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Abstract—Speech is a very basic way for humans to convey
information with a frequency spectral range of 300-3400 Hz.
Speech signals are easily corrupted by noise. Hence, noise
cancellation is one of the most essential requirements in the
present telecommunication systems. Adaptive algorithms are
currently being used for effective noise cancellation. The
changes in signal characteristics are quite fast. This requires
the utilization of adaptive algorithms, which converge rapidly.

In this paper, a comparative study of Least Mean
Squares (LMS), Normalized Least Mean Square (NLMS) and
Affine Projection (AP) algorithms is discussed.

An adaptive FIR filter with Least Mean Squares (LMS),
Normalized Least Mean Squares (NLMS) and Affine
Projection (AP) algorithms was developed to remove noise in
speech signal using MATLAB. Simulation was done for
various convergence factors (i) and the working of the above
mentioned adaptive algorithms was compared.

Keywords—Adaptive Filter, Least Mean Squares, Normalized
Least Mean Squares, Affine Projection, Noise Cancellation and
Convergence speed.

l. INTRODUCTION

Noise is a predominant factor in any communication
system and it degrades the performance of the system
considerably. Therefore, it becomes essential to remove the
noise that corrupts the signals. Various techniques are used
for the removal of noise. Adaptive filtering is one such
technique that helps to remove noise effectively. These are
the filters whose characteristics can be changed for
achieving optimal results. They change their parameters to
minimize the errors based on different adaptive algorithms
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Fig. 1. Adaptive filter block diagram.
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As shown in the Fig. 1, an Adaptive filter block has two
inputs — primary and reference. The primary input receives
a signal s from the signal source that is corrupted by the
presence of noise ‘n’ uncorrelated with the signal. The
reference input receives a noise‘ny” uncorrelated with the
signal s but correlated in some way with the noise ‘n’. The
noise ‘ny’ passes through a filter to produce an output @
that is a close estimate of primary input noise. This noise
estimate is subtracted from the corrupted signal to produce
an estimate of the signal,$, the filter’s output.

An adaptive filter is capable of adjusting its impulse
response to minimize an error signal that is dependent on
the filter output. The adjustment of the filter weights and
hence the impulse response, is governed by an adaptive
algorithm. The criteria used may be the minimization of the
mean square error, the temporal average of the least
squares error etc. Different algorithms are used for each of
the minimization criteria e.g. Least Mean Squares (LMS)
algorithm, Normalized Least Mean Square (NLMS)
algorithm, Affine projection (AP) etc.

Il. METHODOLOGY

In this paper, three adaptive filter algorithms with
different  convergence speeds and computational
complexities are considered. The three algorithms are LMS
algorithm, NLMS algorithm and Affine Projection
algorithm. These algorithms are simulated using
MATLAB. The results obtained are discussed in section
1. .

A. Least Mean Square Algorithm (LMS)

LMS algorithm adjusts the coefficients of w(n) of a
filter in order to reduce the mean square error between the
desired signal and output of the filter. This algorithm is
also used due to its computational simplicity.

The computational procedure for LMS Algorithm is as
follows:

1. Initially, set each weight wy(i), i=0,1,........... ,N-1,to an
arbitrary fixed value, such as zero.
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For each subsequent sampling instant,
k=12, .cccceininn.n. carry step 2 to step 4 given below.

2. Compute filter output

n (k) = 2N x(k — Dwi(i) 1)

3. Compute the error estimate

e(k) = y(k) — n'(k) )
4. Update the next filter weight
Wi (D = wy () +pxe(k) X (k — 1) ®)

Where x(n) is the input vector of time delayed input values
and w(n) is the weight vector at time n .The parameter p
which is known as the step-size is a positive value.

B. Normalized Least Mean Square (NLMS)

Normalized Least Mean Square (NLMS) is derived
from Least Mean Square (LMS) algorithm. It is seen that
the input signal power changes in time and due to this
change, the step-size between two adjacent coefficients of
the filter will change affecting the convergence rate. To
overcome this problem, the step-size parameter is adjusted
with respect to the input signal power in NLMS algorithm.
The step-size parameter is said to be normalized.

