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〔研究の概要〕 

 This research aimed towards automatic analysis and synthesis of speech that is rich in expressivity. In line with 

the classical source-filter model of speech production, we sought improvements in the performance of algorithms 

designed to separate the influence of the glottal flow and the vocal-tract on the speech signal. We improved a 

formant-estimation algorithm based on rhamonic subtraction, and investigated the effects of pre-emphasis on 

glottal flow estimation. We also recorded and will soon release version 1 of a Japanese database of laryngeal voice 

qualities. 

〔研究経過および成果〕 

 Aiming toward physiologically relevant analysis, 

modelling and synthesis of expressive human voices, 

our research prioritizes automatic estimation of 

vocal-tract resonances (formants) and the laryngeal 

source (glottal flow) from the acoustic speech signal. 

 For automatic estimation of the formants, we 

improved a previously proposed rhamonic subtraction 

algorithm [1]. Formant estimation accuracy usually 

degrades for speech at higher than normal 

fundamental frequency (fo). One reason for this 

degradation is that the harmonics of high-fo speech 

are more separated from each other and do not 

properly represent the spectral envelope. Recent 

previous work by other researchers proposed a 

method of suppressing the effect of the harmonics by 

subtracting the corresponding rhamonics in the 

cepstral domain. However, we noted that rhamonics 

often fail to be removed properly because of the 

sample-to-sample variation in the cepstrum. We then 

improved the algorithm, by extending the length of 

the cepstral windows used to suppress the rhamonics. 

As a result, we showed more accurate estimation of 

formants on a publicly available dataset (OpenGlot 

Repository 3). We also constructed a GUI (Fig. 1) to 

visualize both conventional and new formant 

estimation results. 

Fig.1  Formant Estimation GUI [1] 
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 For automatic estimation of glottal flow, Mokhtari 

had previously proposed IOP-IAIF, where the speech 

signal is first adaptively pre-emphasized. The aim of 

IOP (iterative optimal pre-emphasis) was to make the 

overall spectral slope relatively flat, so that the next 

step of spectral envelope estimation could more 

accurately model the vocal-tract transfer function. 

Here, we noticed that even IOP-IAIF has difficulty in 

yielding a reasonable estimate of the glottal flow for 

speech sounds that are far from a modal voice quality. 

We therefore conducted a basic investigation [2] to 

find the best amount of pre-emphasis needed to most 

accurately estimate the glottal flow in a range of voice 

qualities from weak or breathy to strong or pressed. 

For this, we used speech samples kindly provided by 

Dr. Brad Story (USA) and synthesized by a 

computational vocal-tract model, for which the glottal 

flow is known (the glottal flow is not directly 

measurable in natural human speech). The results, 

part of which are shown here in Fig. 2, indicated that 

breathy voice requires a greater amount of 

pre-emphasis (up to nearly 12 dB/oct, which cannot 

be achieved by conventional 1st-order methods, as 

indicated by the grey area in Fig. 2), while pressed 

voice can require even less than 6 dB/oct. We also 

reported the dependence on vowel type and fo [3]. 

 Finally, in this project we aimed to record a 

Japanese multi-speaker database of laryngeal voice 

qualities, that could be useful for both basic and 

applied research in this field. Due to restrictions 

imposed by the ongoing Covid-19 situation in Japan 

during 2021, recordings were delayed until late in the 

year. Nevertheless, as of this writing, version 1 of the 

database includes the voices of 16 Japanese talkers 

(10 male and 6 female) in 9 laryngeal voice qualities 

and 3 vocal efforts. The speech data were carefully 

recorded with a reference microphone setup in a 

sound-proof room, then manually segmented and 

voice-quality labelled [4]. We plan to release the data 

online for the benefit of the research community. 
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Fig.2  Best pre-emphasis vs voice quality [2] 




