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Figure 4: NLMS Adaptive Filter Response

Table 4.3 Indicates the Normalized Least Mean Square Results

Algorithm Filter size Step size MSE PSNR
NLMS 10 0.025 1.62¢7002 17.88
NLMS 10 0.2 1.69¢ 7002 17.71
NLMS 25 0.025 1.64e7002 17.70
NLMS 25 0.2 1.69¢ 7002 17.83

4.3 Improved NLMS Adaptive Filter Response

The human ear actually pickup sounds from 20 Or 30 KHz to 20khz which is the highest pitch. All sounds that are
below 20 KHz are classified as infrasound and all sound above 20 KHz are classified as ultrasounds. From 20 dB to
80 dB is a safe hearing environment for humans which is within the conversation terrain. The results below from
figure 5 indicates the input response of the improved NLMS adaptive filter. This filter consists of a combination of
high and low finite impulse response digital filters and a NLMS adaptive filter. The input signal of 5 KHz with a
random noise.

Figure 5: Improved NLMS Adaptive Filter

From the figure 6 below displays the output result of the improved NLMS adaptive filter. The result shows that the
improved NLMS adaptive filtering methods is superior to the others aforementioned filters in this research work.
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The input signal of the hearing aid was successfully produced at the output with a very low error rate when compare
to others. That is to say the novel combination posed more improvement in feedback noise cancellation in hearing
aids. However, this method suppresses the noise better and improved the signal gain, that is to say that the more the
feedback acoustic noise is reduced the more the output gain will be realized. This method has successfully reduced
the noise error to a very low percentage.

Figure 6: Shows the Results of the Improved NLMS

As you can see from the table the means square error is reduced and the signal to noise ratio increase. When
compare to others in this research work u can see that the improved NLMS is better and superior to others with a
higher signal to noise ratio making the feedback acoustic noise to almost 100 percent eliminated.

Table 4.4: Results of the improved NLMS

Algorithm Filter size Step size MSE PSNR
Improved NLMS 10 0.025 0.45¢ 002 25.64
Improved NLMS 10 0.2 0.48¢ 7902 25.58
Improved NLMS 25 0.025 0.49¢ 7002 25.55
Improved NLMS 25 0.2 0.48¢7002 25.62

4.4 Comparative Analysis of FIR, LMS, NLMS and Improved NLMS Adaptive Filters

The comparative results here in figure 7 show that the FIR has the lowest signal to noise ratio and the highest least
mean error, then the LMS adaptive filter has a better performance ahead of the conventional FIR, then the NLMS
adaptive is the superior to the LMS and FIR when it comes to noise cancellation. Lastly the Improved NLMS
happens to be the best and the superior over due to it high signal to noise ratio and very low least mean error. This
attributes has made the improved NLMS to be more relevant in cancelling of feedback acoustic noise in hearing
aids.
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Figure 4.7:Comparative results of FIR,LMS,NLMS and Improved NLMS

The pie chart here in figure 4.8 has expressed that when looking for a method to eliminate feedback acoustic noise in
a hearing aid, that the improved NLMS is more reliable due to it high signal to noise ratio.
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Figure 8: Signal to Noise Percentages of Each of the Digital Filters
5.0 Conclusion

Feedback acoustic noise has been the major problem of hearing aids due to the noise being produced as a result of
feedback. The improved NLMS adaptive filter has proven itself to be superior over other filters being compared
with by tackling the issues of feedback acoustic noise by reducing the noise to a very low rate. In this research work
we evaluated the error in the FIR high pass filter and low pass filter also evaluated the error in the NLMS filter.
Governing equation was formed to evaluate the mean square errors of the finite impulse response digital filters and
also the signal to noise ratio of the system.

With the SIMULINK we were able to design the feedback acoustic noise cancellation system, the result was
absolutely positive, the improved NLMS had the lowest mean square error with the highest signal to noise ratio,
then followed by the NLMS adaptive filter then the LMS filter before the FIR digital filter which came last in the
result when the comparative analysis was carried out.

The improved NLMS is very suitable and reliable for noise cancellation because of it high signal to noise ratio and
low mean square error rates

5.1 Recommendations

Normalized Least Mean Square adaptive filter is a type of digital filter that cancels noise by comparing the
coefficient of the signal with the error. However, in this research work we have been able to introduce an improved
normalized NLMS adaptive filter which is use for noise cancellation and feedback noise elimination for hearing
aids. The results when compare to others were superb to other adaptive filters. The improved NLMS has a very high
signal to noise ratio with a very low Mean square error, which implies that the sound output quality is tremendous
with a very low or almost no noise. From this results we hereby recommend this method to be applied in digital
hearing aids, ECG devices and also other areas that requires effective noise cancellations.
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