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A Single Channel Adaptive
Noise Cancellation for Speech Signals
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ABSTRACT

A single channel adaptive noise canceling (ANC) technique is presented for removing effects of additive noise on
the speech signal. The conventional method obtains a reference signal using the pitch estimated on a frame basis
from: the input speech. The proposed methed, however, gets the reference signal using the delay estimated
recursively on a sample by sample basis. To estimate the delay, we derive recursion formula of autocorrelation func-
tion and average magnitude difference function. The performance of the proposed method is evaluated for the
speech signals distorted by the additive white Gaussian noise, Experimental results with normalized least mean
square (NLMS) adaptive algorithm demonstrate that the proposed method improves the perceived speech quality

quite well besides the signal-to-noise ratio,
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Table 1. SNR of the processed speech signal (in dB)
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Input RACF RAMDF
SNR[dB]

~10.0 1732353 0.919702
-5.0 4.287469 3783259
0.0 6.794404 6.676066
5.0 8.492607 8447666
10.0 0.673522 9626303
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Table 2. Cepstral distance of the processed speech

signal
Cepstral Distance
Input Noisy NLMS
SNR[dB] Speech ACF AMDF
-10 3.875357 3.253632 2.955949
=5 3573388 2,741590 2.702813
0 3.200887 2.619581 2.519471
5 2.794361 2.631146 2.610891
10 2.346024 2.531770 2.482355
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Fig 5. SNR of the processed speech signal
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