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ABSTRACT 

This paper describes a new concatenative TTS system under 
development at ATR. The system, named XIMERA, is based on 
corpus-based technologies, as was the case for the preceding 
TTS systems from ATR, namely ν-talk and CHATR. The 
prominent features of XIMERA are (1) large corpora (a 110-
hours corpus of a Japanese male, a 60-hours corpus of a 
Japanese female, and a 20-hours corpus of a Chinese female), 
(2) HMM-based generation of prosodic parameters, and (3) a 
cost function for segment selection optimized based on 
perceptual experiments. A perception test that evaluated the 
naturalness of synthetic speech for XIMERA and 10 TTS 
products, including CHATR, showed that XIMERA 
outperformed the other ten. 

1. INTRODUCTION 

Corpus-based technologies are undoubtedly a major trend in 
contemporary TTS (Text-To-Speech) systems. Among them, 
waveform concatenation techniques are widely adopted in 
commercial and experimental TTS systems for their natural-
sounding output speech.  These seem to be the most promising 
technique for achieving a practical TTS system at present. 
ATR, as one of the pioneers in corpus-based speech synthesis 
technology, has made contributions to the progress of the 
technology through various studies, which lead us to the 
development of two TTS systems, namely ν-talk [1] and 
CHATR [2,3]. The authors are currently developing a third TTS 
system named XIMERA (pronounced like Chimera, the monster 
in Greek mythology). The framework of XIMERA is essentially 
the same as that of CHATR, ν-talk, and other corpus-based TTS 
systems. Our approach is to achieve a substantial improvement 
in naturalness through the optimization of the component 
technologies of TTS. This paper outlines XIMERA and gives 
some details of the component technologies used in it. 
The paper is organized as follows. Section 2 reviews ATR’s 
series of TTS systems along with a brief history of corpus-based 
speech synthesis technology. Section 3 overviews XIMERA. 
Sections 4 through 8 describe the component technologies used 
in XIMERA. Section 9 introduces several types of public 
domain software (PDS) that are used in XIMERA to improve 

performance and speed up development. Section 10 describes 
the results of an evaluation experiment for. Section 11 
summarizes the paper. 

2. A BRIEF HISTORY OF ATR’S TTS SERIES 

Sagisaka of ATR proposed a novel synthesis scheme [4,5] in 
1988 in which non-uniform phoneme sequences were used as 
synthesis units. A unique point in this scheme was that it was 
able to make full use of a large speech corpus (a set of 5240 
words in [4,5]), whereas in conventional schemes a set of 
syllables such as CV or VCV syllables (C: Consonant, V: 
Vowel) was extracted from a speech corpus and stored in the 
system as a unit inventory. The work was the first step toward 
the corpus-based speech synthesis. Sagisaka [6] later 
emphasized the importance of developing a speech corpus, a 
synthesis algorithm, and a quality evaluation criterion as a 
whole. 
Iwahashi et al. [7] proposed a segment selection algorithm that 
searches for an optimal sequence of speech segments in terms of 
an acoustic criterion by using the Dynamic Programming 
algorithm. As a result of subsequent work by Sagisaka and his 
co-workers, they developed a TTS system named ν-talk (ν 
implies Non-Uniform Unit) [1]. Issues left unresolved included 
(1) vocoder-like speech quality caused by cepstral 
parameterization of speech segments, and (2) poor correlation 
between the acoustic criteria and perceptual measures. 
Hirokawa of NTT, shortly after Sagisaka [4], proposed a 
concatenative synthesis method [8] that extracts phone segments 
from a speech corpus (3 hours in size) by using a successive 
algorithm guided by an evaluation function that takes account of 
errors in F0, F0 tilt, phone duration, and amplitude between a 
target and the values of candidate phone segments, and then 
concatenates the segments without F0 modification. Hirokawa 
later introduced PSOLA for modifying prosodic parameters [9]. 
As can be easily recognized, Hirokawa’s system is an archetype 
of recent concatenative TTS systems. 
After ν-talk, a new TTS system named CHATR was developed 
[2,3]. As CHATR was originally designed to be a workbench for 
speech synthesis researches, it supported equivalent modules for 
each TTS process. For the waveform generation process, it 
supported ν-talk-type synthesis as well as simple waveform 
concatenation. However, CHATR later became known as a TTS 
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system based on waveform concatenation. Another important 
feature of CHATR was that it was designed for multilingual 
speech synthesis. CHATR directly or indirectly contributed the 
development of the University of Edinburgh’s FESTIVAL [10] 
and then AT&T’s Next-Gen [11]. CHATR is also used as a 
platform for expressive speech synthesis [12]. On the other hand, 
independent of CHATR, various studies based on unit selection 
techniques (e.g. [13, 14]) were conducted at various institutions. 
Although CHATR produced very natural speech in limited 
domains, the quality was unstable for unrestricted domains. The 
identified problems included (1) a weakness in text processing, 
(2) a weakness in prosody modeling, (3) small corpora, and (4) 
the cost function for segment selection was purely based on 
acoustical distances and it was not perceptually justified. 
In order to find the quality limit of concatenative speech 
synthesis by solving the above problems, the authors started 
developing a new TTS system. The system’s name, XIMERA, is 
intended to imply (1) a combination of competitive technologies 
and (2) a patchwork of waveform segments. 