The step-size for computing the update weight vector is,

B
kM) = e
(4)

Where p (n) is step-size parameter at sample n, B is
normalized step-size (0 < <2) and c is safety factor (small
positive constant).

By replacing p by p (n) into the (3) the weight vector
update now is,

B

wn+1) =wh)+ PR Ty O

em*x(n)  (5)

The implementation of a NLMS algorithm is illustrated in
Fig. 2.

C. Affine Projection Algorithm (APA)

In APA the projections are made in multiple
dimensions.APA adaptively changes the projection order
according to the estimated variance of the filter output
error. The error variance is estimated using exponential
window averaging with a variable forgetting factor and a
simple moving averaging technique. The input progresses
are selected according to two different criteria to update the
filter coefficients at each iteration. Each tap weight vector
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update of NLMS is viewed as a one dimensional affine
projection.

The affine projection algorithm is defined as follows:

en:Sn - Xrtl hn—l (6)
&n =[X5 X+ 81T ey (7)
hn = hn—1+ U-Xngn (8)

The excitation matrix X,,is L by N and has structure

X, = [xn_xn_l.,xn_(,v_l)] Where x,=[x,, ... X,_,+1]" The
adaptive tap weight vector ish,, = [ho,, ...l _1,]'
Where h; , is the i™ tap at sample period n.

The vector e, has the length of N and consists of noise
along with residual echo left uncancelled by the echo
canceller’s. L is the length adaptive tap weight vector
h,.The N-length vector, S,, is the system output consisting
of response echo path impulse response, h.,to the
excitation and additive system y,, ,i.e

Sn = Xrtz hep + Yn (9)
Where X! X,are Eigen values close to 0. When N=1

relations (6), (7), and (8) reduce to the familiar NLMS
algorithm. Thus, APA is a generalization of NLMS.

Initialize wy(i) and x(k-i)
!
Read x(k) and y(k)

v

Filter x(k)

' (k) = iS5 x (ke — Dwii)

v

Compute error

e(k) = y(k) = n'(k)

v

Compute the factor

B
)= ez

v

Update the co-efficient

W1 (D) = wy () +p+e(k) = X(k — 1)

Fig 2. Flowchart of NLMS algorithm
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M. EXPERIMENTAL RESULTS output of the adaptive fitter

In this section, we discuss the results obtained by
simulating LMS, NLMS and AP algorithms. The input
speech signal considered here was first recorded on a
mobile phone and converted to “.wav format”. On

Signal “alue
—
1

conversion the spectrum of speech signal was obtained as 0 1 ) ] 4 6 b
shown in Fig. 3. To this speech signal random noise which Time Index

was periodic in nature was added and was subjected to x10
filtering using LMS, NLMS and AP algorithms. The e
simulation of the algorithms was performed for step-sizes error between input signal and output

of 0.1 and 0.01. The error between the input signal to the
adaptive filter (speech signal with noise) and the output of
the adaptive filter is obtained and plotted for each of the
algorithms. To find the speed of convergence of the
algorithms the mean square error versus the number of
iterations graph is plotted. This plot shows the number of
iterations it takes for the mean square error to become Time Index 4
negligible. The results for LMS algorithm is shown in Fig. x10
4 and Fig. 5. The results for NLMS algorithm is shown in

Fig. 6 and Fig. 7. The results for AP algorithm are shown 0.025 MSE V/s iteration
in Fig. 8 and Fig. 9. The outputs of all the algorithms are

compared in Fig. 10 and Fig. 11.
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Signal “alue

Time Index

MSE V/s iteration

0.025

0.015

0.01

Mean square error-—->

0.005

ok

)

