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ABSTRACT 

 
This paper proposes a new concatenative speech synthesis 
method using context dependent phoneme sequences with 
variable length as search units. Using Japanese broadcast 
news programs as a speech database, we synthesize 
Japanese news sentences that are not included in that 
speech database and perform subjective evaluations of the 
synthesized speech. As a result, (1) 77% of speech 
synthesized by the proposed method was preferred to that 
by the conventional method, (2) speech synthesis runtime 
was reduced to one-tenth that of the conventional method, 
(3) the mean opinion score (MOS) was 3.94 in a five-
point MOS test, and 37% of synthesized speech had the 
same naturalness as natural speech, and (4) speech 
synthesis runtime was only slightly increased despite the 
larger speech database. The results show the effectiveness 
of the proposed method. 

 

1. INTRODUCTION 
 
There are strong needs for higher quality text-to-speech 
(TTS) conversion for broadcasting services. If a TTS 
system can read text data with a human-like voice, 
visually impaired and mobile receivers could access text 
information of data broadcasts. A high quality TTS 
system would enable automatic sound broadcasts such as 
stock market reports and even automatic TV broadcasts 
by combining computer-graphic animations generated 
from a script [1]. 

Concatenative speech synthesis systems [2-5] that can 
generate high quality synthesized speech have been 
proposed, however much higher quality is required for 
broadcasting services. Here we focus on two aspects of 
the concatenative speech synthesis system: the search unit, 
and the speech database. 

To achieve more natural synthesized speech, a larger 
speech database is needed. In most of the concatenative 
speech synthesis systems, search units are rather short 
such as syllables, phonemes and diphones [2-5]. A shorter 
unit, however, produces a larger number of candidates of 
voice waveform and a larger speech database cannot be 
used without narrow pruning for practical use, but narrow 
pruning impairs the quality of synthesized speech. In this 
paper, we propose a speech synthesis system that uses 
context dependent phoneme sequences with variable 
length as search units. This method is expected to make 
synthesized speech more natural because the number of 
candidates of voice waveform is decreased and a larger 
speech database can be used without pruning. 

The conventional speech databases of concatenative 
speech synthesis systems were produced under artificial 
conditions: the sentences in the speech databases were 
prepared for research of speech synthesis and were read at 
a specific speed and with a specific reading style 
appropriate for speech synthesis. However, utterances in 
the broadcast programs differ from such experimental 
speech databases because the sentences in broadcast 
programs are written for each program and read at a 
natural speed and natural reading style. We use recordings 
of Japanese broadcast news programs as a speech 
database in our system. 
 

2. PROPOSED SPEECH SYNTHESIS METHOD 
 
2.1 Overview of proposed speech synthesis system 
 
Figure 1 shows the block diagram of the proposed system 
for concatenative speech synthesis. 

The input of this experimental system is Japanese text 
given the correct pronunciation, fundamental frequency 
and phoneme duration. The fundamental frequency and 
phoneme duration are extracted from natural speech that 
the input Japanese text was transcribed from. 
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      When the system receives an input Japanese text with 
pronunciation information, it divides the text into a 
“sequence” of context dependent phoneme sequences 
which frequently appear in a speech database. The list of 
usable context dependent phoneme sequences (UCDPS 
list) is obtained in advance by listing up the context 
dependent phoneme sequences which have higher 
frequency of appearance in the speech database than a 
threshold. Division is optimized such that the number of 
divisions becomes smallest and phoneme sequences with 
most similar lengths are selected. When the input text is 
“sil h o N k o N n o s u m i s u k i sh a n i k i k i m a s u 
sil”, which means “Mr. Smith reporting from Hong Kong” 
in English, the system may divide the sentence into 
phoneme sequences, “(sil h)+o”, “h-(o N k o)+N”, “o-(N 
n o s u m i)+s”, “i-(s u)+k”, “Cluster k_2” and “k-(i sh a n 
i k i k i m a s u sil)”, for example. Here, “h-(o N k o)+N” 
means a phoneme sequence which consists of the 
phonemes /o/, /N/, /k/ and /o/, and /h/ is before and /N/ is 
after. The details of dividing sentences into phoneme 
sequences are described in section 2.2.1. 
      The voice waveform database is a database of 
candidates of voice waveform and is extracted from the 
speech database corresponding to every context 
dependent phoneme sequence in the UCDPS list. The 
method used to obtain the UCDPS list is described in 
section 2.2.2. 