3. OVERVIEW OF XIMERA 

A block diagram of XIMERA is shown in Fig.1. Similar to most 
concatenative TTS systems, XIMERA is composed of four 
major modules, namely a text processing module, a prosodic 
parameter generation module, a segment selection module, and a 
waveform generation module. 
The target languages of XIMERA are Japanese and Chinese. 
Although the framework of corpus-based synthesis is language 
independent, most modules, in reality, must be developed or 
tuned for a target language. Language dependent modules 
include the text processing module, acoustic models for 
prosodic parameter generation, speech corpora, and the cost 
function for segment selection. The search algorithm for 
segment selection is also related to the target language via the 
cost function. 
Although various emotions and speaking styles are 
indispensable for achieving a speech synthesizer that can be 
used in place of humans, XIMERA is currently focused on a 
normal reading speech style suitable for news reading and 
emotionless dialogues between man and machine. 
XIMERA has been written from scratch: it does not share single 
line of code with CHATR although their configurations are 
quite similar. XIMERA is written in C++ in a readable-to-
everyone style. Therefore the basic APIs (Application 
Programming Interfaces) are member functions of C++ classes. 
To facilitate research use, wrapper functions for script languages 
such as Perl, Ruby, and Java are provided. Microsofts’s 
SAPI is also supported. XIMERA is designed and tested to 
run on Windows and Unix. Intermediate data between 
modules can be written to and read from files for research use. 

4. TEXT PROCESSING 

The text processing module consists of three sub-modules for 
morphological analysis, rough syntactic analysis, and 
pronunciation and accent generation. The morphological 
analysis is conducted based on a bigram language model and a 
morpheme dictionary consisting of 239,591 Japanese or 195,959 
Chinese entries. The rough syntactic analysis determines (1) a 

dependency between adjacent words, which is mainly used for 
F0 generation, and (2) clause boundaries, which is mainly used 
for pause insertion. The pronunciation generation determines the 
readings of homographs and euphonic changes of unvoiced to 
voiced sounds. The accent generation determines the accent type 
of an accentual phrase based on accent types and the accent 
concatenation features of the constituent morphemes. 
In terms of dichotomy of corpus-based vs. non-corpus-based, 
the first two sub-processes are corpus-based technology and the 
last one is not a corpus-based technology. 

5. SPEECH CORPORA 

5.1. Outline 
Three large-scale single-speaker speech corpora were collected. 
The language, gender, and size are Japanese male of 111-hour 
length, Japanese female of 60-hour length, and Chinese female 
of 20-hour length. The contents of the Japanese corpora include 
news, novels, and travel conversations as shown in Tables 1 and 
2. The travel conversations were uttered in a reading style. The 
sizes in hours do not include silences at utterance initials and 
finals but include utterance medial pauses. 
The speakers were professional narrators. The recordings took 
181 days over a span of 973 days (Japanese male), 95 days over 

 

Fig. 1.  Block diagram of XIMERA. 
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a span of 307 days (Japanese female), and 32 days over a span 
of 63 days (Chinese female). 
The speech was recorded in a soundproof room. To obtain high 
SNR, a large diaphragm condenser microphone with a cardioid 
directional pattern was used. The speech data was digitized at a 
sampling frequency of 48 kHz with 24-bit precision, and 
harddisk-recorded. 
After reading errors were removed by human inspection, speech 
data were separated into utterances, high-pass filtered at 70Hz, 
precision-converted down to 16 bits after amplitude adjustment, 
and stored in files. Phonemic transcriptions in katakana 
characters were also inspected and corrected by humans. Phone 
segmentation and F0 extraction were then conducted. The results 
were not corrected manually. 

