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Abstract

It is well known that temporal information, i.e. speech onset, about input speech can be represented to the response nerve signal of auditory
nerve better depending on the adaptation effect occurred in the auditory nerve synapse. In addition, the performance of a speech processor
of cochlear implant can be improved by the adaptation effect. In this paper, we observed the emphasis characteristic of speech onset in the
recently proposed adaptation algorithm, analyzed the characteristic of performance change according to the variation of parameters and
compared with transient emphasis spectral maxima (TESM) is the previous typical strategy. When observing false peaks which are generated
everywhere except speech onset, in the case of the proposed model, the false peak were generated much less than in the case of the TESM

and it is more distinguishable under noise.
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3 38

4 24 11 9 1 10 13 18 12
5 17 8 6 7 6 9 14 7
6 13 6 5 7 3 10 8 7

3 2, VCV wordsol| £f 8t TESMZ| X o2l RElo| @ 71| o] 74
Table 2. The number of false peaks of TESM and proposed model for VCV words

K 8 . 5.6 5.6 4.6
fol 15.4 5.1 59 7.8 4.9
o/ 7.8 7.4 9 7.6 8.3 6.9
o/ 5.6 5.6 6.3 59 5 4.1
il 7.9 7.3 94 6.8 7.4 5.6
/d/ 5.5 5 7.5 7.5 8 5.4

F 3, CVC wordsoll L8t TESMT} &| okEl RElo] @ &m0 7)4
Table 3. The number of false peaks of TESM and proposed model about CVC words

K 12.5 8 56 5 9.1

ol 7.6 5.3 7.5 5.3 44 24
o/ 6.4 8.4 9.9 9.5 8.1 8.1
o/ 54 3.1 8.6 4.1 5.3 4

n 7.8 45 8 7.8 8.8 6.6
/d/ 5.3 4.6 6.9 5.6 6.8 3.8
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