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Noise Reduction using Adaptive Filter
and Voice Interval Detection
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<Abstract>

We propose the new system which consists of adaptive filter using least mean
square algorithm, lowpass filter(LPF) and part of voice interval detection in order to
improve voice quality by reducing the noise components in the industry fields. The
mixed signal with voice and noise is passed through the adaptive filter to remove the
background noise of the original input signal. We removed the high frequency noise
components by passing through LPF. Finally, we could obtain the good quality of voice
from the proposed system close to original voice by removing the noise between the
voice intervals.
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