5.2. Phone segmentation 
Since manual phone segmentation is a time-consuming task 
(150 times the speech duration), phone segmentation of the 
speech data was conducted automatically by using speaker 
dependent monophone HMMs. 
Evaluation experiments [15] conducted by the authors showed 
that the precision of automatic segmentation is nearly 
comparable to manual segmentation. The result of a perception 
test in which naturalness was pair-compared between synthetic 
speech generated from hand-segmented data and from auto-
segmented data clarified that hand segmentation is superior with 
a statistical significance. However, the difference is marginal in 
practice. It should be noted that (1) the precision of automatic 
segmentation is affected by many factors including the speaker, 
language, and recording conditions, and that (2) the impact of 
segmentation errors on the synthetic speech is highly dependent 
on the segment selection and concatenation algorithm. 

5.3. Voice quality variation 
Enlarging the speech corpus is the most straightforward means 
for improving the naturalness of concatenative synthesis. 
However, recording a large corpus takes from several weeks to 
several months, resulting in recorded speech having short-term 
and long-term variations in voice quality. Concatenating speech 
segments with different voice qualities produces audible 
discontinuities that degrade the naturalness of synthetic speech. 
Equalization filtering based on long-term power spectra is 
known to be effective for variation in the transfer function of the 
recording equipment [16]. However, the improvement by such 
filtering was very limited in our speech corpora [17]. A possible 
reason is that the settings of the recording equipment were kept 
constant during the recording period except for the mouth-to-
microphone distance, the variation for which is hardly 
noticeable. 
The most probable factors of voice quality variation at present 
are (1) changes in vocal organs affected by the physical 
conditions of the speaker, and (2) changes in vocal effort 
affected by the mental condition of the speaker, although 
quantitative evaluation has not yet been conducted. 
Acoustic measures for detecting voice quality variation were 
also investigated [18]. The combination of acoustic measures 
that was most effective for predicting the voice quality 
difference scores obtained in a perceptual experiment was mean 
F0, speech rate, the band-limited power in 8-16 kHz, the MFCC 
distance and day gap. The multiple correlation coefficient was 

0.66 under open conditions. The performance is not sufficient 
for practical use, although it is comparable to previous studies 
on the prediction of perceptual scores from acoustic measures. 

5.4. Size vs. quality 
The relationship between a corpus size and the naturalness of 
synthetic speech is dependent on the characteristics of the cost 
function for segment selection. However, it will be beneficial to 
see the case of XIMERA to get a general idea of the relationship. 
Figure 2 shows the relationship between the corpus size and 
local cost of voiced phonemes, as defined by Eq. (2) in Section 
7.1, for the Japanese male speaker. At a corpus size around 30 
hours, the mean and standard deviation of the cost begin to 
saturate. 

Table 1. Contents of the Japanese male speech corpus. 
Number of Genre Size in 

hours utterances phonemes syllables
Novel 9.95 7452 469226 259207
News 70.21 37710 3155944 1777015
Sentence 2.1 2020 104367 57768
Conversation 12.11 20761 573060 323341
Word 4.93 26979 184493 102173
Syllables 0.34 2493 8086 5753
Voice check 9.41 18438 346801 218206
Miscellaneous 1.63 2106 77703 43628
Total 110.68 117959 4919680 2787091

Table 2. Contents of the Japanese female speech corpus. 
Number of 

Genre Size in 
hours utterances phonemes syllables

Novel 17.27 12979 753758 413366
News 20.46 12350 872204 488491
Sentence 2.42 2012 104157 57734
Conversation 3.86 7357 183921 103481
Word 5.71 26868 183364 100819
Voice check 9.83 14769 253234 159738
Total 59.55 76335 2350638 1323629

 