When the voice waveform selection block receives a 
“sequence” of context dependent phoneme sequences, it 
searches  for  the  best  combination  of  voice  waveforms 

 
 
 
 
 
 
 
 
 
 
 
 

 
 
 
 
 
 
 
 
 
 

 
 
which maximizes the sum of the target score and 
concatenation score. Figure 2 illustrates the search method. 
The target score is calculated as the similarity of 
fundamental frequency and phoneme duration between the 
candidates of voice waveform and the target values as 
described in section 2.3.1. The concatenation score is 
calculated as the similarity of fundamental frequency and 
cepstrum between two consecutive candidates of voice 
waveform as described in section 2.3.2. 

In the search, the Viterbi algorithm is used from the 
beginning of the text, pruning is not performed and all 
candidates of voice waveform combinations are tried. 
Each candidate of voice waveform keeps only one 
hypothesis with the highest score. The system usually uses 
context dependent phoneme sequences but uses clustered 
triphones [6] if an applicable context dependent phoneme 
sequence cannot be found in the UCDPS list. At the end 
of the text, the hypothesis with the highest score is 
selected and the system then concatenates selected voice 
waveform. 
 
2.2 Division into context dependent phoneme 
sequences 
  
2.2.1. Method of dividing an input sentence into context 
dependent phoneme sequences 
When the system receives an input Japanese text with 
given pronunciations, fundamental frequency and 
phoneme duration, it divides the input text into a 
“sequence”  of  context dependent phoneme sequences  by  
 
 
 
 
 
 
 
 
 
 
 
 



minimizing the division number. The context dependent 
phoneme sequences must be included in the UCDPS list 
described in section 2.2.2. The minimum division 
number ( )M r , when the 1st to rth phonemes are divided 
into context dependent phoneme sequences, is given by, 

1 ,0
( ) m in ( ( ) 1) ( )k rk r

M r M k eδ +≤ <
= + ×   , (1) 

where 
1,( )k reδ + : takes the value of 1 when the context 

dependent phoneme sequence 1,k re + that 
consists of the phonemes from (k+1)th to rth, 
exists in the UCDPS list, otherwise takes a 
large positive value. 

(0)M  is defined as –1. At the last Rth phoneme in the 
input text, the division where the division number is equal 
to ( )M R  is selected. For example, (30)M is 5 in Fig. 2. 

When there are more than two divisions with the 
minimum division number ( )M r , the division that 
maximizes ( )E r  is selected. ( )E r  is given by, 
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where 
,( )

j js fn e : the number of phonemes included in the jth 

context dependent phoneme sequences ,j js fe  
that consists of the phonemes from js th to 

jf th. 
So the division where the length of each context 

dependent phoneme sequence is as equal as possible tends 
to be selected when there are more than two divisions with 
the minimum division number ( )M R . For example, (30)E  
is 2 4 7 2 1 14 1568× × × × × = in Fig. 2. 
 
2.2.2. Method of making context dependent phoneme 
sequences with variable length 
The UCDPS list is produced from the speech database by 
counting the frequency of appearance of each context 
dependent phoneme sequence in the speech database and 
listing up context dependent phoneme sequences which 
have a frequency of more than a threshold, minN . When 
speech synthesis is performed, only the context dependent 
phoneme sequences in the UCDPS list are used. The 
number of context dependent phoneme sequences is 
38,447 when this method is applied to a speech database 
of 27,888 sentences as described later and the minimum 
number of data minN  is set at 100. The maximum length of 
a context dependent phoneme sequence is 55 and the 
phoneme sequence is “(sil i Q p o- t o- ky o- k a b u sh i k 
i sh i j o- sh u y o- m e- g a r a n o h e- k i N k a b u k a n o 
o w a r i n e w a)+sp”, which means “The closing stock 
price average of the major companies on the Tokyo stock 

exchange” in English. So, the frequent phoneme 
sequences in the database are searched as one group 
simultaneously. 
 
