
౼ݕͷগྔֶशσʔλʹΑΔԻ߹ͷऀԻোߏ ∗

ˑೆཽࡕᠳɼ ୌޱɼ ༗߁༤ (ਆށେ)

1 ͡Ίʹ

ຊڀݚͰੑຑᙺͳͲʹΑΓ݈ৗऀͱҟͳͬ
ͨൃͱͳΔߏԻোऀͷίϛϡχέʔγϣϯࢧ
ԉͱͯ͠ͷςΩετԻ߹ (Text-To-Speech)

ΛఏҊ͢Δɽͼ࣭มٴ
݈ৗऀͱൺͯଟ͘ͷൃσʔऀԻোߏ

λΛऩ͢Δ͜ͱ͕ࠔͰ͋Δɽ͔͠͠DNNʹ
ΑΔςΩετԻ߹Ͱଟ͘ͷσʔλྔ͕ඞ
ཁͱͳΔɽͦ͜Ͱ·݈ͣৗऀͰԻ߹Ϟσϧ
Λੜ͠ɼಘΒΕͨ߹ԻΛ࣭ม͢Δ͜ͱ
ͰߏԻোऀͷԻ߹γεςϜΛ࡞͢Δɽ
ςΩετԻ߹ͱɼ ҙʹ༩͑ΒΕͨς

Ωετ͔ΒରԠ͢ΔԻΛ߹͢Δٕज़Ͱ͋Δɽ
͜Ε·ͰςΩετԻ߹Λ࣮͢ݱΔͨΊͷଟ͘
ͷख๏͕ఏҊ͞Ε͓ͯΓɼ ैདྷख๏ͱͯ͠ӅΕ
ϚϧίϑϞσϧ (Hidden Markov Model: HMM)

Λ༻͍ͨͷ දతͰ͋ͬͨɽ࠷͕[1]
ۙͰ DNN (Deep Neural Network) Λ༻

͍ͨԻ߹ [2]͕ɼैདྷͷӅΕϚϧίϑϞσϧ
Λ༻͍ͨ߹ͱൺߴԻ࣭ͷ߹Ի͕࡞Ͱ͖Δ
ͨΊ DNNΛ༻͍ͨԻ߹͕ओͱͳ͍ͬͯΔɽ
Ի߹োࢧऀԉʹ༻͍ΒΕɼ؛ࢁΒ [3]

༷ʑͳਓʑͷԻΛूΊσʔλϕʔεΛߏ
͠ɼALSऀױͷҝͷ TTSγεςϜΛߏஙͨ͠ɽ
࣭มͱɼೖྗԻʹରͯ͠ɼൃ༰

อ࣋͠ͳ͕Βɼऀੑײͱ͍ͬͨใΛ
ม͢Δٕज़Ͱ͋Δɽ౷ܭత࣭มͷදྫ
ͱͯ͠ GMM (Gaussian Mixture Model)[4] ͕
͋ΔɽۙͰਂֶशʹର͢Δͷߴ·Γ
͔ΒDNNΛ༻͍ͨͷ [5]͋Δɽ͜ΕΒͷ
࣭มʹಉҰ༰ɼಉҰൃͷൃ͕ඞཁ
Ͱ͋Δ͕ɼͦΕΛඞཁͱ͠ͳ͍దԠݶ੍ܕϘϧ
πϚϯϚγϯ (Adaptive Restricted Boltzmann

Machine) Λ༻͍ͨڀݚ [6]ߦΘΕ͍ͯΔɽ
ຊߘͰɼBidirectional LSTM[7] ʹΑΔς

ΩετԻ߹ͱ GMM (Gaussian Mixture

Model) ʹΑΔ࣭มΛ༻͍ͨগྔֶशσʔ
λʹΑΔԻ߹ʹ͍ͭͯड़Δɽ

∗Speech synthesis system using small amounts of data for articulation disordersɼby Ryuka Nɼ
Tetsuya Takiguchiɼ Yasuo Ariki (Kobe univ.)