Fig. 2. Corpus size vs. cost. The corpus is the Japanese male 
corpus. The test set is a set of 503 phonetically balanced 
sentences that is not included in the corpus.  
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5.5. Corpus design 
The authors proposed a method for designing a speech corpus 
taking into account the coverage of prosodic parameters as well 
as phonemic contexts [19]. The design method extracts a set of 
sentences from a large text corpus so that the coverage of the 
sentence set is maximized. The coverage of prosodic parameters 
is estimated from predicted prosodic parameters by using the 
prosodic parameter generation module of a TTS system. 
Although an idealistic criterion for corpus design is the mean 
cost of segment selection, the criterion is not practical since (1) 
it requires a heavy computation load and (2) a part of the input 
information that is related to actual waveform data is not 
available. Therefore the coverage is used as a good 
approximation [20]. 
An evaluation experiment was conducted in which the mean 
costs of two parts of the Japanese male corpus were compared 
[20]. The contents of the two parts were a set of randomly 
selected sentences, and a set of sentences designed by the above 
method. The source text corpora were identical (news corpus). 
The result is shown in Fig. 3. As can be seen in this figure, the 
advantage of the designing is small and limited to smaller 
corpus size (1.5 hours or less). One reason for this is probably 
prediction errors in prosodic parameters. 

6. GENERATION OF PROSODIC PARAMETERS 

Prosodic parameters, namely F0, phone duration, and power, are 
generated based on the HMM-based speech synthesis algorithm 
[21,22]. Japanese speech is modeled with context-dependent 
HMMs of 42 phonemes consisting of five states each, while 
Chinese speech is modeled with context dependent HMMs of 60 
initials and finals. The training data for the HMMs are outlined 
in Table 3. The generated prosodic parameters are sent to the 
succeeding module to be used as targets for segment selection. 

7. SEGMENT SELECTION 

7.1. Processing unit 
The minimal processing unit is a half-phone [23, 24]. In the case 
of Japanese synthesis, concatenation at a C-V boundary is 
inhibited by definition of the cost function. A free half-phone is 
also inhibited. Consequently, as shown in Fig. 4, the mean 
segment size is around 2.4 phonemes, which is approximately 
1.4 syllables. 
In the case of Chinese, an initial is treated as a consonant, while 
a final is treated as a vowel. 

7.2. Cost function 
The cost function of a sentence for segment selection is given by 
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where N denotes the number of targets in the sentence, Cl 
denotes a local cost at the target ti, and ui and ti respectively 
denote the i-th target and segment candidate. Power p was 
determined to be 2 as a result of perceptual experiments [25]. 
The local cost is given by 
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where CF0(ui,ti), Cdur(ui,ti), and Ccen(ui,ti) respectively denote 
errors in F0, segment duration, and spectral centroid between the 
target and a segment candidate (target costs). On the other hand, 
CF0c(ui,ti), Cenv(ui,ti), and Cspg(ui,ti) respectively denote 
discontinuities of F0, phonetic environment, and spectrum 
between adjacent segments (concatenation costs). wF0, wdur, wcen, 
wF0c, wenv, and wspg are corresponding weights for the local costs. 

Fig. 3. Effect of designing corpus. The corpus is the Japanese 
male corpus. The test set is a set of 503 phonetically balanced 
sentences that is not included in the corpus. 

 

Fig. 4. Distribution of segment size. 

Table 3. Training data of HMM for prosody generation. 
Number of Language/gender Size in 

hours utterances labels* 
Japanese male 3.26 1809 157778
Japanese female 1.36 1415 70324
Chinese female 2.45 1680 19928
*Japanese: phonemes, Chinese: initials and finals. 
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Mappings from acoustic measures into the above local costs and 
weights were optimized based on perceptual experiments [26]. 

7.3. Search 
The optimal sequence of waveform segments is searched for by 
using the Viterbi algorithm [27]. A problem due to large corpora 
is the heavy computation load required for evaluating candidate 
segments (on the order of ten to a hundred thousand in the case 
of the 110-hour corpus). To reduce the amount of computation, 
pre-selection based on target sub-costs is adopted. 