2.3. Voice waveform selection 
 
2.3.1. Target score 
If context dependent phoneme sequences suited for the 
given fundamental frequency and phoneme length exist in 
the speech database, the system performs the context 
dependent phoneme sequences search. Using input 
phoneme sequence Y and phoneme sequence D in the 
speech database, target score ( , )TS Y D  is defined as 
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where 
j

Yp , j
Dp : the fundamental frequency of the jth 

phoneme from the beginning of Y and D, 
respectively. 

Yn       : the number of phonemes in Y. 

( )j
YTθ  : 1 where the jth phoneme j

YT  from the 
beginning of Y is a vowel or a semi-vowel 
and 0 otherwise.  

Yl , Dl  : the duration of phoneme sequences Y and D, 
respectively. 

1w , 2w  : positive weights. 
  

      The first term means distinguishing differences of the 
phoneme sequences accent, and the second term means 
distinguishing differences of the phoneme sequences 
duration.  
      So if the input phoneme sequences are not included in 
the speech database or are very different from the 
phoneme sequences in the speech database with 
fundamental frequency or length, the voice waveform 
selection block performs clustered triphones search. 
 
2.3.2. Concatenation score 
We defined concatenation score ),( BASC  between the 
former candidate of voice waveform A and the later 
candidate of voice waveform B as 
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where 
      E

Ap , I
Bp : the fundamental frequency of the end of A 

and the beginning of B, respectively. 



  E
iAc , I

iBc : the ith dimensional MFCC feature at the end 
of A and the beginning of B, respectively. 

E
AT

iσ ,
I

BT
iσ : the variance of the ith dimensional MFCC 

feature vector at the tail clustered triphone 
E
AT  of A and the head clustered triphone I

BT  
of B, respectively. 

E
AT

iµ ,
I

BT
iµ : the mean of the ith dimensional MFCC 

feature at the tail clustered triphone E
AT  of A 

and the head clustered triphone I
BT  of B, 

respectively. 
        d      : the number of MFCC feature dimensions. 

  a      : a static positive value. 
3w , 4w   :  positive weights.  

ABδ   : 0 where A and B are contiguous in the 
speech database and 1 otherwise. 

 
The first term means easily selecting the candidates of 

voice waveform which are contiguous in the speech 
database. The second term means distinguishing 
differences of the fundamental frequency of phoneme 
sequences. The third term means distinguishing 
differences of the cepstrum feature by vector distance 
normalized using mean and variance. The mean and 
variance of each triphone is calculated from the result of 
alignment. T

iσ  and T
iµ are defined  as 
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where 
  f

ic : the ith dimensional MFCC feature at the fth frame 
TF :  the frames aligned to the triphone T 

In the search of the phoneme sequences and clustered 
triphone, the sum of the target score and concatenation 
score is used. 
 

3. PERFORMANCE EVALUATION 
 
3.1 Speech database 
 
The speech database used in this evaluation consists of 
Japanese broadcast news programs including “News 7” 
and “News 10”, which are typical NHK news programs 
[7]. The news programs that were broadcast from June 1 – 
July 14 in 1996, June 1 – July 31 in 1997, April 1 – 

September 30 in 1998, April 1 in 1999 – March 31 in 
2000 and April 1 – June 22 in 2001, were used to build 
the speech database. The speech output from the news 
studio was digitally recorded and converted at 16 bits/16 
kHz including sound effects, music and other speakers’ 
chiming in. In these news programs, many announcers and 
ordinary speakers spoke. We manually selected the speech 
data spoken by a single female announcer. Speech data 
with significant background noise and hesitated words 
were eliminated. Label files describing the contents of the 
speech were produced corresponding to each speech data 
in conformity with “NHK: New Characters and Words 
Dictionary” [8]. 

