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[Abstract]

With the continuous development of the speech recognition system, the recognition rate for speech has
developed rapidly, but it has a disadvantage in that it cannot accurately recognize the voice due to the
noise generated by mixing various voices with the noise in the use environment. In order to increase the
vocabulary recognition rate when processing speech with environmental noise, noise must be removed.
Even in the existing HMM, CHMM, GMM, and DNN applied with AI models, unexpected noise occurs
or quantization noise is basically added to the digital signal. When this happens, the source signal is
altered or corrupted, which lowers the recognition rate. To solve this problem, each voice In order to
efficiently extract the features of the speech signal for the frame, the MFCC was improved and
processed. To remove the noise from the speech signal, the noise removal method using the Gaussian
model applied noise deviation estimation was improved and applied. The performance evaluation of the
proposed model was processed using a cross-correlation coefficient to evaluate the accuracy of speech. As
a result of evaluating the recognition rate of the proposed method, it was confirmed that the difference in

the average value of the correlation coefficient was improved by 0.53 dB.
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I. Introduction
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II. Preliminaries

1. Related works

1.1 Voice feature extraction and noise
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Fig. 1. Proposed MFCC feature Extraction
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IV. Simulations
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Table 1. Compare with cross correlation coefficient
and proposed method and distortion ratio
Separate Cross Proposed Distortion
Voice correlation method Ratio
1 2.21 2.13 0.21
2 2.31 1.51 0.73
3 5.66 1.99 2.87
4 6.14 1.67 3.61
5 1.68 1.79 -0.31
6 2.27 2.38 -0.67
7 1.35 1.83 0.27
8 7.01 6.14 0.67
9 2.19 2.16 -0.37
10 2.36 2.60 -0.23
11 1.51 1.59 -0.17
12 2.47 2.29 0.14
13 2.51 2.50 -0.03
14 2.31 2.14 -0.06
15 2.27 2.11 0.11
16 3.01 2.79 -0.06
17 2.31 2.11 0.27
18 3.10 2.77 0.1
19 2.07 2.00 0.05
20 2.37 2.10 -0.03
Average 2.86 2.33 0.36

o] thst glo] Atow wlasle 84o) SAtest
=2 22 9ulsit, Table 1014 274 Al=of EHEP gy
Alaet Aotst e M85t vldo] xjo]7) =2 3HA),
497 S AlSoj|A] =x|ot FoF UfHe ArS ojabAo]
veA Yea glon, 8HR 24 Alett =7 Yehd
74 gelat 4 glon], Aokt wo] Q1N &S HIlet
21} o]2of gk A Aol tieh Bt Atol= 0.53
dB 7iH® 2l RISttt Eet, 7[ES] MFCC Wiyt
& =2 " MFCC ¥R vlwsh] Yol A==5
vlZslo] A5 Wole AAslgon, 45 H71E 9l 7]
9] MFCC ¥t Aol MFCC 714 o) 38 A
£ 235t 54 ZE Table 20| AAIsIion, f

Tooli Aol FPES eI 4 ck

Table 2. Distortion Ratio Evaluation of Noise Removal

. . . Distortion Ratio
. Distortion Ratio
Separate Voice of proposed
of MFCC
method
1 0.31 0.21
2 0.85 0.73
3 3.37 2.87
4 3.97 3.61
5 -0.28 -0.31
6 -0.67 -0.67
7 0.47 0.27
8 0.81 0.67
9 -0.31 -0.37
10 -0.28 -0.23
11 -0.19 -0.17
12 0.29 0.14
13 -0.08 -0.03
14 -1.14 -0.06
15 0.17 0.1
16 -0.11 -0.06
17 0.39 0.27
18 0.25 0.1
19 0.14 0.05
20 -0.08 -0.03
Average 0.39 0.36

V. Conclusions
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