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The purpose of this thesis is to invent an automatic Thai speaker-dependent speech
transcription for using in a Large Vocabulary Continuous Speech Recognition (LVCSR)
system. The proposed technique is focused on the data preparation process, which
arranges suitable data for training an acoustic model and a language model by using
Hidden Markov Model (HMM). The Dynamic Time Warping (DTW) technique is used
to match phone’s position on recognized utterances and their transcription data in the
data preparation process. The false matched results are rejected by thresholding with
confidence score, which is obtained from Classification and Regression Tree (CART).
After that, rejected results are used as a resource to adapt the original acoustic model,
which is created from a general-domain corpus. The matching accuracy is higher than
50 percent on the test set. The transcribed result which uses the ultimate model is
improved by 27 percent from the original model on the same test set.