The number of utterances in the database used for 
speech synthesis, including one hundred phoneme 
balanced sentences specifically spoken for the speech 
database by the same announcer, was 27,888 totaling 86.0 
hours. The total number of phonemes was 3.84 million 
with 8,771 kinds of triphones. 

This speech database was used as learning data of 
HMM for alignment, as data of mean and variance for 
concatenation score, and as the voice waveform database. 
We did not manually modify the result of alignment 
because the speech database was too large. 
 
3.2 Subjective evaluation sentences 
 
We conducted a performance evaluation of synthesized 
speech. One-hundred sentences were used for the paired 
comparison test, and forty sentences, a subset of the above 
one-hundred sentences, were used for the five-point MOS 
test. Those evaluation sentences were not included in the 
speech database and were transcribed from the “News 10” 
news programs broadcast on June 25 – 29 in 2001 spoken 
by the same female announcer. The total number of 
phonemes in the one-hundred sentences and the forty 
sentences was 13,777 and 5,927, respectively. 
 
3.3 Paired comparison test 
 
In order to evaluate the performance, the speech samples 
synthesized by the proposed method were compared with 
those made by the conventional method using phonemes 
as search units. 

In the speech synthesis process, a workstation with a 
667 MHz Alpha 21264 CPU was used. If pruning is not 
performed, speech synthesis by the conventional method 
takes thousands times as long as that by the proposed 
method, so when the conventional method was used, a 
beam width was set up and a beam search was used. The 
input Japanese texts for the conventional method are the 
same sentences as those for the proposed method, which 
are given correct pronunciations, fundamental frequency 
and phoneme duration. 



 

Fig. 3 Results of a paired comparison test
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      The listeners were five males and three females 
without any known hearing problems. The speech samples 
were presented through loud-speakers in a sound-proof 
room. The listeners were asked to listen to the speech 
samples only once because the mean length of one 
sentence was very long (about ten seconds). The listeners 
were asked to judge which of two samples of the same 
target sentence they considered to be more natural. They 
were not allowed to judge both samples of the pair equally 
good. Each speech sample of a pair was arranged in 
random order, and the order of the sentence pairs was 
randomized, too. The listeners took a rest intermittently. 
 
Experimental Results 

The experimental results are shown in Fig. 3. 77% of 
synthesized speech by the proposed method was evaluated 
as more natural speech than synthesized speech by the 
conventional method. In Fig. 3, the 98% confidence 
interval is also shown. 

The speech synthesis runtime was reduced from 29.0 
for the conventional method to 2.24 for the proposed 
method when the length of synthesized speech is regarded 
as 1.0. 
 
3.4 Five-point MOS test 
 
In order to evaluate the performance of the proposed 
method with speech databases of different size, forty 
speech samples were synthesized using (1) the entire 
speech database (86.0 hours), (2) half (43.2 hours), (3) 
quarter (21.6 hours), and (4) one-eighth (10.9 hours), 
respectively. Forty original speech samples, fundamental 
frequency and phoneme duration of which was extracted 
for input to the system, were added to this test. In total, 
two hundred speech samples were evaluated in the five-
point MOS test. 

In the speech synthesis process, a workstation with a 
3.06 GHz Xeon CPU was used. 

Fig. 4　MOS for various speech databases
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The listeners were five males and four females without 

any known hearing problems. The speech samples were 
presented through loud-speakers in a sound-proof room. 
Listeners were asked to listen to the speech samples only 
once for the same reason given in section 3.3 and to rate 
each speech sample in terms of degradation of naturalness. 
For each trial, listeners were presented a five-point rating 
scale in Table 2 and were asked their judgment. Before 
the evaluation test, listeners were asked to listen to three 
natural speech samples in the speech database and 
instructed to give a score of 5 (natural) to speech with 
quality equivalent to those samples. Each sample was 
arranged in random order. The listeners took a rest 
intermittently. 

