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e 100DOOO [Lee et al. 91, Gauvain & Lee 94]
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e EMAP(Extended MAP) [Stern & Lasry 87, Zavaliagkos et al. 95]
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e SBR(Signam Bias Removal) [Rahim & Juang 96]
e 10 IJODOODO [Shinoda et al. 91]

e VFS(Vector Field Smoothing) [Ohkura et al. 92]
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Maximum Likelihood Linear Regression

e 1000DOO [Leggetter & Woodland 95]

fi=Au+b

e Constrainet MLLR [Digalalkis & Neumeyer 96]
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[Sagayama et al. 97, Yamaguchi et al. 97]

Ay = AAa+ BAb + CAc + ...
e 0000000000000 00000000
0000000000 - 00000000000000000

HEN
e OO OOOOOOLOOOLODOLOOUODLULODLOOLODOO

0000 (000000000000 000) http://hil.t.u-tokyo.ac.jp/ k-shino/index-j.shtml




g3d0bugobobgob 20010 120 200

EigenVoice %

[Kuhn et al. 98, Kuhn et al. 2000, Kuhn et al. 2001]
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[Kosaka et al. 94, Padmanabhan et al. 98, Yoshizawa et al. 2001]
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Tree Structure
of Gaussian Component

...... Clustering using
k-means algorlthm
(KL-Divergence)

Continous Density HMM
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e MAPLO O OO
MAP-VFS [Takahashi & Sagayama 95, Tonomura et al. 95]

e MAPL O OOOO
MAPLR(MAP+MLLR)[Siohan et al. 99, Chesta et al. 99]

e MAP U U DO DOMO
SMAP [Shinoda & Lee 97, Shinoda & Lee 2001]
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SMAPLR [Siohan et al. 2000, Myrvall et al. 2000]

e MLLR [0 EigenVoice
[Chen & Wang 2001, Wang et al. 2001]
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Speaker Adaptive Training (SAT)
[Anastasakos et al. 96, Pye & Woodland 97, Jin et al. 98, Welling et al. 98, Gales 98

1. 00000000 (@oOOoo)ood
2. 000000000000000O0

(0000000000000 0000000000O00O
(b) J0DO0DOD0O0OD0ODOO0ODOODOODOO0OO

3.000000000000000O0

HEN
e[ UUOOOOOOOOOOOOODLODOO
e JDOODOSATODOO

CMN (Cepstrum Mean Normalization) [Atal 74]

VTLN (Vocal Tract Length Normalization)
[Lee & Rose 96, Zhan & Westohal 97, Emori & Shinoda 2001, Pitz et al. 2001]
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-00000D000D00O [Yoshizawa et al. 2001]

— EigenVoice 0 0 0 O O (FisherVoice [ 1)
~0000000000 [Nishida & Ariki 2001]
-00000000000000 [Kenny et al. 2001]
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e 1000 0OO (Jacobian Approach)
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