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概要

筆者が、 1990年 10月から 1993年 9月までの 3年間、 自動翻訳電話研究所および音声翻訳通信研究所

において行なった規則音声合成に関する研究について報告する。研究内容は、おおまかに以下の通りである。

• Segment selection procedure with mimimum distortion criteria 

• Automatic labelling by HMM for synthsis segment 

• Speech Segment Net work approach for optimal synthsis unit set 

• New multivariate analysis method and its application on duration modelling 

• Speech individuality control with spectrum transformation by speaker interpolation 
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1 Abstract of research 

筆者が、 1990年 10月から 1993年 9月までの 3年間、 自動翻訳電話研究所および音

声翻訳電話研究所において行なった規則音声合成に関する研究について報告する。 研究内

容の概略は以下のとおりである。

• Segment selection procedure with mimimum distortion criteria 

A new scheme is proposed for concatenative speech synthesis to improve the segment 

selection procedure by minimizing acoustic distortions between the selected segment 

and the desired spectrum for the target. The spectral prototypicality of a segment, 

the spectral difference between the source and target contexts, the degradation re-

sulting from concatenation of phonemes, and the acoustic continuity between the 

concatenated segments are all considered as measures. A search method for selecting 

segments from a large speech database is also described. In this method, a three-

step optimization is used for distortion minimization. A perceptual test shows that 

contextual spectral difference and acoustic continuity at the segment boundary are 

important measures for improving the quality of synthesized speech. 

• Automatic labelling by HMM for generating synthsis segment 

単位連結型の規則音声合成に必要な音韻ラベリングの自動化についての検討を行なっ

た。セグメンテーションシステムでは、最終的に適切な合成音声が出力されるような

音韻ラベルが得られれば良く、この点からすると、 NUU音声合成方式を用いること

で、セグメンテーションシステムヘの要求を軽減できることが期待できる。合成シス

テムでの使用可能性を見積もるために、自動化のための手法の一つとして考えられる

連続出力分布型HMMを用いた音韻セグメンテーションの実験を行なった。部分的に

大きな誤りを含んではいるものの、全体的には規則合成システムでの使用が可能であ

ると考えられるラベルが高い割合で得られた。また、得られたラベルに基づき、歪み

最小化による NUU音声合成方式を用いて合成音声を作成した。部分的に音質劣化が

認められたが、セグメンテーション方式に音韻継続時間による拘束を付与することな

どにより改善が可能であると考えられる。

• Speech Segment Network approach for optimal synthsis unt set 
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A Speech Segment Network (SSN) approach is proposed for construction of a 

small speech unit set with which high quality speech can be synthesized. The SSN 

approach selects a speech unit set in which segmental and/or inter-segmental dis-

tortions are minimized by using combinatorial optimization methods such as it-

erative improvement or simulated annealing. Experimental results using diphone 

segments showed that the optimal diphone unit sets with total or maximum of inter-

segmental distortion reduced by about 35%, 70% respectively can be constructed by 

this method. This reduction rate is enhanced as the segment population increased. 

Effectiveness of this unit set design was also perceptually confirmed by listening test 

using speech synthesized with the selected diphone unit set. 

• Nevv multivariate analysis method and its application on duration modelling 

In this paper, statistical segmental duration modelling is proposed for English speech 

synthesis using Multiple Split Regression (MSR) and a hierarchical error function. 

To realize duration control by statistical method according to characteristics of 

English duration: interactions between control factors and hierarchical structure of 

timing, a suitable statistical modelling method is desired. 

MSR is a statistical modelling method which has data driven dynamic structure with 

combinatorial optimization technique. It incorporates both linear and tree regres-

sions as special cases, and extends them. It can express phenomena of interaction 

between control factors for duration properly. The hierarchical predictive error func-

tion is adopted to analyze hierarchical structure of duration control in syllable and 

segmental levels. 

Experimental results show that MSR obtains higher values of multiple correlation 

than either linear or tree regressions with the same number of free para.meters. 

Moreover, the error analysis by hierarchical predictive error function shows that 

interactions exist between factors at segmental and syllable levels in duration control, 

and that predictive errors at segmental duration are compensated in a. syllable. 

• Speech individuality control with spectrum transformation by speaker interpolation 
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A speech spectrum transformation method for interpolating spectral patterns be-

tween pre-stored speaker parameters for speech synthesis was proposed. The in-

terpolation is carried out using Log Area Ratio parameters to generates the new 

spectrum. The formant structure can be transformed smoothly as the interpola-

tion ratio is gradually changed, and speech individuality can be changed without 

degradation of speech quality. 

Adaptation to a target speaker can be economically performed by this interpolation, 

which uses only a small amount of training data to produce a new speech spectrum 

sequence close to the target speaker's. An adaptation experiment was carried out 

using only one word spoken by the target speaker as data for learning showed that 

the distance between the target speaker's spectrum and the spectrum produced by 

our interpolation method is reduced by about 20% compared with distance between 

the target speaker's spectrum and spectrum of the speaker closest to the target 

speaker among pre-installed ones in the system. 
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