 
Table 2 Perceptual scale for five-step MOS test 

5. Natural 
4. Not natural but negligible 
3. Slightly noticeable 
2. Noticeable 
1. Very noticeable 

 
Experimental Results 

The experimental results are shown in Fig. 4. Total 
MOS for natural speech is 4.99. The best total MOS for 
synthesized speech is 3.94 at 86.0 hours, so the mean 
naturalness of synthesized speech is “not natural but 
negligible”. 

In Fig. 4, the larger the speech database, the more 
natural the synthesized speech. However, over 43 hours, 
naturalness is saturated and it is difficult to improve 
naturalness no matter how large the speech database is.  

For example, MOS of two male and two female 
listeners are also shown in Fig. 4. From the point of view 
of the listeners, although an absolute difference among the 
listeners exists, the effect of a change of the amount of 
speech database shows the same tendency among the 
listeners. An absolute difference among the listeners is 
considered to reflect a personal tendency of being 
bothered by the unnaturalness of synthesized speech. 

  The histogram for various speech databases in the 
same experiment is shown in Fig. 5. Natural speech rated 
at  5 (natural)  is  not  shown  in  Fig. 5  because  98.6% of  



Fig. 5 Histogram for various speech databases
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natural speech was rated at 5. 36.7% of the synthesized 
speech at 86.0 hours was rated at 5 (natural). 

In Fig. 5, when the database is smaller, synthesized 
speech rated at 5 (natural) and 4 (not natural but 
negligible) decreases and synthesized speech rated at 3 
(slightly noticeable), 2 (noticeable) and 1 (very 
noticeable) increases. 11.1% of synthesized speech with 
the 86.0 hours speech database was rated at 2 and 1, so it 
is important to decrease the rate of such unnatural 
synthesized speech.  

The speech synthesis runtimes for the various speech 
databases are shown in Table 3. The speech synthesis 
runtime per sentence increases only slightly despite the 
larger speech database. The larger the speech database, 
the larger the mean number of hypotheses per search, but 
the mean number of search times per sentence is lower. 
Also, the larger the speech database, the larger the number 
of phoneme sequences and the larger the number of 
phonemes included in the longest phoneme sequences. 

The mean number of speech database discontinuities in 
synthesized speech is also shown in Table 3. The larger 
the speech database, the smaller the mean number of 
speech database discontinuities in synthesized speech 
because longer voice waveforms can be used in a larger 
database. The mean number of phonemes taken as one 
group in the same continuous speech database is 4.2 at 
86.0 hours when the mean number of phonemes per 
sentence is 137.8. 

 
4. CONCLUSION 

 
We proposed a concatenative speech synthesis method 
using context dependent phoneme sequences with variable 
length as search units. Using Japanese broadcast news 
programs as a speech database, we synthesized Japanese 
news sentences and performed subjective evaluations of 
the synthesized speech. The evaluation test revealed the 
effectiveness of this concatenative speech synthesis 
method, which was also shown to be very effective for 
reducing the speech synthesis runtime. In future studies, 
we intend to try applying this method to various broadcast  

 
Table 3 Runtime of various speech databases 

Size of speech 
database [hour] 10.9 21.6 43.2 86.0 

Speech synthesis 
runtime 2.26 2.40 2.27 2.53 

Mean number of 
hypotheses 333.3 395.8 468.7 566.1

Mean number of 
search times 103.1 85.6 70.7 57.4 

Number of phoneme 
sequences 2791 6980 17448 38447

Number of phonemes 
included in the 
longest phoneme 
sequences 

13 20 40 55 

Mean number of 
speech database 
discontinuities in 
synthesized speech 

46.4 41.2 37.2 33.3 

 
programs and evaluating the performance of synthesized 
speech. 
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