
 

UNIT SELECTION USING PITCH SYNCHRONOUS CROSS CORRELATION 

FOR JAPANESE CONCATENATIVE SPEECH SYNTHESIS  
 

Nobuo Nukaga,   Ryota Kamoshida  and  Kenji Nagamatsu 

 

Hitachi Ltd., Central Research Laboratory 
1-280, Higashi Koigakubo, Kokubunji-shi, Tokyo 185-8601 JAPAN 

{nukaga, ryota-k, knaga}@crl.hitachi.co.jp 

 

 

ABSTRACT 

 

We describe a corpus-based approach to improving 

synthesized speech quality and present two useful cost 

functions for unit selection. One is pitch-synchronous 

cross correlation for concatenation costs to reduce the 

noise caused by phase mismatch at concatenation points. 

The other is a discontinuous cost function for internal and 

concatenation costs to eliminate unnecessary cost 

calculation. An evaluation showed that incorporating 

pitch-synchronous cross correlation cost was better than 

using a conventional cost function. In addition, an opinion 

test to assess the naturalness of the synthesized speech 

indicated that the proposed method was 0.7 points better 

on a seven-point MOS(Mean of Opinion Score) than the 

conventional system. This paper also discusses other 

improvements in the performance of text-to-speech 

systems. In this session, we will demonstrate our Japanese 

text-to-speech system. 

 

1. INTRODUCTION 

 

In recent years, numerous speech-synthesis technologies 

have been developed and applied to various systems. Our 

Japanese text-to-speech system has been developed as 

compact middleware for car navigation systems and robot 

speech interfaces [1]. 

Corpus-based approaches have succeeded in improving 

synthesized speech quality. Before these approaches were 

applied to text-to-speech, we depended on empirical 

knowledge to improve speech quality. In particular, 

concatenative speech synthesis has produced much more 

natural-sounding voices. Text-to-speech quality is now so 

good that it is difficult to differentiate a natural voice from 

synthesized speech. However, the overall quality is not 

perfect and there is still room for improvement. 

There are two types of corpus-based systems for speech 

synthesis. One is a narrowly defined concatenative speech 

synthesis. In this approach, synthesized voices are 

generated using optimal waveforms that are selected on 

the basis of criteria such as cost functions and are 

concatenated directly without modification by prosody 

[2][3]. In the other approach, the prosody and spectrum of 

selected waveforms are modified using signal-processing 

techniques. 

An example of the former approach is CHATR system [3]. 

CHATR uses two cost functions, target and concatenation 

costs. The target cost is the measure of difference between 

target parameters obtained from models and real 

parameters stored in the corpus. Target parameters 

include the F0 contours, power, duration of segments, and 

spectrum. The concatenation cost is calculated on the 

measure of difference between parameters at the 

concatenation point. The parameters for the concatenation 

cost are the same as those for the target cost. In the 

CHATR system, optimal waveforms are selected using 

dynamic programming in such a way that the weighted 

sum of the target cost and concatenation cost is minimized. 

In this approach, the design of the cost function in relation 

to unit selection is very important. 

However, there are some problems with unit selection in 

concatenative speech-synthesis systems. The first is the 

gap in spectrum, F0 contour, and power, which causes 

discontinuity at the concatenation point. The second is the 

stabilization of speech quality. In general, the voice 

quality of conventional text-to-speech systems is steady 

for various texts. However, with concatenative speech 

synthesis, there is a range of the quality from "top data" to 

"bottom data", and worse, the quality is unpredictable. 

The third problem is that searching for optimal segments 

requires huge computational power. 

In the first problem, the spectrum gap is calculated as the 

overall difference in the cepstrum between two waveforms. 

In this case, phase continuity is not considered implicitly 

or explicitly. To address phase discontinuity, Stylianou 

[4] presented a harmonics plus noise model (HNM). In the 

HNM, waveforms are modeled as the sum of the 

sinusoidal waves with phase parameters and a noise signal. 

Therefore, using HNM we can generate phase-consistent 

waveforms to control the phase parameters of the model. 

