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This thesis describes novel tone—modeling and parameter generation
approaches to generate more natural—-sounding speech in statistical parametric
speech synthesis. In this work, we concentrate on a major technique of
statistical parametric speech synthesis approach, hidden Markov model
(HMM) -based speech synthesis. In this technique, there are some issues which
should be investigated and improved. Therefore, in this thesis, the work is
divided into two phases including the first phase of the tone correctness
improvement 1in tonal language and the second phase of the spectral

reproducibility improvement.

In the first phase, we describe a novel approach to improving the tone
correctness in speech synthesis of a tonal language based on an average—voice
model trained with a corpus from nonprofessional speakers’ speech. The
intelligibility and naturalness of synthetic speech are degraded in HMM-based
speech synthesis when using a small amount of speech data from nonprofessional
speakers. There are tone disagreements between the tonal labels and the recorded
speech samples when the labels are automatically generated from transcriptions.
The problem with inconsistent labeling in tonal languages is crucial because
incorrect tone labels affect the tone correctness of synthesized speech.
Moreover, it is not an easy task to manually modify incorrect tone labels
inexpensively. Therefore, we focused on reducing tone disagreements in speech
data acquired from nonprofessional speakers without manually modifying the
labels. To reduce the distortion in tone caused by inconsistent tonal labeling,
quantized FO symbols were utilized as the tone context to obtain an appropriate
FO model. With this technique, the tonal context label can be directly extracted
from the original speech and this prevents inconsistency between speech data
and FO labels generated from transcriptions, which affect naturalness and the
tone correctness in synthetic speech. We examined two types of labeling for the
tonal context using phone—based and sub—phone—-based quantized FO symbols.

Subjective and objective evaluations of the synthetic voice were carried out




in terms of the intelligibility of tone and its naturalness. The experimental
results from both the objective and subjective tests revealed that the proposed
technique could improve not only naturalness but also the tone correctness of
synthetic speech under conditions where a small amount of speech data from

nonprofessional target speakers was used.

In the second phase, we describe a novel approach to improving the spectral
reproducibility by reducing the over—smoothing problem. In the conventional
parameter generation algorithm, the resultant spectral trajectory is often
excessively smoothed by the parameter tying in the model training. This causes
the degradation of perceptual quality and makes the synthetic speech sounding
buzzy and muffled. To alleviate the over—smoothing effect, we propose a
parameter generation algorithm using a local variance (LV) model in HMM-based
speech synthesis. In the proposed technique, we define LV as a feature that
represents the local variation of a spectral parameter sequence and model LVs
using HMMs. Context—dependent HMMs are used to capture the dependence of LV
trajectories on phonetic and prosodic contexts. In addition, the dynamic
features of LVs are taken into account as well as the static one to appropriately
model the dynamic characteristics of LV trajectories. By introducing the LV
model into the speech parameter generation process, the proposed technique can
impose a more precise variance constraint for each frame than the conventional
technique with a global variance (GV) model. Consequently, the proposed
technique alleviates the excessive spectral peak enhancement that often occurs
in GV-based parameter generation. Objective evaluation results showed that the
proposed technique can generate better spectral parameter trajectories than the
GV-based technique in terms of spectral and LV distortion. Moreover, the results
of subjective evaluation demonstrated that the proposed technique can generate
synthetic speech significantly closer to the original one than the conventional

technique while maintaining speech naturalness.
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