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ABSTRACT To maintain consistency, it has been proposed that the auto seg-

A concatenative speech synthesis system increases its potential t(r)nentation technique be employed [5].
b y Y P _ According to Kishore et al., a syllable-based speech DB (which

generate natural speech if the system uses more short speech se . - .
ments, since the concatenation variation becomes greater. In thid/'cludes about 90 minutes of utterances) synthesizes the highest-
' Squallty speech [6]. However, if the unit selection module works

paper, we propose the use of very short speech segments (5 m deallv. th £'sh : . bi
one pitch period of 200 Hz pitch) for concatenative speech synthe-'d€ally the use_c;] Sh ort segments causr?sDaBn mc(;ease n corln |rr]1a-
sis. The proposed method is applied to the speech database cmyon variation with the same size speec »and, as a result, the
ARCTIC, and 100 sentences synthesized. Though the synthesizetﬂ).ossIbIIIty of finding speech unit sequence which shows a small
speech maintains the speaker's identity and is natural enough, iidifference from the target unit sequence at each frame and small

also has some noises caused by inappropriate unit selection, an oncatenation distortion increases. This merit is important since
the formant changes are awkward in some vowel regions ' e size of the DB cannot be increased easily after the speech
’ samples are recorded. Some research has been done on segments

shorter than a phoneme: half-phoneme [3, 7], and 3- to 5-state
1. INTRODUCTION HMM for a phoneme [1, 8]. The system which has the shortest
segment length is based on parameter synthesis. There was a trial
Speech synthesis technology is one method of transmitting in- carried out, which applied the method to concatenative synthe-
formation from computers to humans. For the construction of a sis [9], but it did not attain the level where one can argue as to the
speech synthesis system, numerous speech samples are recordgdality of the synthesized speech. Therefore, it would be mean-
and analyzed. The analyzed results are stored in a database (DBhgful to realize such a short segment concatenative speech syn-
in a form convenient for speech synthesis (“analysis stage”). In thesis system, and to study the quality of the synthesized speech
the synthesis stage, attribute parameters (“targets”) that will real- produced by the system from an academic point of view. Further-
izes synthesized speech according to the transmission informatiormore, since such a system is able to handle speech data thoroughly,
are estimated, appropriate information for realizing the targets is the synthesized speech quality would become an objective mea-
obtained from the DB, and speech is synthesized using the infor-sure of the speech DB if the speech unit selection module works
mation. ) . . ideally.

Speech synthe5|s methods are categorlzeq into two types: pa- | this paper, the use of short speech segments (5 ms, or one
rameter synthesis and concatenative synthesis. In the paramet€giich period of the speech at 200 Hz pitch) for concatenative speech
synthesis method, speech samples are encoded into like LPC pagynihesis is proposed. In the proposed method, speech data is
rameters [1] and stored in a DB, and, then, they are decoded in the; 51y 764 every 5 ms, and extracted features are stored in a speech
synthesis stage. In this method, speech data is encoded (usuallpg i, the analysis stage for system construction. The extracted
compressed), so it is appropriate for cases where the memory Storte 41 res are the speech fundamental frequeriay, (power, and
age size is not large. However, information is lost in the encoding gpectrum. In the synthesis stage, input text is used to estimate the
process, and speech intelligibility degrades. On the other hand, inte 41y re time series (5 ms interval) as target vectors which are used
concatenative synthesis [2, 3], speech segments are concatenatgf regjize the required sound (step 1). Next, similar speech seg-
as they are, or processed lightly, so speech intelligibility and the ents from the estimated features are searched for in the speech
speaker’s identity are maintained. In this method, speech sampleshg and theN-best segments are selected as candidates in each
are stored in the computer as they are, requiring large storage Cagame (step 2). Finally, all combinations of the candidate con-
pabilities. Additionally, this method results in large computational pections are evaluated, and the unit sequence which shows the
cost for searching for appropriate concatenation speech segment§qyest connection distortion is concatenated in order to generate
However, with ever-increasing advgncements in computertechnol-synthesized speech (step 3). The processing flowchart is given in
ogy these days, these problems will soon be resolved. Figure 1.

In both synthesis methods, processing is executed based on In the usual synthesis system, input text is used to estimate
“segments” into which speech data is split. In a general synthesisthe taroet vectorsyHoweveryin thé ch)) osed method. in order to
system, the length of a segment is a phoneme or syllable. Sinc 9 : ' prop '

ocus on the problems of unit selection, target vectors are taken

each segment is concatenated during the synthesis stage (in th fom natural speech sounds which would not include any unnatu-
case of parameter synthesis, the segment is decoded from a COM aIness in the Ii)/e(:tors Therefore, some type of estimatign module
pressed waveform, or compressed information is decoded afte . ! yp

'that transposes text input into target vectors for the completion of
concatenation), the synthesis quality will deteriorate if the stan- P P 9 P

. A . the proposed method into a usable synthesis system is required.
dard of the speech unit boundary definition is not consistent [4]. An HpMII\J/l-based speech synthesis sys);em [ 8]yis one cangidate

tCurrently, he is a member of ATR-SLT, Japan. Both of the e-mail for such a module. The HMM-ba_sed system estimates the target
addresses noted above, as well as toshio.hirai@atr.jp, are valid. vectors from text, and the output is entered into the system of the




80 points (= 5 ms). Half of the power spectrum (128 points) was
used for distance calculation. The resultaftr was128.

