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Performance Improvement of Voice Dialing System using Post-Processing
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ABSTRACT

Voice dialing system can recognize the speaker's command and dial the destinate phone number automatically. Such a
system is useful for wireless handsets and portable communication devices. As a personal voice dialing system, all the
commands are used to train the HMM for specch recognition bascd on owner-selected phrases. Its implementation requires
much less memory space and computation resource compared to a speaker-independent system. Since only two or three
training utterances per command are used in ¢his system, it is difficult 1o estimate exact state duration distribution to
improve the recognition performance. Thesefore a post-processor is presented to improve the performance. Experiments
which use the database collecied through the tclephone line showed that the proposed posi-processor improves the
recognition system performance.
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Fig. 1. The concept of personal voice dialing system using HMM.
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Fig. 2. Front-end processing.
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Fig. 3. Speaker dependent voice dialing system.
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Table 1. Performance evaluation of speaker-dependent voice

dialing system.
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