8. SIGNAL PROCESSING 

The authors conducted a comparison experiment between two 
kinds of unnaturalness, that is (1) unnaturalness caused by 
prosody modification by using STRAIGHT [28], and (2) 
unnaturalness caused by leaving errors in prosodic parameters as 
they are [29]. As a result, we found that the unnaturalness of 
prosody modification exceeds the other unnaturalness when the 
corpus size is greater than two hours. Therefore we decided not 
to employ prosody modification by signal. 
The waveform generation module is thus based on simple 
waveform concatenation. The concatenation point is searched 
for within a 5-ms range around the segment boundaries so that a 
short-term cross-correlation coefficient is maximized. 

9. PDS USED IN XIMERA 

Several types of public domain software are used in XIMERA. 
Some of them are directly incorporated into the TTS system, 
while others are used to build databases. 
In text processing, chasen [30] and mecab [31] are used for 
morphological analysis of Japanese and Chinese, respectively. 
The morpheme dictionary used by chasen is also a public 
resource named ipadic [30] (accent information is not a part of 
ipadic). The dependency of Japanese text is analyzed by using 
cabocha [32]. 
Prosodic parameters are generated by using the synthesis part of 
HTS (HMM-based Speech Synthesis System) [33] developed at 
Nagoya Institute of Technology (NITECH) and Tokyo Institute 
of Technology (TITECH). 
The training of HMMs for prosody modeling is carried out by 
using the training part of HTS, which is an extension to HTK 
[34]. SPTK [35] is used for preparing the training data. HTK is 
also used for automatic phone segmentation. 

10. EVALUATION OF NATURALNESS 

A perception experiment was conducted in which the 
naturalness of synthetic speech for XIMERA and 10 commercial 
TTS systems were evaluated. A set of 100 Japanese sentences 
that were evenly taken from 10 genres was processed by the 11 
TTS systems to form a set of stimuli comprising 1,100 synthetic 
speech samples. Errors in text processing were manually 
corrected. The stimuli were randomized and presented to 40 
listeners through headphones in a quiet meeting room. The 
listeners rated the naturalness of each stimulus with a 7-point 
scale, namely 0 (very bad) to 6(very good). 
The result is shown in Fig. 5. XIMERA outperforms the other 
systems. However, the advantage over the second-best system, 

which is not a corpus-based system, is not substantial, although 
it is statistically significant. 

11. SUMMARY 

A new TTS system under development at ATR has been 
overviewed. The system, named XIMERA, is based on 
waveform concatenation. 
XIMERA has three noticeable features. The first one is the large 
speech corpora. From the recording and use of large corpora, we 
have learned that extending the corpus size introduces a new 
factor of degradation in naturalness, i.e., voice quality variation. 
In spite of investigations into acoustic measures of the voice 
quality difference, no measure has been found that is highly 
correlated to human perception. In view of practice, a solution 
may be the direct incorporation of perceptual evaluation results 
into the segment selection. Although a formal evaluation 
experiment is not conducted here, we have the impression that 
the magnitude of voice quality variation is dependent on the 
speaker. Therefore, the temporal stability of voice quality may 
be another key issue in an audition of speakers. 
The second feature is that prosodic parameters are generated by 
using an HMM-based technique. The naturalness of the output 
F0 contour is surprising although strong global restriction is not 
embedded in the modeling. A practical problem in this regard to 
be solved in the future is that troubleshooting in training data 
and questions for clustering are more art than technology. 
The third feature is a perceptually justified cost function for 
segment selection. Saturation was found at around 30 hours in 
the relationship between the corpus size and cost. This fact 
indicates that further extending the corpus size does not 
contribute to improving naturalness as far as the present cost 
function is used, and that its improvement is indispensable. 
From the result of the evaluation test, it was found that 
XIMERA outperformes commercial TTS systems currently 
available in the market, and that XIMERA’s advantage over the 

 

Fig. 5. The result of an evaluation experiment for natural-
ness between several synthesizers. The horizontal bars at the 
top, middle and bottom of the boxes indicate 75%, 50%, and 
25% quartiles. The vertical lines extend to the closer point of 
either the maximum/ minimum value or 1.5 times the 
interquartile distance. Mean values are indicated by × marks. 
The TTS systems with an asterisk (*) are corpus-based. 
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second-best system, a non-corpus-based system, is not so large. 
Error analysis and improvement are tasks for the future. 
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