 31.16 | 32.96 33.63

Table 3: Showing comparative performances of filters

Sound wave ‘Sound 1;50und Zy‘Sound 3"Sound 4 V}Sound 5
LMS Training | 31.92 | 28.45 | 30.44 | 31.24 | 3175
Evaluation) 34.68 | 31.19 | 3298 | 33.68 | 34.34

DLMS Training | 3161 | 2832 | 30.27 | 30.92 3138
Evaluation| 34.14 | 31.11 | 32.74 | 33.29 | 33.83

TVIMS Training | 3191 | 28.39 | 3042 | 31.16 | 3165
Evaluation' 3464 | 31.19 | 3297 | 33.62 | 34.26

From the above table it can be prove that the LMS
algorithm is better than DLMS and TVLMS using
MATLAB.

6. Conclusion

In this paper we presented a comprehensive comparative
study between the LMS, DLMS and time-varying LMS
(TV-LMS) algorithm. In a stationary white Gaussian noise
environment with filter order M is set at a larger value
(e.g., M = 100), simulations showed that the LMS
algorithm provides the best MSE than the conventional
DLMS and the TVLMS algorithms. However, when we
choose to use a smaller filter order (e.g., M = 10), the
LMS algorithm provides the best MSE performance as
compared to TV-LMS and the conventional DLMS
algorithms. Both the TV-LMS and the conventional LMS
algorithms provide less computational time than the
DLMS

7. Acknowledgement
I thanks to department authority and my guide for helping
me to carried out this work.

References

[11B. Widrow, M. Lehr and Michel Bilello, ‘“adaptive
signal processing” IEEE International Conference on
Neural Networks, IEEE Service Center, New Jersey,
pp. 1-8,1993.

[2]S. Haykin, Adaptive filter theory, prentice Hall, upper
saddle River, NJ, 2001

[3]C.S. Burrus, “Block implementation of digital filters”
IEEE trans. Circuit theory., vol. CT -18 ,pp.697-701,
Nov.1971

[4IN.Shanbhag and K.parhi. Pipelined adaptive digital
filters, Kluwer, 1994.

[4]1B. widrow, S.D. Stearns, adaptive signal processing
Englewood cliffs, N.J. Prentice Hall 1985.

[5]B. Windrow, S.D. Stearns, adaptive signal processing
snglewood cliffs, N.J. Prentice Hall 1985.

[6]Amasgilat “Matlab an introduction with application”
fourth edition.

[7IM.H. Hayes, Statistical digital signal  processing &
modeling, John wiley & sons, 1996.

[8]H. Ariyadoost, Y. S. Kavian, K. Ansari ‘“Performance
evaluation of LMS & DLMS digital adaptive FIR
filters by realization on FPGA” IJSET vol-1 No. 1
September, 2011

[9]L.D. Van and W.S. feng, “An efficient architecture for
the DLMS adaptive filters and its application” IEEE

Ashwini Ramteke? 1JECS Volume 4 Issue 7 July, 2015 Page No.13128-13131

Page 13130



trans. Circuits syst. Vol.48, No. 4. pp 359-366, April
2001.

[10]V. Anand, S. Shah & S. Kumar “Performance analysis
of various noise cancellation methods”

[11]G. Long, F. Ling and J.G. Proakis, "The LMS
algorithm with delayed co-efficient adaptation
algorithm”. IEEE, Trans .Acoustic, speech signal
processing, vol.37, no.9, pp.1397-1405.

[12]S. Koike, “Analysis of Adaptive Filters Using
Normalized Signed Regressor LMS Algorithm”,
IEEE Transactions on Signal Processing, Vol. 47,
No.1, pp.2710-2723, 1999.

[13]Lilatul Ferdouse, Nasrin Akhter, Tamanna Haque
Nipa and Fariha Tasmin Jaigirdar, “Simulation and
Performance Analysis of Adaptive Filtering
Algorithms in  Noise  Cancellation”.  1JCSI
International Journal of Computer Science Issues,
Vol. 8, Issue 1, January 2011.

[14]R. Marvin, "Adaptive noise canceling for speech
signals,” IEEE Trans. Acoustics, Speech and Signal
Processing, vol. 26, pp.419- 423, October 1978.

[15]Haykin, Simon, 2003, “Least-Mean-Square Adaptive
Filters”, ISBN 0-471- 21570-8 Wiley, pp. 315.

[16]A. H. Sayed, Fundamentals of Adaptive Filtering,
Wiley, 2003. vanced Research in Electrical,
Electronics & Instrumentation Engineering, volume2,
may 2013

[17]Widrow B, et al. “Stationary and nonstationary
learning characteristics of the LMS adaptive filter.”
Proc.IEEE, 64:1151-1162,1976.

[18]Widrow B, Stearn S.D. “Adaptive  Signal
processing”. New York:Prentice-Hall,1985.

[19]S. Haykin, “Adaptive Filter = Theory”,Third
Edition, New York: Prentice-Hall,2002.

Ashwini Ramteke? 1JECS Volume 4 Issue 7 July, 2015 Page No.13128-13131

Page 13131