3.3. Concatenation conditions

In the segment concatenation step, the width of fade-in/out was
set to 8.33 ms, which was the wavelength of the speaker’s lowest
Fo (120 Hz). The width is the interval of the vertical bars in
Figure 3. The shift allowance length was set to half the pitch period
at the lowesty (£4.17 ms). The minimum correlation coefficient
threshold realized as a synchronized phrase pair was 8e.to
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4. RESULTS
4.1. Synthesized speech and its distortion e+ R0 :iq;'ﬁ T
=i S N T ol
The one hundred synthesized speeches are accessible at the fol- 4 s
lowing home page: X! B
http://www.arcadia.co.jp/ thirai/sswB004/results/. o2 ' A= L
The mean concatenation distortidq r of the synthesized speeches 0 02 0.4 06 08 1
was0.208 and S.D. wa§.0393. Three distortion level samples are In TGT Phoneme (/ih/)
shown inFigure 4 (minimum, dir: 0.121), Figure 5 (average,  Fig. 7. Plotting of segment's relative positions in synthesis

0.207), andFigure 6 (maximum,0.300). The maximum distortion phoneme /ih/ vs. in the phoneme of speech DB.

i54.048 at 0.139 s in Figure 6. Horizontal axis represents the relative position of the target
segment in the phoneme /ih/, and vertical axis represents

4.2. Correspondence of relative position of segment forming the relative position of the selected unit in the phoneme to

/ih/ with its original relative position which the unit belongs. The diagonal line is added for refer-

o . ence. The unit selected from speech DB to form /ih/ was in
In the proposed method, there are no limitations for a segment in

fin/ (‘07), in fax/ (* x"), in fiy/ (* ), or in other ph
the speech DB to be used as any phoneme kind or at any posi- (Ix.,)( ). infax/ (>), in fiyl ( +7), or in other phonemes
tion in synthesized speech. In order to investigate the randomness '

of the origin of the kind and the position, a phoneme kind was (.61~.0.62 s of the synthesized speech of Figure 6, there are two
chosen for examination. The chosen kind was /ih/ (e.g., the first impu|se noisesy and they degrade the speech naturalness. The

‘" of “Philip” in utterance a0001), which occurs most frequently npojises were not caused by concatenation, but got mixed in with
in the synthesized speech (204 times). The analysis results arghe segments.

shown inFigure 7: x axis means the relative position of a seg-
ment which belongs to /ih/ phoneme in a synthesized speech (0:
at the starting point of the phoneme, 1: at the end of it), and y
axis means the relative position of the segment which is used to
form /ih/ in synthesized speech. The phoneme boundary im(Orma'such inappropriate segments. It raises fresh questions about set-
tion which was used for the relative position calculation was taken > h Ep E d val 9 5 TH qd i ﬁ

from the attached label data of the public speech DB. There were!!"d the threshold value. (2) There was no consideratiahgfor

2,203 segments in the synthesized /ih/ phonemes. The origin ofthe calculation of the mean concatenation distortipn. The in-

the segments was investigated. As a result, the top three phoneme!gration Ofdseginto dr would solve the problem, and it would be
made up more than 50% of all the segments (/ih/: 32.9%, /ax/: & New subject of study to decide the best way for such integration.
11.8%, fiyl: 7.1%), and the top eleven phonemes made up moreAISO, it raises fresh questions about setting the weight value in the
than 80% (the other phonemes were: /ey, /ehl, Inl, luwl/, lay/, /ae/ylntegratlon formula. In any case, it is necessary to introduce new

/aal, Izl). The top three phonemes are distinguished in the figure. fre€ parameters and to define a new integration formula. In order
to optimize the parameters and definitions effectively, it is impor-

tant to come up with a faster synthesis system which can carry out
tests under many experimental conditions.

The mean and S.D. of the calculation time to synthesize one second  Another frequently found problem was awkward formant tran-
of speech wa8302.16 s andl14.12 s. In other words, it takes about  sition in vowel regions. For example, in Figure 4, though the third
3 % 2302.16/60/60 = 1.92 hours for three seconds of synthesized format around 2.2 s (fow/) in the original speech moves from 2 kHz
speech. Almost all the calculation time was spent onthbest to 1 kHz smoothly, the imitation failed in the synthesized speech
candidate selection. (around 2.2 s). It might be caused by problemshirbest unit
selection or in final unit sequence searching, but the more likely
5. DISCUSSIONS cause may be the lack of unit variation in the speech DB.

It is clear from Figure 7 that the segments which belong to
According to an informal evaluation test of synthesis quality, it was various kinds of phonemes at various relative positions in the phoneme
confirmed that the generated speech maintained the speaker’s iderwere used to synthesize phoneme /ih/, though many segments in
tity and it maintained the naturalness of the original speech. How- /ih/ (‘(0') were located around the diagonal line. (In phoneme-
ever, some phonemes which caused synthesis degradation werbased synthesis systems, all the points @tgand they are all on
found in the synthesized speeches. For example, in the regionthe diagonal line.) It may suggest that the proposed method used

It is possible to cite two causes for the problem. (1) Some in-
appropriate segments were selected/asest candidates. It would
be suppressed by introducing a thresholddey to select candi-
dates since the constant candidate numgecould not remove

4.3. Calculation cost