Other similar approaches to this problem have been 

presented [5]. 
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For the second problem, some text-to-speech systems 

have used prosodic modification to close the gap. HNM is 

also aimed at this problem. TD-PSOLA (Time-Domain 

Pitch-Synchronous Over-Lapping Addition) [6] and 

MBAOLA (MultiBand Re-synthesis Over-Lap Add) [7] 

have been also used in this research. At the same time, 

there is a trade-off between corpus size and synthesized 

speech quality. We wanted to prepare a small corpus (less 

than one hour) for the current research for ease of 

maintenance and lower computational costs. Consequently, 

we required a method for prosodic modification. 

In relation to the third problem, some methods use non-

uniform units to reduce the time required for calculation. 

For example, in the NHK system, variable-length units are 

obtained statistically from the corpus and used for 

searches [8]. 

In this paper, we propose three approaches to the 

problems described above: 

(1)Pitch-synchronous cross-correlation cost to improve 

discontinuity at the center of the vowel and the overall 

quality of the synthesized speech. 

(2)Prosodic modification using time-domain pitch-

synchronous overlapping addition (TD-PSOLA) to 

stabilize speech quality. 

(3)Discontinuous cost function to reduce computational 

time. 

In the following sections, we discuss and evaluate these 

approaches. In section 6, we also evaluate the resulting 

quality of the synthesized speech in comparison to our 

conventional text-to-speech system. 

 

 

2. TEXT-TO-SPEECH SYSTEM 

 

2.1 Outline 

 

Figure 1 shows the text-to-speech system presented in this 

paper. The input to the system is pronunciation symbols 

generated by a language-processing module. The 

pronunciation symbols include a phonetic alphabet and 

prosodic symbols. The language-processing module 

consists of morphological analysis, phrase dependency 

analysis, and determination of phrasing and accentuation. 

The F0 contour, duration of phonemes, and unit symbols 

are generated from the pronunciation symbols. Next, a 

unit-selection module selects the optimal speech segments 

to reference the prosodic parameters and unit symbols 

generated. Finally, the waveforms of the selected 

segments are concatenated, and in addition, the prosodic 

parameters of the waveform are modified using a prosodic 

modification method if required. 

 

 
 

Figure 1: Flow of text-to-speech 

 

2.2 Prosodic modification 

 

As stated above, we can produce very natural voices 

without prosodic modification, but there is a problem of 

uneven noise at the concatenation point. We therefore use 

pitch and time modification, using TD-PSOLA [6] for 

voiced waves, to stabilize the speech quality.  TD-PSOLA 

has very low computational costs and is compatible with 

conventional systems, as is necessary. For unvoiced waves, 

the waveforms are copied from the corpus. In prosodic 

modification, some pitch waves are deleted and repeated 

to shorten or lengthen the duration of the segments. 

 

3. CORPUS 

 

3.1 Unit specification 

 

First, we defined the phoneme lists used in our Japanese 

text-to-speech system. Table 1 shows the forty-two 

phonemes that we used in the TTS system. There are five 

vowels, thirty-five consonants, and two special phonemes. 

One of the special phonemes is "hatsuon" (syllabic nasal, 

represented as /N/). The other is "sokuon" (assimilated 

long consonant, represented as /Q/). 

In general, Japanese syllables consist of a consonant and 

vowel structure. For example, my name "nukaga" consists 

of three syllables, [nu], [ka], and [ga]. Each syllable 

consists of a consonant and vowel, but five vowels and 

two special phonemes are syllables in themselves. 
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Table 1: Phoneme lists used in our TTS system 

Type of phoneme 

(Number of phonemes) 

Phonemes 

Vowels(5) /a/, /i/, /u/, /e/, /o/ 

Consonants(35) /b/, /d/, /g/, /p/, /t/, /k/, /z/, 

/s/, /m/, /n/ /r/, /w/, /y/, /j/, 

/v/, /h/, /f/, /my/, /by/, /gy/, 

/ny/, /ry/, /dy/, /ts/, /ch/, 

/sh/, /ky/, /hy/, /ty/, /fy/, 

/py/, /ng/, /ngy/, /kw/, /gw/ 

Specials(2) /N/, /Q/ 

 

We used the following six units based on the syllabic 

structure to select segments from the corpus: V, CV, VV, 

V(*), (*)CV, and C. In this definition, /N/ is included in 

the vowels and /Q/ is included in the consonants. 