. e “
1500 2000
Samples--->

" " st d i
500 1000

Fig. 5.Results of LMS Algorithm for u=0.1

speech signal with naise

2500

Signal “alue

Time Index

output of the adaptive fiter

Signal Walue
—

Time Index

error between input signal and output

Signal “alue
s

IJERTV3IS041771

Time Index

0.025
- 0.02
E é 0.015
| |
x10 Z oo
=
0.005 [t
I.JM m RURN " A
(o] 100 200 300 400 500 600 700 800
Samples--->
Fig 6. Results of NLMS algorithm for u=0.01
speech signal with naise
g 2 1 T 1 1 T
3000 o
’ |
m
c
o2 | A
0]
4 5 b
Time Index 4
x10
| output of the adaptive filter
% 2 T T T T T
m
P 0 i
b T
c
X 1[]4 t% i I I I 1 I
0 1 2 3 4 5 b
i 4
Time Index 10
error between input signal and output
i 5
m
z 1
m
5
i b -
' b
" Time Index it
MSE V/s iteration
0.025
0.02 \
Aé 0.015 \\
% 0.01
6 g \/\
X 104 0.005
ANBETN

o 5 10 15 20 25 30 35
Samples—>

Fig. 7. Results of NLMS algorithm for u=0.1

www.ijert.org 1811



International Journal of Engineering Research & Technology (IJERT)
ISSN: 2278-0181
Vol. 3 Issue4, April - 2014

v

error between input signal and output

speech signal with noise E
E s
1] — -
= i g
T =y
c w
® | 5
6 Time Index « 10"
Time Index X 104
output of the adaptive filter oo
g 2 T T T T T o028 \
E 0.016 \
o % 0.012
& 9 ! ! ! ! ! § oo \
o - s
0 1 2 3 4 5 6 gooer
Time Index 10" o oo \\ \\
errar between input signal and output oL L vm L = oy
S Samples--—->
§ Fig. 9.Results of APA for u=0.1
T
5 output of the adaptive filter
tﬁ A @ 2 T T T T T
b
Time Indlex 10 z UM i
c
t%j 2 ] ] ] ] ]
0.025 MSE V/s iteration [] 1 2 3 4 5 E
i 4
Time Index <10
1 oors output of the adaptive fitter
g g 2 T T T T T
Z oo I
2 S |
0.005 ] E []
c
o
° A A M A p IO s Ao A A ) -2 | | ! | |
o 50 lODsampI65777>15O 200 250 [] 1 2 3 4 5 E
Time Index 104
Fig. 8. Results of APA for u=0.01 S X
output of the adaptive filter
speech signal with noise e 2 . . . . T
o 7 =
T 0 - ]
2 ] E
z U%n 2 I I I I 1
-UE—;’ 2 0 1 2 ] 4 5 b
0 1 2 3 4 5 6 Time Index 4
Time Index 4 x10
x10
Fig. 10. Output of LMS, NLMS and AP algorithms respectively
output of the adaptive filter
g 2 T T T T T
g
Z 0 .
m
gj | | | | |
i -2
0 1 2 3 4 5 B
Time Index « 104

IJERTV3IS041771

www.ijert.org 1812



International Journal of Engineering Research & Technology (IJERT)
ISSN: 2278-0181
Vol. 3 Issue4, April - 2014

MSE V/s iteration

hand if p is chosen to be very small, time to converge to
optimal weights will be very large.

0.025

If R=E{x(k)x(k)} is the autocorrelation matrix
0.015 containing a set of eigen values, the convergence speed is
given by:

Mean square error-->

u= 1/(/1max + Amin)
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Where A and Ay, are the largest and smallest eigen value
of the auto-correlation matrix.

MSE V/s iteration - .
0.025 Faster convergence can be achieved when Ais close to
Amin, that is, the maximum achievable convergence depends

on eigen values of R.

0.015

The LMS algorithm has slow convergence but is simple
to implement and gives good results if step size is chosen
correctly and is suitable for stationary environment. LMS
algorithm involves less consumption of memory and
amount of calculation.

Mean square error--->

0.005

o e b, s
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The NLMS algorithm is suitable for both stationary as

R well as non-stationary environment. The noise cancellation
0.025 o eraten performance of NLMS was observed to be better when
compared with LMS algorithm.

The Affine projection algorithm, due to the projection
0015 factor converges at very fast rate when compared to the
other two algorithms.

0.01

Mean square error-->
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