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ABSTRACT

In this paper we try to figure out the best selection of speech feature and structures of hidden Markov models (HMM) to improve

speech recognition accuracy. In the investigation of HMM structures we compared the performance of the whole-word, initial-final,

and context dependent phoneme models. In the whole-word model structures, we study the effects of short pulse and silence models

in a sentence. We adjusted the model state number to improve the recognition performance. We used the word internal tri-phone

model to better represent the context affected sound in initial-final model structure. In the phoneme model, we use cross word

context dependent tri-phone to precisely characterize speech sound. The decision tree algorithm was used to cluster tri-phone model

states so that many of them can share the same parameters and training data. The decision tree clustering threshold was adjusted to

get the best speech recognition performance. At last, we adjust parameters used in the extraction of mel-frequency cepstral

coefficients. The frame length and the number of triangular band-pass filters were changed to get better performance. Experimental

results show that the speech recognition performance can be significantly improved by employing these approaches.
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