2 ఏҊख๏

ςΩετԻ߹ͰBidirectional LSTMΛ
༻͍Δɽ࣭มʹ GMMΛ༻͍ΔɽFig. 1

ʹຊڀݚͷ֓ཁΛࣔ͢ɽ

Fig. 1: A flow of proposed speech synthesis sys-

tem

2.1 DNNςΩετԻ߹

·ͣςΩετ͔Β֘ԻૉɼΞΫηϯτܕɼϑ
ϨʔϜҐஔͳͲͷใΛநग़͢ΔɽͦͷใΛ
όΠφϦ࿈ଓͰද͠ݱɼϑϨʔϜͰ࿈݁͠
ͨͷΛޠݴಛྔͱͯ͠DNNͷೖྗσʔλͱ
͢Δɽࢣڭσʔλͱͯ͠ɼԻ͔ΒϘίʔμΛ༻
͍ͯநग़͞ΕͨԻύϥϝʔλͱಈతಛྔΛ
ϑϨʔϜͰ࿈݁ͨ͠ͷΛ༻͍Δɽ
Ի߹࣌ҙͷςΩετ͔Βޠݴಛྔ

Λநग़ͯ͠Ϟσϧʹೖྗ͢Δɽͦͯ͠ಘΒΕͨ
ग़ྗ͔Β࠷ਪఆΛ༻͍ͯԻڹಛྔΛਪఆ͠ɼ
ϘίʔμΛ༻͍ͯԻΛ߹͢Δɽ

2.1.1 Bidirectional LSTMԻ߹

Bidirectional LSTMRecurrent Neural Net-

worksʹߏ͍ͯج͞ΕΔɽӅΕΛ h = (h1
ɼ· · ·ɼhT ) ɼग़ྗΛ y = (y1ɼ· · ·ɼyT )ɼ ೖྗΛ
x = (x1ɼ· · ·ɼxT ) ɼ Λྻܥ࣌ t = 1 · · ·T ͱ͢
ΔͱRecurrent Neaural Network (RNN) ʹ͓͚
ΔɼӅΕͷঢ়ଶͱग़ྗͷؔҎԼͷΑ͏ʹ
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ࣔ͞ΕΔɽ

ht = H(Wxhxt +Whhht−1 + bh) (1)

yt = Whyht + by (2)

W ॏΈྻߦΛද͢ɽ (WxhೖྗͱӅΕ
ؒͷॏΈΛද͢ɽ) bόΠΞεΛද͢ɽ (bh
ӅΕͷόΠΞεΛࣔ͢ɽ) Hඇઢੑ׆ܗԽؔ
Λද͢ɽLSTMͰඇੑ׆ԽؔHҎԼͷ
Α͏ʹࣔ͞ΕΔɽ

it = σ(Wxixt +Whiht−1 +Wcict−1 + bi) (3)

ft = σ(Wxfxt +Whfht−1 +Wcfct−1 + bf ) (4)

ct = ftct−1 + ittanh(Wxcxt +Whcht−1 + bc) (5)

ot = σ(Wxoxt +Whoht−1 +Wcoct + bo) (6)

ht = ottanh(ct) (7)

σ sigmoidؔɼiɼfɼcೖྗήʔτɼ٫ήʔ
τɼग़ྗήʔτɼϝϞϦʔηϧΛද͢ɽ
Bidirectional RNNӅΕʹ͓͍ͯϑΥϫʔ

υঢ়ଶͱόοΫϫʔυঢ়ଶͷ 2ͭΛͪ࣋ɼҎԼͰ
ࣔ͞ΕΔɽ

−→
ht = H(W

x
−→
h
xt +W−→

h
−→
h

−→
h t−1 + b−→

h
) (8)

←−
ht = H(W

x
←−
h
xt +W←−

h
←−
h

←−
h t−1 + b←−

h
) (9)

yt = W−→
h y

−→
h t +W←−

h y

←−
h t + by (10)

Fig. 2ʹBidirectional LSTMʹΑΔςΩετԻ
߹ͷ֓ཁΛࣔ͢ɽDNNԻ߹ӅΕϚϧ
ίϑϞσϧΛ༻͍ͨԻ߹ʹൺͯߴԻ࣭ͳ
Ի߹͕ग़དྷΔ͕Իͷؒ࣌తมಈΛྀ͠ߟ
͍ͯΔͱ͑ݴͳ͔ͬͨɽBidirectional LSTM

Ͱ֤ࠁ࣌ͷաڈͱະདྷͷใΛྀ͢ߟΔɽ

2.2 GMM࣭ม

GMMɼσʔλͷੜ͞ΕΔ֬ΛෳͷΨ
εͷॏΈ͖Ͱද͢ϞσϧͰ͋ΔɽFig.

