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Abstract

The scope of this paper is interference cancellation which is concerned with
removal of noise superposed on speech signal. Interference cancelling makes
use of an auxiliary or reference input derived from one or more sensor located
in noise field where the signal is undetectable. This input is filtered from
primary input containing both signa and interference. Adaptive filtering
which are able to lock- in on the frequency of interference and to tracks its
changes is required. In order to achieve this, a reference signa should be
available which is strongly correlated with the interference only. To this
purpose LMS agorithm implementation is considered.

Simulation
When the desired signal issine_sound.wav:

Figure 1: Simulink Model-1
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At first | generate “sine_sound” using following MATLAB instruction.
n=0:4999;
S$=10*sin(0.4* pi* n);
sound(s,10000);

Now this sound is stored in MATLAB workspace.

Here the “sine_sound.wav” isthe desired signal corrupted by the noise ie; uniform
random number. The corrupted signal is fed to the desired input of LMS. Another
reference noise ie; uniform random number is fed to the input of LMS. At the error
output of LM Sthe “sine_sound.wav” present which is not contaminated by noise.

Observation
Tablel
Uniform Random No. (Noise) | Perceptual Grading
(Minimum & Maximum Value) 10
+0.5 8
*1 9
12 10
+3 5
Table2
Uniform Random No. (Reference Noise) | Perceptual Grading
(Minimum & Maximum Value) 10
+0.4 7
+0.6 10
+0.8 8
Table3
Filter Length | Perceptual Grading(10)
10 03
15 04
18 06
22 08
32 09
35 10
38 09
45 08
50 05
58 03
64 01
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Table4
Step Size Perceptual Grading(10)
0.001 4
0.005 9
0.1 1

When the desired signal is speech (theforce.wav):
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Figure 2: Simulink Model-2

Here the “theforcewav” is the desired signal corrupted by the noise ie; uniform
random number. The corrupted signal is fed to the desired input of LMS. Another
reference noise ie; uniform random number is fed to the input of LMS. At the error
output of LM S the “theforce.wav” presents thisis not contaminated by noise.

Observation
Table5
Uniform Random No. (Noise) | Perceptua Grading

(Minimum & Maximum Value) 10

+0.5 8

+1 9

+2 10

+3 5
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Table6
Uniform Random No. (Reference Noise) | Perceptua Grading
(Minimum & Maximum Value) 10
+0.4 7
+0.6 10
+0.5 8
Table7
Filter Length | Perceptual Grading(10)
10 03
15 04
18 06
22 08
32 09
35 10
38 09
45 08
50 05
58 03
64 01
Table8
Step Size | Perceptual Grading(10)
0.001 4
0.005 9

0.1 1
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When the music signal isdesired i.e. (hare Krishna.wav):

Figure 3: Simulink Model-3

Here the “hare Krishnawav” is the desired signal corrupted by the noise ig;
uniform random number. The corrupted signal is fed to the desired input of LMS.
Another reference noise ie; uniform random number is fed to the input of LMS. At the
error output of LMS the “hare Krishnawav” present which is not contaminated by
noi se.

Observation
Table9
Uniform Random No. (Noise) | Perceptua Grading
(Minimum & Maximum Value) 10
+0.5 8
+1 9
+2 10
+3 5
Table 10
Uniform Random No. (Reference Noise) | Perceptua Grading
(Minimum & Maximum Value) 10
+0.4 7
+0.6 9

+0.8 8
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Table11

Filter Length | Perceptual Grading(10)
10 03
15 04
18 06
22 08
32 09
35 10
38 09
45 08
50 05
58 03
64 01

Table 12

Step Size | Perceptua Grading(10)
0.001 4
0.005 9
0.1 1

Optimum Parametersof LM S

L=} Function Block Parameters: LMS Filter E|
LS Filter
Adapts the filter weights based on the chosen algarithm for filtering of the input zignal.
Select the Adapt port check box ta create an Adapt port on the block. When the
input ba this part is nonzero, the block continuously updates the filker weights. \When

the input ko this port iz zero, the fiter weights remain corstant

If the Reset port is enabled and & reset event occurs, the block resets the filker
weights to their initial values.

bain Fixed-paint

Parameters

Algarithr: (LS v
Filter length: |35

Specily step size via: |Dialog v

Step size [mu): |.005

Leakage factar [Ato 1]:/1.0

Initial value of filter weights: |0

[ &dapt port

Reset port:|Mone v

Output filker weights

ar H Canicel ][ Help Apply




Interference Cancellation in Adaptive Filtering 119

Sour ce Block Parameter of Additive Noise

L] Source Block Parameters: Uniform Random ... El

niform B andom Murmber

Output & uniformly distributed random signal. Output is repeatable
for a given seed.

Parameterz

bimirmLirn:

[2 |

b &xirnuinn:

2 |
Iritial zeed:

0 |
Sample time:

11710000

Interpret wector parameters az 1-0

[ Ok “ Cancel ][ Help

Sour ce Block Parameter of Reference Noise

L2 Source Block Parameters: Uniform Random ... fz|

Unitorm B andor Nurmber

Output & uniformly distributed random signal. Output is repeatable
for a given seed.

Farameters

hinirniuinm:
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Real-Time Implementation of Noise Cancellation when Desired
Signal is Square Wave from Function Generator usingLMS

At first | generate square wave from function generator of frequency 1KHz and
amplitude 1Vpp. Now that square wave is added by noise signal by using below real-
time block.

File Edt View Smulbon Format Teds Help

ETD B Vif e D Buds: WEES

Figure 4: Real-Time Model-1

Square Wave and its Spectrum

RIGOL

CH1 500mY 500_0us Delay:0.000s
FFT 100mYrms/div 1.250kHz/div

Figure 2.22

It is the square wave of frequency 1KHz and amplitude 1Vpp. Its FFT peak
appears at 1KHz, 3KHz,5KHz, 7TKHz which are the odd harmonics.
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Output Wave Form (Square WavetNoise) and its Spectrum

RIGOL

CH1 50.0mY 2.000ms Drelay:0.000s

FFT 2.00mYrms/div 625.0Hz/ div
Figure2.23

From the above spectral analysis it observed that one FFT peak appears at 1KHz
which is the FFT of sguare wave. Now the noise which corrupts the square wave is
cancelled by below real-time block.
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Figure5: Real-Time Model-2
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Output Wave Form after Noise Cancellation and its Spectrum

RIGOL

CH1 200mY 2.000ms Drelay: 400, 0us

FFT 50.0mYrms/div 1.250kHz/div
Figure2.25

From this spectral analysis | observed that the FFT peak appears at 1IKHZ and
3KHz which are dissolving for square wave. Here are ailmost no FFT peaks for noise
which clear that noiseistotally filtered out.

Real-Time Implementation of Noise Cancellation when Desired
Signal is Speech Sound:
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Figure 2.28: Real-Time Model-8



Interference Cancellation in Adaptive Filtering 123

Result and Discussion

Noise used for corrupting sine_sound.wav and thefor cewav
Uniform random number:

maximum value=+2

Minimum value=-2

The noiseisweighted by gain=3

So, the variance of noise actually added=(0.3)? = [ (2)%/3]=0.12

Noise used for reference

Uniform random number: maximum value=+0.6
Minimum value=-0.6

So, the variance of reference noise = (0.6)? / 3=0.12
Now, the interfering signal is easily filtered out.

When reference noise is random (Gaussian noise) with same variance ie; 0.12 the
interfering signal is not totally removed. Some portion of interfering signal appears at
the out put. From this it clear that the interfering signal is filtered out when the
additive noise and reference noise characteristics are same.
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