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A Neural Speech Processing Algorithm for Multielectrode
Cochlear Implant System

Jin-Young Choi, Jin-Ho Cho*, and Kuhn-Il Lee

— Abstract—

A New speech processing algorithm using neural networks is proposed. We transform input data
into frequency domain and process them by neural networks of 22 output neurons which have Bark
scale on the ground that the Bark scale is similiar with that of the characteristics of human cochlea.
An utilized neural network is multilayer perceptron, and the characteristics of cochlea have it trai-
ned by error back propagation learning algorithm. The trained neural networks suffices functions
of human cochlea including the effects of automatic gain control, compression and equalization. Si-
mulation results show that the proposed speech processing algorithm has good performance in auto-

matic gain control, compression and equalization.
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Fig. 1 Structure of human ear.
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E 1 Bark scale2 2+ A5 @2d T34 19
Table 1 Frequency range of Bark scaled electrodes.

elec- Bark scaled Bark scaled input
trode | frequency range(Hz) buffer of neural
networks

1 78— 156 1

2 157—234 2

3 235—312 3

4 313—391 4

5 392469 5

6 470—625 6—7

7 626— 781 8—9

8 782—938 10—11

9 939—1094 12—-13
10 1095— 1250 14—15
11 1251—1484 16—18
12 1485—1719 19—-21
13 1720—1953 22—24
14 1954 — 2344 25—29
15 2345—2734 30—34
16 27353203 35—40
17 3204 — 3828 41—48
18 3829—4531 49—57
19 4532—5391 58—-68
20 5392— 6406 69—81
21 6407 — 7578 82—96
22 7579—9141 97—-118
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Fig. 6 Output of 13th output neuron when 1400~24
00(Hz) input signal are transferred.

=
o
ot
§10 S

j y
E | 1
] 0.5 i }
Q H
5 / "
3 0 = :
= 1400 1600 1800 2000 2200 2400
= Frequency (Hz)

(a)

s 1
£ 10 —
& i I
5 ! .l
o
= 0.5:
o
[=}
S ol
E 1400 1600 1800 2000 2200 2400

Frequency (Hz)
(b)

9= Aze) 2717 Gekd BE 29 wdle)
54 (2) 4859 2718 11092 Fasq
& dol 1394 23 el g (b) 9 A
59 2718 4u2 200 S Hel 138 2
o Fesl g

Fig. 7 Characteristics of output neuron when input

L.l
o
~

signals are varying, (a) Output value of 13th
output neuron when amplitude of input signal
is 1/10th reduced. (b) Output value of 13th
output neuron when amplitude of input signal
is 4th amplified.
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