The duration of the units of V, CV, and (*)CV starts from 

the phoneme boundary and ends at the center of the vowel. 

The duration of V(*) starts from the center of the vowel 

and ends at the phoneme boundary. The duration of C 

starts from and ends at the phoneme boundary. The 

duration of VV starts from and ends at the center of the 

vowel. The symbol (*) means that the segment attached to 

the symbol is dependent on the previous vowel. For 

example, (a)CV means CV segments following the vowel 

/a/. Units without (*) are context independent. 

To illustrate the above decomposition, “koNnichiwa” 

(“Hello” in Japanese) can be decomposed into 7 units: 

[ko], [oN], [N(n)], [(*)ni ], [i(ch)], [(*)wa], [a(end)]. 

 

3.2 Texts design and speech database 

 

We made a list of the sentences to be recorded in two 

steps. The first step was to collect 246 sentences randomly 

from news or informational texts. We did not consider 

phoneme balance in this step. The second step was to 

collect approximately 300 sentences and to ensure that all 

the units were covered by these sentences. However, the 

phoneme balance was not considered because it is not 

necessarily important in a corpus-based approach. 

Consequently, we had 566 sentences to record. 

We recorded the speech data, which was spoken by a 

professional female announcer using normal speed and 

intonation. The sampling rate of the speech data was 22 

kHz. Phoneme labels were generated automatically by 

HMM-based segmentation and were modified manually to 

correct segmentation errors. The acoustic model was 

trained using speech data from the same speaker. 

The reference information to control the F0 contour of the 

vowel waveforms was generated automatically. As far as 

pitch marking went, we did not manually check and 

correct errors. An automatic process was also used to 

produce the segments associated with the units defined in 

section 3.1 

Table 2: Summary of speech database 

Number of sentences 566 sentences 

Recorded time Approximately 1 hour 

Number of segments 44704 

Number of different 

units 

509 

Sampling rate 22kHz 

Gender Female voice 

Target Reading general texts 

Feature Vectors F0, cepstrum(14-th order), 

delta cepstrum(14-th order), 

power, delta power at 

concatenation point 

 

Using these steps, we prepared a speech database for the 

text-to-speech system. The recording time was 

approximately one hour. The speech database file was 170 

MB in size including 16-bit linear PCM wave data and 

indexes. Over 44,000 speech segments were subsequently 

produced. Each speech segment has a fundamental 

frequency and a 30-th feature vector that consists of a 14-

th cepstrum, 14-th delta cepstrum, power and delta power. 

Table 2 shows the specifications for the speech database. 

 

 

4. UNIT SELECTION 
 

In this section, we discuss the unit-selection algorithm for 

our text-to-speech system. As mentioned above, we used 

time-synchronous units. Time-synchronous units mean 

that each unit has the same structure and non-variable 

length. Therefore, we can use a homogenous cost 

function; that is, internal and concatenation costs. The 

internal cost is the same as CHATR's target cost. The 

difference between an internal cost and the target cost is 

that we can incorporate contextual features of the units in 

the cost. The concatenation cost implies the distance 

between two concatenated segments. 

In this paper, we propose a pitch-synchronous cross-

correlation cost to eliminate phase mismatch at the 

concatenation point. We also use a discontinuous cost 

function in our system. Optimal segments are produced 

using dynamic programming. 

 

Let )( , tt RXI , )( ,1 tt XXC −−−− , tX , tR  and T be the 

internal cost, the concatenation cost, the input segments, 

the reference targets, and the number of the units, 

respectively. We can obtain the optimal sequence of units 

from candidates on the condition that the following cost 

F is minimized. 
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In our system, the internal cost )( , tt RXI  is consists of 

the target cost and the contextual cost.  

The target cost is calculated as the gap of the F0 contour 

in log-Hz domain and the duration of phonemes in time 

domain between the targets and the candidates. 

In general, the contextual cost is calculated based on the 

contextual features, for example, the number of coincident 

phonemes between the target and the candidates and the 

degree of the sound change on the context like allophones. 

However, it is difficult to ensure consistency between the 

target cost described above and the contextual cost 

because these costs belong to a different category. 

