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Table 1. Frequency range of each band
Frequency | Frequency Frequency Frequency
Band Range(Hz) Band Range(Hz)
1 1-50 11 400-504
2 50-63 12 504-635
3 63-79 13 635-800
4 79-100 14 800-1008
5 100-126 15 1008-1270
6 126-159 16 1270-1600
7 159-200 17 1600-2016
8 200-252 18 2016-2540
9 252-317 19 2540-3200
10 317-400 20 3200-4000
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Table 2. LSD between original speech and processed

E 29

i

33} #o]
7‘(}0]

F10

1 —10 HH
l>~ N

fr 1m jﬁ

Xé

o &

J

speech
Method synthesized Formant Stochastic
speech enhancement spectral
Vocoder P equalizer
FS-1016
9.20 10.12 8.81
(4.8kbps)
MELP
9.38 9.89 9.2
(2.4kbps) 3
LPC10e
13.11 13.04 12.
(2.4kbps) 33
E 3. 953 A" $4974 MIKNN 23

Table 3. MIKNN Results between original speech and
processed speech

Method . Stochastic
synthesized Formant
speech enhancement spectral
Vocoder P equalizer
FS-1016
(4.8kbps) 39.13 33.41 39.38
MELP
(2.4kbps) 33.85 30.09 34.08
LPC10e
(2.4Kbps) 26.29 24.46 27.33
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