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This study outlines a small-sized dialog style ETRI
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Korean TTS system which applies a HMM based
speech synthesis techniques. In order to build the SEHAWAE Sol Max ol HMMEE R
VoiceFont, dialog-style 500 sentences were used in 5 ov = 43 HMMZIE S4%4 BH
traning HMM. And the context information about q g

phonemes, syllables, words, phrases and sentence

were extracted fully automatically to  build 3 ~HE
context-dependent HMM. In training the acoustic 4 AR, AA AH, ASAE A w589l
model, acoustic features such as Mel-cepstrums, MN2E e S33Ed HMME FHA7| = HOP/I?} o
logFO and its delta, delta—delta were used. The size AR g o2 Rolx=ZES AH[1234] ¥4
of the VoiceFont which was built through the ¥ HMM 23 setrjHzre g5 442 A% =
training is 0.93Mb. The developed HMM-based TTS 4 54 s E A4 eoH56,7]. HMMZIw &4
system were installed on the ARMT720T processor A A APHRLAE o8 £E8F FEANE
which operates 60MHz clocks/second. To reduce AM veve AAAMY 45 T fv= Tl
computation time, the MLSA inverse filtering Sou, #EdA 2FdE 54 54 AHuE A4
module is implemented with Assembly language. 7 VOCODING H39 &4+ A4 AAANAM Yehd
The speed of the fully implemented system is the T EEHS 2 T Avdoz PPl vl
1.73 times faster than real time. H8Ado] "olzltde Aol dHoRE AAHIL Ut
[89]. Z&u HZ olefst FAFE HAsY] Hsl,
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¥-2. HEe ALEE (49 MB)
SDRAM NAND

Dictionaries 1.70 2.1

VoiceFont 0.93 1.3

TTS Engine 0.47 2.2

Total 3.19 5.6
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