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DNN based Robust Speech Feature Extraction and Signal Noise
Removal Method Using Improved Average Prediction LMS Filter
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Abstract In the field of speech recognition, as the DNN is applied, the use of speech recognition is
increasing, but the amount of calculation for parallel training needs to be larger than that of the
conventional GMM , and if the amount of data is small, overfitting occurs. To solve this problem, we propose
an efficient method for robust voice feature extraction and voice signal noise removal even when the
amount of data is small. Speech feature extraction efficiently extracts speech energy by applying the
difference in frame energy for speech and the zero-crossing ratio and level-crossing ratio that are affected
by the speech signal. In addition, in order to remove noise, the noise of the speech signal is removed by
removing the noise of the speech signal with an average predictive improved LMS filter with little loss of
speech information while maintaining the intrinsic characteristics of speech in detection of the speech
signal . The improved LMS filter uses a method of processing noise on the input speech signal by adjusting
the active parameter threshold for the input signal. As a result of comparing the method proposed in this
paper with the conventional frame energy method, it was confirmed that the error rate at the start point
of speech is 7% and the error rate at the end point is improved by 11%.
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y(n)= Zf(n, 1)s(n—1)+noise(n) (1)
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Fig. 1. Process of proposed methode
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Fig. 2. Energy distribution of the composite waveform
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Table 1. Result of existing frame energy

Separation Starting point (ea) Endlr(]ga>p0|nt
Error 27 31
Detection 73 69
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Table 2. Result of suggested methode

Separation Starting point(ea) Ending point(ea)
Error 14 21
Detection 86 89
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