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This thesis presents novel approaches to acoustic modeling of speech to achieve a personalized
speech interface: automatic speech recognition (ASR) and text-to-speech synthesis (TTS).

Chapter 1 describes general background of the thesis.

Chapter 2 describes a rapid model adaptation technique for emotional speech recognition. This
technique utilizes the MRHMM framework for the model adaptation and the style vector which
corresponds to the degree or intensity of expressivity of styles. In the recognition stage, the HMM
is adapted to the input style using the estimated style vector. It has been confirmed that the
proposed technique reduces the error rate by 11% of the style-independent HMM. Furthermore,
the technique can obtain not only linguistic information but also the degree of expressivity of
emotional speech.

Chapter 3 presents an emotional speech recognition technique based on speaker adapted
MRHMM. Using a speaker-independent neutral style model, the MRHMM is trained with a small
amount of target speaker's data. The experimental results indicated that the performance of the
proposed technique in both speech recognition and style estimation is promising for simulated
emotional speech.

Chapter 4 describes an average voice model training technique that utilizes speaker classes
representing the voice characteristics of speakers. In the speaker adaptation process, the speaker
class of the target speaker is estimated and used for speaker adaptation and speech parameter
generation. Objective and subjective experiments showed that the proposed technique can
synthesize speech that is closer to that of the target speaker than the conventional method.

Chapter 5 presents a similar speaker selection technique as the first step for further improving
the similarity of the synthesized speech. The technique first trains a transform matrix based on
distance metric learning using the perceptual voice quality similarity. Given an input speech,
acoustic features of the input speech are transformed using the trained transform matrix. The
results indicate that the proposed technique reduces the speaker selection error rate by about
53.9%.

Chapter 6 describes conclusions and future works of this thesis.
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