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Abstract-Two types of acoustic noise exist in the

environment. One is random noise caused by
turbulence and having its energy evenly across the
frequency bands so referred as broadband noise, and
examples are the low-frequency sounds of jet planes
and the impulse noise of an explosion. Another type
of noise, called narrowband noise, concentrates most
of its energy at specific frequencies this is produced
due to rotating or repetitive machines, so it is
periodic or nearly periodic. This paper explain the
feed forward Fxlms algorithm for active noise
control and the noise worked here are sinusoidal
tones bellow 200 Hz ,computer fan noise and ceiling
fan noise .Mat lab implementation of Feed forwad
FXLMS algorithm is done and result is compared for
different convergence factor and different filter
length of control filter.
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L INTRODUCTION

There are two approaches to controlling
acoustic noise: passive and active. The traditional
approach to acoustic noise control uses passive
techniques such as enclosures, barriers, and
silencers to attenuate the undesired noise. Passive
silencers use either the concept of impedance
change caused by a combination of baffles and
tubes to silence the undesired sound (reactive
silencers) or the concept of energy loss caused by
sound propagation in a duct lined with sound-
absorbing material

to provide the silencing
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.However, they are relatively large, costly, and
ineffective at low frequencies, making the passive
approach to noise reduction often impractical
[1,4,7,9]. Furthermore, these silencers often create
an undesired back pressure if there is airflow in the
duct. In an effort to overcome these problems,
considerable interest has been shown in active
noise control.

Broadband noise cancellation requires
knowledge of the noise source i.e. the primary
noise in order to generate anti sound ,whereas for
narrowband noise cancellation do not require
knowledge of the noise signal
Active noise control systems are based on one of
two methods. Feed forward control is where a
coherent reference noise input is sensed before it
propagates past the canceling speaker. Feedback
control is where the active noise controller attempts
to cancel the noise without the benefit of an
upstream reference input.

The most common algorithm applied to
adaptive filters is the transversal filter using the
least mean-squared (LMS) algorithm. The modified
version of LMS algorithm which commonly used
for ANC system are Filtered-X Least-Mean-
Square (FXLMS) Algorithm, Leaky FXLMS
Feedback Effects and
(FBFXLMS Algorithm), Filtered-U
Recursive LMS (RLMS) Algorithm[11].

Algorithm, Acoustic
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The filtered-X algorithm is also an
adaptive filter and its weighting parameters
can be automatically updated by the least
mean square (LMS) algorithm. This approach
is effective at attenuating lower frequency
noise, such as that from a fan, compressor, or

engine noise in an acoustic duct [11].

II. FEED FORWARD FXLMS

The fundamental block diagram of ANC

system is as shown bellow.
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Figure 1. Fundamental block diagram of ANC

In the above block diagram

e Primary path: It is the acoustic path
between the noise source and cancellation
speaker.

® Secondary path: It is the electro acoustic
path between the cancellation speaker and
error mike.

e Primary noise: It is the noise to be
cancelled out sensed by acoustic sensor
microphone.

e Anti phase noise: It is the noise generated
by control system and it is equal in
magnitude but opposite in phase to

primary noise .It drives the cancellation

speaker.

® Residual Noise: It is the noise produced

after the superimposition of primary noise
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and anti phase noise in acoustic domain
capture by another microphone
e ANC controller: The controller usually
consists of an adaptive digital filter, and an
adaptive algorithm that sets the weights in the
adaptive digital filter. For the real time
implementation DSP processor is used as
controller. The control filter may be finite
impulse response (FIR) or infinite impulse
response (IIR).

I11. SECONDARY PATH MODELING
As the channel between the cancellation speaker
and error mike is the air, the transfer function
between them ids time varying .so it is necessary to
find out secondary path transfer function each time
for different place.

Assuming the characteristics of Secondary path
transfer function(H(z)) unknown but time-
invariant, an off-line modeling technique can be
used to estimate H(z) during a training stage. At the
end of training, the estimated model C(z) is fixed
and used for active noise control. The experimental
setup for the direct off-line system modeling is
shown in Figure bellow [9], where an uncorrelated

white noise is internally generated by the DSP
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Figure 2. Offline Secondary path modeling
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To ensure convergence of the algorithm, the input
to the error correlate is filtered by a secondary-path
estimate C (z). This results in the filtered-X LMS
(FXLMS) algorithm, to compensate for the effects
of the secondary path in ANC applications.
Consider the block diagram of feed forward ANC
using FXLMS algorithm as shown in figure bellow

Input Microphone: \ Canceling Speaker \ Error Microphone

Primary Noise \ “‘ /
—_— \
€

-
ANC Controller

Figure 3. FXLMS Feed forward ANC

The FXLMS algorithm is explained as bellow [9].

Off-line modeling is conducted first to
estimate the secondary-path transfer function H(z)
using the LMS algorithm.

1. Read the noise sample from reference

mike as x(n).
2. Select the order of the FIR filter and find
the coefficient of adaptive filter W(Z).

3. The output y(n ) is calculated as bellow
N-1

Y = W x(n = ) Wimx(n—0)
i=0

Where
WT(n) = [Wo(n), Wy(n) oo oo Wy ()]”
Coefficient vector of W (Z) at time n.

N = Order of the FIR filterW (Z).

4. x(n)=[x()x(N—-1)....x(n—N+ D]%is  the

reference signal vector at time n.

5. Update the coefficient of W (Z) using

bellow equation.

Wi(n +1) = Wi () — pe(m)h(m)x-(n — i)
Where
x(n) = Z C,(m)x(n — i)

i=0

M = Order of the FIR filterC(Z) and

1 = step size of algorithm

6. Read next N noise sample from reference
mike

7.
Use updated coefficient of w (n) from step no 4 to
calculate the output y(n). Repeat the step 4 to 6 till
until noise cancelled out to threshold value.

V. MATLAB IMPLEMENTATION
For the mat lab implementation FIR FILTER with
filter length wused is 8,16 respectively and
convergence factor is 0.0063 .The two type of noise
sample are used are 100 hz tone and ceiling fan
noise each of Ssec.Following diagrams shows the
result of mat lab implementation of different type

of system
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Figure 4. Noise tone Of 100 Hz and anti phase signal with filter
tap length 8
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Figure. 5. Residual signal afer cancellation of 100 Hz sine tone

with filter tap length 8
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Figure 6. Noise tone Of 100 Hz and anti phase signal with filter
tap length 16
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Figure. 7. Residual signal afer cancellation of 100 Hz sine tone

with filter tap length 16
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Figure 8. Fan Noise and anti phase signal with filter tap length
8
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Figure. 9. Residual signal afer cancellation of fan noise e with

filter tap length 8
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Figure 10. Fan Noise and anti phase signal with filter tap length
16
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Figure. 11. Residual signal afer cancellation of fan noise e with

filter tap length 16

VI CONCLUSION
The mat lab implementation of Feed forward
Fxlms algorithm works properly bellow 200
Hz noise frequency.if the mnoise 'signal is

having frequency above bellow 200 Hz ‘the
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system become unstable .the sampling rate
used for implementation is 8000 Hz .if the
filter tap length is increased from 8 to 16
then system converge earlier and become

stable .
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