3ʹ GMM࣭มͷ֓ཁΛࣔ͢ɽೖྗಛྔ
Λྻܥ x = [x0, x1, · · · , xt]Tɼग़ྗಛྔྻܥΛ
y = [y0, y1, · · · , yt]T ͱ͢Δɽࠓճϝϧέϓε
τϥϜΛಛྔʹ༻͍ͨɽೖྗɼग़ྗಛྔΛ݁
߹ͨ͠ϕΫτϧΛZ = [xTt , y

T
t ]

T ͱ͢Δɽ֬Ϟ
σϧؔҎԼͷΑ͏ʹࣔͤΔɽ

p(Z|λ(Z)) =
K∑

k=1

πkN(Z;µ(Z)
k ,Σ(Z)

k ) (11)

ఴࣈ k k൪ͷΨεΛද͠ɼπkΨ
εͷࠞ߹Λද͠૯ 1Ͱ͋Δɽµk

Fig. 2: Bidirectional LSTM speech synthesis

system

ΨεͷฏۉϕΫτϧɼΣkΨε
ͷྻߦࢄΛද͠ɼҎԼͷΑ͏ʹදͤΔɽ

Σ(Z)
k =

[
Σ(xx)
k Σ(xy)

k

Σ(yx)
k Σ(yy)

k

]
µ(Z)
k =

[
µ(x)
k

µ(y)
k

]

ύϥϝʔλ࠷ਪఆͰֶश͢Δɽ࣭ม͞
ΕͨಛྔҎԼͷࣜͰಋग़͞ΕΔɽ

ŷt = E[yt|xt] =
K∑

k=1

P (k|xt,λ(Z)E(y)
k,t (12)

͜͜Ͱ

P (k|xt,λ(Z)) =
πkN(xt;µ

(Z)
k ,Σ(xx)

k )
∑K

n=1 πkN(xt;µ
(Z)
n ,Σ(xx)

n

(13)

E(y)
k,t = µ(y)

k + Σ(yx)
k Σ(xx)−1

k (xt − µ(x)
k ) (14)

Ͱ͋Δɽ

2.2.1 ຊपج (F0) ม

݈ৗऀ͔ΒߏԻোऀͷF0มҎԼͷࣜ
Λ༻͍ͯ͏ߦɽ

f0′t =
σtrg
σsrc

(f0t − µsrc) + µtrg (15)

f0′tมޙͷϑϨʔϜ tͷ F0,µtrg,σtrgߏԻ
োऀͷF0ͷฏۉͱࢄɼµsrc,σsrc݈ৗऀͷ
F0ͷฏۉͱࢄͰ͋Δɽf0t ߏԻোऀͷϑ
ϨʔϜ tͷ F0Ͱ͋Δɽ
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Fig. 3: GMM Voice Conversion system

3 ධՁ࣮ݧ

3.1 ݅ݧ࣮

ͷஉੑऀԻোߏσʔλʹݧ࣮ 1໊ɼ݈ৗ
ऀͷஉੑ 1໊Λ༻ͨ͠ɽ݈ৗऀͷબʹϔο
υϗϯΛ༻͍ͨௌऔ࣮ݧʹΑΓߏԻোऀʹҰ
൪࣭͕͍ۙऀΛબ͠ɼATRԻૉόϥϯε
450จΛֶशɼ43จΛධՁɼ10จΛςετʹ༻͍
ɽαϯϓϦϯάपͨͬߦΛݧ࣮ͯ 16kHzɼ
ϑϨʔϜγϑτ 5msͱͨ͠ɽ
ಛྔʹίϯςΩετϥϕϧʹରͯ͠ޠݴ

HTS[8]ࣜܗͷQuestionΛద༻ͯ͠நग़ͨ͠ 979

ಛྔʹWORLD[9]ΛڹΔɽԻ͢༺Λݩ࣍
༻͍ͯநग़ͨ͠εϖΫτϧแབྷʹϝϧϑΟϧλ
όϯΫΛ༻͠ɼ࣍ ϝϧέϓετϥϜݩ࣍60
ຊपجɼର F0ɼଳҬඇपࢦੑظඪ 1

ͱͦΕΒͷݩ࣍ ͷݩ࣍Ͱͷಈతಛྔɼ1·࣍2
༗ແύϥϝʔλΛ༻͍ͨɽ
খ࠷ಛྔޠݴ 0ɼ େ࠷ 1ͱͳΔΑ͏

ʹɼ͝ݩ࣍ͱʹਖ਼نԽΛͨͬߦɽԻڹಛྔฏ
ۉ 0ࢄ 1ͱͳΔΑ͏ʹɼਖ਼نԽΛͨͬߦɽ
࣭มʹ͓͍ͯςΩετԻ߹ʹ͓͍ͯ

ಘΒΕͨԻͱߏԻোऀͷATRԻૉόϥϯε
50จΛֶशʹɼ10จΛςετʹ༻͍ͨɽGMM

ֶशʹεϖΫτϧแབྷʹϝϧϑΟϧλόϯΫΛ
࣍ɼ͠༺ ༺ΛϝϧέϓετϥϜݩ࣍60
͍ͨɽجຊपࣜ (15)ͰมΛͨͬߦɽଳ
ҬඇपࢦੑظඪೖྗऀͷͷΛ༻͍ͨɽൃ
DPϚονϯάʹΑΓಉҰൃͱͨ͠ɽ
ධՁج४ͱͯ͠ɼϝϧέϓετϥϜΈ (Mel-

