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ABSTRACT

This paper describes a high-quality Japarese text-
to-speech system called NARSYS (NARration SYS-
tem). Former systems have two problems, misread-
ings and unarticulate synthesized speech. For the first
problem, we introduce a high accuracy word detection
algorithm based on a DP matching method that uses
bigram and unigram language models. For the second
problem, we introduce a wave-packet concatenating
method that uses a tri-phoneme context dependent
wave-packet database. The wave packets of 23,000
are manually extracted from natural speech. Accu-
racies of word-to-phoneme conversion and estimation
of bunsetsu(*) accent are 99.8% and 95.9% for sen-
tences in several fields. Syllable articulation score for
male and female voices are 88.9% and 73.4%.

(* A bunsetsu is a Japanese small phrase which con-
sists of a content word or a content word with some
function words.)

1 INTRODUCTION

Text-to-speech conversion is one of the most im-
portant techniques for human-machine interface. An
electronic e-mail speech service via the telephone
on NIFTY-Serve (personal computer communication
service in Japan), and text reading systems on PC
for blind people (FMTALK-II) are already commer-
clalized [1]. Former text-to-speech systems, however,
have following problems:

1. Misreadings
2. Unarticulate synthesized speech

The first problem relates to linguistic processing, and
the second one to acoustic processing. In this paper,
we propose new methods instead of former ones for
solving these problems.

Our text-to-speech system that uses new methods
is shown in Figure 1. The system includes three mod-
ules, a linguistic processor, a prosody processor, and
an acoustic processor.

The linguistic processor detects words in an input
sentence using a 120,000-word dictionary and gener-
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Figure 1. System flow

ates phoneme sequence and estimates bunsetsu ac-
cents. It also analyzes a syntactic structure of the
sentence. The prosody processor generates a phone-
mic duration pattern and a FO contour from the syn-
tactic structure of the sentence. An acoustic proces-
sor generates sentence waveform using a wave-packet
database.

2 LINGUISTIC PROCESSOR
2.1 Word detection

There are two types of misreadings, incorrect word-
to-phoneme conversion and incorrect bunsetsu-accent
estimation. A Kanji character has multiple pronunci-
ations in Japanese. The most appropriate pronuncia-
tion of the Kanji character is selected by considering
a word including the Kanji character. And bunsetsu-
accent estimation is based on modification of accents
of individual words in a bunsetsu with heuristic rules.
So, word detection error is fatal in word-to-phoneme
conversion and bunsetsu-accent estimation. However,
it is so hard to detect correct words because there is
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Input text: SHBRBELTY,

(It’s fine today. )
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a begining or an ending of a sentence.

Figure 2. An example of DP matching method

no space character between words in Japanese sen-
tences. This problem is quite similar to the one
1n continuous speech recognition. We introduce a
high accuracy word detection algorithm based on a
DP matching method that uses bigram and unigram
language models, instead of the left-to-right longest-
word matching method used in the former system.
The process of the method is as following:

1. A word lattice is generated by spotting all words
in an input text using the dictionary. Moreover,
each character is stored in the lattice as an un-
registered word. (The words are shown as rect-
angles in Figure. 2)

2. In the DP matchimg process, the most promis-
ing sentence path is selected using bigrams and
unigrams. The bigram represents connectivity
of adjacent words, and the unigram represents
length and frequency of the word. The bigrams
and the unigrams related to the unregistered
words have very high costs. (The most promis-
ing path is shown as bold allows.)

The connectivity of adjacent words is most impor-
tant in word detection. We think that the grammati-
cal attributes of each word for the preceding word and
that for the following word are different, so each word
should have bidirectional attributes for right and left
hands. Number of the attributes is 208 for left hand
and 386 for right hand.

2.2 Bunsetsu accent estimation

A bunsetsu is a Japanese small phrase which con-
sists of a content word or a content word with one or
more function words. When a bunsetsu is generated
by connecting several words, a bunsetsu accent is not
always concatenation of the word accents in it. It is
possible that bunsetsu accent is accurately estimated
with rules[2].
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Figure 3. Syntactic structure analysis

2.3 Syntactic structure analysis

Dependency among bunsetsus in a sentence is an-
alyzed as shown in Figure 3(a). Probability that
Bunsetsu-A depends on Bunsetsu-B is estimated from
the final function word of Bunsetsu-A (X), the con-
tent word of Bunsetsu-B (Y), and the final function
word of Bunsetsu-B (Z). Number of the attributes of
content word is 10, and that of the function word is
56. And the probabilities of two bunsetsu dependency
are represented by scores on a attribute matrix of
56 X 10 X 56. The bunsetsu dependency is analyzed
right-to-left manner.

An example of the dependency analysis of sen-
tence, that consists of 5 bunsetsus, is shown in Fig-
ure 3(b). When Bunsetsu-4 depends on Bunsetsu-5
and Bunsetsu-2 and 3 depend on Bunsetsu-4, that are
shown as bold arrows, Bunsetsu-1 can not depend on
Bunsetsu-3 because of a rule that dependency arcs
can not cross each other, so the score of Bunsetsu-1’s
dependencies on Bunsetsu-2, 4 and 5 are gotten from
the matrix, and the highest probability dependency
is adopted. If two or more dependency scores tie at
the top, the dependency whose arc is the shortest is
selected.

Based on the results of the dependency analysis,
prosodic boundaries, which is classified into breath
boundary, phrase boundary and accent component
boundary, are estimated by rules. Number of sylla-
bles between boundaries affects the estimation.