Therefore, in our system, the primary purpose of 

incorporating the internal cost is to screen the candidates 

to this problem. As a result, the value of the internal cost 

is either 0 or infinity. The thresholds for the each cost are 

defined heuristically. 

 

The concatenation cost )( ,1 tt XXC −−−−  is calculated as the 

Mahalanobis distance between the feature vectors shown 

in Table 2. The correlation between elements of the 

feature vectors is considered to be independent. 

Let iµµµµ  and iσσσσ  be the average and standard deviation of 

the parameters for the i-th vector, respectively. The 

concatenation score is defined as follows: 
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In equation (2), N indicates the order of the feature 

vectors. We assume that each feature vector is 

uncorrelated. 

 

In the following section, we discuss some additional costs 

and evaluate their effects. 

 

 

5. DISCUSSION ABOUT INTRODUCED COSTS 

 

5.1 Pitch synchronous cross correlation cost for 

concatenation cost 

 

Phase mismatch is a serious problem for concatenative 

speech synthesis. However, using only the cepstrum is 

inadequate for evaluating the difference between segments 

because the feature vectors do not include phase 

information. We therefore propose a pitch-synchronous 

cross-correlation cost. The following steps are required to 

calculate the pitch-synchronous cross-correlation cost. 

First, the pitch mark is calculated around the 

concatenation point. Secondly, the cross correlation is 

calculated by synchronizing the pitch marks. Finally, the 

cost function )y,x(d is obtained using the following 

normalized equation (W  represents the window size of 

the target waveform). 
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We use this cost for concatenation at the center of the 

vowel when the pitch mark is not produced correctly or is 

unstable at some other concatenation point. 

 

We introduced a way of measuring the effects of these 

novel costs based on the number of different successive 

sequences (hereinafter called NDSS). For example, if 

“koNnichiwa” is synthesized from the sequences of the 

segments of “koNni” and “chiwa”, and each sequence is 

successive in the speech corpus, the NDSS for this 

sentence is 2. We also measure the average length of 

successive sequences (called ALSS). The ALSS is 

calculated as the average number of segments that consist 

of successive sequences of segments. If the NDSS is 

lower, given the same internal costs, we can expect to 

obtain synthesized speech with a lower concatenation 

point than the other. 

In this paper, we assessed three types of cost 

experimentally as follows: (1) the Mahalanobis distance 

between feature vectors, as shown in Table 3 (called 

conventional); (2) a pitch-synchronous cross correlation 

(called PSCC) instead of a conventional cost; and (3) a 

conventional cost + PSCC. The NDSS and ALSS were 

calculated using 38 open texts that were collected from 

news texts; 4610 units were required to synthesize these 

texts. 

The results of the experiment are shown in Table 3. The 

NDSS was lowest when the cost function of PSCC was 

used, and next lowest using the Mahalanobis distance. 

These results indicate that the Mahalanobis distance is 

more useful than PSCC based on the NDSS measurements. 

However, the best result for the NDSS was achieved when 

a combination of conventional costs and PSCC was used 

as the cost function. We can therefore conclude that pitch-

synchronous cross-correlation costs have a positive effect 

on improving speech quality based on the hypothesis that 

we achieve better quality by synthesizing longer 

sequences of segments. 



Table 3: Results of introducing pitch synchronous 

cross correlation costs  

Condition NDSS(*1) ALSS(*2) 

Conventional  2018 2.28 

PSCC 2216 2.08 

Conventional+PSCC 1539 3.00 
(*1) NDSS: Number of Different Successive Sequences 

(*2) ALSS: Average Length of Successive Sequences 

 

5.2 Discontinuous cost function for internal and 

concatenation cost 

 

To reduce the number of times that the concatenation 

score was calculated, we used a discontinuous cost 

function. The discontinuous cost function )(xfn  is 

defined as follows: 
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In definition (3), θθθθ is the threshold from which the cost of 
the segments onwards is not calculated. In this paper, θθθθ  
is decided by observing the results of unit selection for 

synthesizing sentences covering the selected segments.  

To evaluate the effects of using a discontinuous cost 

function, we counted the number of times that the 

concatenation cost was calculated under various 

conditions. 