cepstrum Distortion:MelCD) Λ༻͍ͨɽൺֱର
ͱͯ͠ɼߏԻোऀͷগྔͷσʔλͷΈΛ༻
͍ͨ߹ԻΛ༻͍ͨɽֶशσʔλͦΕͧΕ 50

จ·ͨɼ100จΛ༻͍ͯൺֱͨ͠ɽ

3.2 ߟՌɾ݁ݧ࣮

࣭มʹΑͬͯಘΒΕͨԻͷεϖΫτϩ
άϥϜΛ Fig. 4ʹࣔ͢ɽ
पߴͷԻ݈ৗऀʹൺͯऀԻোߏ

͕ऑ͍͕͋ΔɽมޙͷεϖΫτϩάϥ
Ϝʹ͓͍ͯ 2000HzҎ্ͷύϫʔ͕ऑ͘ͳͬͯ
͍Δɽ·ͨपҬͷϑΥϧϚϯτʹ͓͍ͯ
มલʹൺߏԻোऀʹ͍͍ۙͮͯΔ͜ͱ͕
͔Δɽ
ࣔͨ͠Իʮ੨͍੨͍ւঁੑͷඒ͠͞Λ

ͯͬ࣋Δɽʯͱ͍͏จͰ͋Δ͕ɼಛʹʮ͍ͯͬ࣋
͍Δɽʯͷ෦ʹ͓͍ͯมલͷεϖΫτϩάϥ
Ϝ͔ΒߏԻোऀͷεϖΫτϩάϥϜͱۙͮ
ճೖྗऀͷࠓΒΕͨɽݟ͕͖ durationΛͦͷ
··༻͍͕ͨɼߏԻোऀͷ durationΛ༻͍Δ
͜ͱͰߋʹऀੑΛྀͨ͠ߟԻ߹͕ՄͰ
͋Δͱ͑ߟΔɽ
MelCDʹΑΔධՁ݁ՌΛFig. 5ʹࣔ͢ɽධՁ

݁Ռςετ 10จͷฏۉΛऔ͍ͬͯΔɽߏԻো
ͷऀ 50จɼ100จͰԻ߹γεςϜΛߏங
ͨ͠߹ͱൺɼఏҊख๏ͷ (݈ৗऀ߹+) 
࣭มΛ༻͍Δ͜ͱʹΑΓɼֶशσʔλ 50จͰ
͍͍݁Ռ͕ಘΒΕͨɽ

4 ͓ΘΓʹ

ຊߘͰɼBidirectional LSTMʹΑΔTTSͱ
GMMʹΑΔ࣭มΛΈ߹ΘͤͨߏԻোऀ
ͷগྔֶशσʔλʹΑΔԻ߹ʹ͍ͭͯͷఏ
ҊΛͨͬߦɽ
Fig. 4ΑΓߏԻোऀͷεϖΫτϩάϥϜʹ

͓͚Δߴपಛपʹ͓͚ΔϑΥϧ
Ϛϯτ্͕खֶ͘श͞Ε͍ͯΔ͜ͱΛ֬ೝͨ͠ɽ
σʔλͷΈ༻͍ͨςΩऀԻোߏগྔͷޙࠓ
ετԻ߹ͱఏҊख๏ͷԻ߹ͷओ؍ධՁ
ʹΑΔൺֱΛ͏ߦɽ
·ͨɼύϥϨϧσʔλΛಘΔͨΊʹDPϚον

ϯάΛ͕ͨͬߦɼΞϥΠϝϯτޡΓ͕Ի࣭ʹӨڹ
͍ͯ͠ΔՄੑ͕͋ΔɽΞϥΠϝϯτΛඞཁͱ
͠ͳ͍ඇύϥϨϧσʔλ࣭มʹ͍ͭͯݕ
౼Λ͍ߦɼൺֱ͢Δɽ
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Fig. 4: Comparison of spectrogram

(Top: Source,Middle: Target,Bottom:Converted)
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