3 PROSODY PROCESSOR

3.1 Phonemic duration generation

The prosody processor generates a phonemic du-
ration pattern with context dependent phonemic du-
ration table, based on the analysis of natural speech
data of 150 sentences. After that, the phonemic du-
ration pattern is modified by speech rate. For the
problem of infinite volume lungs, the durations are re-
duced depending on the number of syllables between
breath boundaries.
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Figure 4. FO contour generation model

3.2 FO contour generation

The prosody processor also generates a F0 contour
with “a polygonal-line model”, which is contrived
originally. As shown in Figure 4, a FO contour is
generated by adding an phrase contour, trapezoidal
accent contours and a sentence type contour. Each
contour is controlled by parameters shown in the fig-
ure. Contour generation from parameters is so intu-
itive that derivation and modification of the rules for
parameter generation are easy.

4 ACOUSTIC PROCESSOR

It is described that waveform concatenating
method, which is developed in many institutes for
trial of non-parametric speech synthesis, can gener-
ate high quality synthesized speech. In this method,
it is popular that FO and phonemic duration are
modified by PSOLA (the pitch-synchronous overlap-
add) [3]. PSOLA needs large memory size to store
full-pitch waveform over a segment, so some meth-
ods to decrease the memory size must be taken.
One of the method is reduction of phonemic con-
text. It is not so proper because it causes discontinu-
ity of formant transition, and unarticulate speech is
synthesized consequently. We generate wave-packet
database containing all tri-phoneme context to syn-
thesize articulate speech. And only three one-pitch
wave-packets per phoneme are stored for decreasing
the memory size. And we propose a method which
synthesizes smooth speech waveform by interpolating
wave-packets in the waveform generation.
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Figure 5. Extraction of wave-packet

4.1 Wave-packet database

The wave-packet database contains one-pitch wave
packets, which are manually extracted from large
speech database by a male and a female professional
narrators. The speech database is the set of meaning-
less syllable sequence which includes all tri-phoneme
context in Japanese. The wave packets are extracted
from middle phonemes in all tri-phoneme contexts.
For each of the middle phonemes, three one-pitch
packets are extracted at beginning, center, and end-
ing positions in the phoneme.

A pitch-synchronous point is used for PSOLA. It
is important to determine a location of the pitch-
synchronous point for smooth waveform concatena-
tion. We adopt the guideline that a dip immedi-
ately before a local peak is selected as the pitch-
synchronous point. The guideline is defined by lis-
tening various synthesized speech which is generated
with various pitch-synchronous points. It is also im-
portant to determine a length and a location of an
extraction window. We determined that the length
is one pitch period, and the beginning of the window
is located 25% of one pitch period before the pitch-
synchronous point, for the purpose that the large am-
plitude part around a local peak, which much affects
synthesized speech quality, is not deformed by con-
catenating. The window is shown as a solid line rect-
angle in the Figure 5.

It is necessary for a Japanese text-to-speech sys-
tem to synthesis 39 phonemes and 150 CV-syllables.
Number of tri-phoneme contexts is 7737. Totally,
about 23,000 packets are prepared for each gender.
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4.2 Waveform generation

The waveform generating method for sonorants is
as follows. The three packets of a phoneme and a be-
ginning packet of the following phoneme are located
at 0, 37.5, 75, and 100% positions in the phoneme
segment. The ways of interpolation and concatena-
tion between two packets are indicated in Figure 6.
The interpolated packets are generated by adding two
weighted wave packets, and then, they are concate-
nated using a synthesis window, which is configured
as 1 msec half Hanning windows at both sides of it
and flat portion between the windows. An interval
between the windows corresponds to a synthesis pitch
period. The windows can reduce discontinuity of the
waveform synthesized by concatenation of the wave
packets.

This method can generate more articulate speech
than PARCOR method used in the former system.

5 EVALUATION EXPERIMENTS

The accuracies of word-to-phoneme conversion and
bunsetsu-accent estimation are evaluated using the
following text sources.

- A computer science novel “The cuckoo’s egg”
- A news release by Fujitsu
- A tutorial “C for beginners”
- A review of “Entrance examinations for univer-
sity”
- A computer magazine “Nikkei Computer”
The text sources include 4464 characters, 2759 words,

and 92 sentences in total. Moreover, Japanese sylla-
ble articulation score is evaluated using synthesized
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Table 1. Evaluation results

Improved | Former

Evaluation system system
Accuracy of

word-to-phoneme conversion 99.8% 99.0%
Accuracy of 95.9% 84.7%

bunsetsu-accent estimation

Syllable articulation score
Male Voice 88.9% 83.2%
Female Voice 73.4% 66.9%

Table 2. Specifications of the system

Sampling frequency 16kHz

16bits (or 8bits)

C language, 40,000lines
(including a lot of comments)
5Mbytes

(120,000 Japanese words)

Wave-packet database | 8Mbytes
(for male and female voices)

Quantize bit size
Program source code

Word dictionary

monosyllables. The results of these evaluations are
indicated in Table 1.

6 IMPLEMENTATION OF THE
SYSTEM

The system is implemented by only software. So, it
is possible to be used on multiple platforms, such as
workstations, PCs, and DSPs. Specifications of the
system are listed in Table 2.

7 CONCLUSION

We described a high-quality Japanese text-to-
speech system. We developed new methods for the
linguistic and the acoustic processors in the system
and confirmed high performances of the methods by
evaluation experiments. For future research, im-
provements of algorithms in the prosody processor
and diversification of synthesized voice personality
will be investigated.
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