Figure 3 shows the cumulative distribution of the 

Mahalanobis distance for all combinations of 

concatenated segments in our corpus. In the experiment, 

the threshold θθθθ  changed from 30% to the whole of the 

cumulative distribution. 

The result of the experiment is shown in Figure 4. It 

shows that the threshold for the concatenation cost of 30% 

of the cumulative distribution reduced the number of 

times that the concatenation cost was calculated by 

approximately 20%. This result is lower than we expected. 

In our system, the internal cost is used to screen the 

candidates for segments. We consider that the internal 

cost acts as a stronger constraint than the concatenation 

cost. 
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Figure 3: Cumulative distribution of Mahalanobis 

distance for concatenation cost 
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Figure 4: Normalized number of times for calculation 

of concatenation cost for the various thresholds. 

 

 

 

6. EVALUATION OF TTS SYSTEM 

 

6.1 Comparison of synthesized speech 

 

To compare the new system with our conventional system, 

we carried out an opinion test. The experimental targets 

were our conventional system for text-to-speech, our new 

system without prosodic modification using the proposed 

costs, and our new system with prosodic modification 

using TD-PSOLA. Our conventional system uses single 

waveforms for each unit and the prosody is controlled by 

TD-PSOLA. 

The items assessed in the opinion test are shown in Table 

4. 

Figure 5 shows the mean of the opinion scores in the 

experiment. This result suggests that there is no difference 

in the naturalness of the prosody between the conventional 

method and the new method with TD-PSOLA 

modification. This is because the same prosody generation 

module was used in this experiment. In contrast, the 

prosody in the proposed method without prosodic 

modification was less natural than in the other two 

methods. In general, the quality of concatenative speech 

synthesis achieved using a small corpus is not high. The 

result of this experiment supports this finding. However, 

there was no difference in voice quality between the 

conventional and proposed methods without prosodic 

modification; the proposed method with TD-PSOLA 

produced the best quality. From the results described 

above, we conclude that the proposed method with TD-

PSOLA modification is the best solution for a small 

corpus of under one hour. 

 

 

 

 



Table 4: Configuration of opinion test 

Target Conventional, Proposed(without prosodic 

modification), Proposed(with prosodic 

modification using TD-PSOLA) 

Feature Naturalness of prosody, Naturalness of 

voice quality, Overall quality 

Number of 

Testee 

5 persons 

Method Opinion score(1:worst – 7:excellent) 

Output From speaker 

Sentence Japanese news text, 5sentences 
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Figure 5: Mean of opinion scores for conventional and 

proposed systems. 

 

6.2 Memory size 

 

We implemented the text-to-speech system on a personal 

computer. The waveforms and data for concatenation 

costs calculated off-line were stored in the hard disk drive 

and were accessed directly from the file. The other data 

were loaded on to the RAM in the initialization of the 

system. The total file size was about 320 mega bytes and 

the total work area size was around 9 mega bytes. 

 

7. CONCLUSION 

 

In this paper, we have described two cost functions for 

improving concatenative text-to-speech systems. One is a 

pitch-synchronous cross correlation cost. The 

experimental results showed improvements in the length 

of successive sequences of segments. The other is a 

discontinuous cost function to reduce the computational 

load. Our experiment showed a 20% improvement in the 

number of times that the concatenation score was 

calculated, but this result is less satisfactory than the 

threshold obtained from the cumulative distribution. There 

is a need to continuously improve computational effort in 

conjunction with memory size. 

Finally, we conducted an opinion test. The mean of the 

opinion scores suggested that the proposed system was 

better than the conventional one. In particular, the voice 

quality of the proposed system was 0.7 points better than 

that of the conventional system. 

Our database is small compared to those of other 

concatenative speech-synthesis systems. For example, the 

ATR system has a corpus of 8 hours[9] and the NHK 

system has an 86-hour corpus[8]. In contrast, our system 

has a corpus of one hour. In general, a large corpus is 

desirable, but our aim is to develop a commercial system, 

so we will continue to research this size of corpus. We 

will also use this text-to-speech system to characterise 

agents to deliver messages or guidance in a lifelike 

manner to enhance dialogue-system interfaces. 
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