
౼ݕͷগྔֶशσʔλʹΑΔԻ੠߹੒ͷऀ֐Իোߏ ∗

ˑೆཽࡕᠳɼ ୌޱ఩໵ɼ ༗໦߁༤ (ਆށେ)

1 ͸͡Ίʹ

ຊڀݚͰ͸೴ੑຑᙺͳͲʹΑΓ݈ৗऀͱҟͳͬ
ͨൃ࿩ͱͳΔߏԻোऀ֐ͷίϛϡχέʔγϣϯࢧ
ԉͱͯ͠ͷςΩετԻ੠߹੒ (Text-To-Speech)

ΛఏҊ͢Δɽ׵ͼ੠࣭มٴ
͸݈ৗऀͱൺ΂ͯଟ͘ͷൃ࿩σʔऀ֐Իোߏ

λΛऩ࿥͢Δ͜ͱ͕ࠔ೉Ͱ͋Δɽ͔͠͠DNNʹ
ΑΔςΩετԻ੠߹੒Ͱ͸ଟ͘ͷσʔλྔ͕ඞ
ཁͱͳΔɽͦ͜Ͱ·݈ͣৗऀͰԻ੠߹੒Ϟσϧ
Λੜ੒͠ɼಘΒΕͨ߹੒ԻΛ੠࣭ม͢׵Δ͜ͱ
ͰߏԻোऀ֐ͷԻ੠߹੒γεςϜΛ࡞੒͢Δɽ
ςΩετԻ੠߹੒ͱ͸ɼ ೚ҙʹ༩͑ΒΕͨς

Ωετ͔ΒରԠ͢ΔԻ੠Λ߹੒͢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༻͍ͨ৔߹ͱൺ΂ߴԻ࣭ͷ߹੒Ի͕࡞੒Ͱ͖Δ
ͨΊ DNNΛ༻͍ͨԻ੠߹੒͕ओͱͳ͍ͬͯΔɽ
Ի੠߹੒͸োࢧऀ֐ԉʹ΋༻͍ΒΕɼ؛ࢁΒ [3]

͸༷ʑͳਓʑͷԻ੠ΛूΊσʔλϕʔεΛߏ੒
͠ɼALSऀױͷҝͷ TTSγεςϜΛߏஙͨ͠ɽ
੠࣭ม׵ͱ͸ɼೖྗԻ੠ʹରͯ͠ɼൃ࿩಺༰

͸อ࣋͠ͳ͕Βɼ࿩ऀੑ΍ײ৘ͱ͍ͬͨ৘ใΛ
ม͢׵Δٕज़Ͱ͋Δɽ౷ܭత੠࣭ม׵ͷ୅දྫ
ͱͯ͠ GMM (Gaussian Mixture Model)[4] ͕
͋Δɽۙ೥Ͱ͸ਂ૚ֶशʹର͢Δ஫໨ͷߴ·Γ
͔ΒDNNΛ༻͍ͨ΋ͷ [5]΋͋Δɽ͜ΕΒͷ੠
࣭ม׵ʹ͸ಉҰ಺༰ɼಉҰൃ࿩௕ͷൃ࿩͕ඞཁ
Ͱ͋Δ͕ɼͦΕΛඞཁͱ͠ͳ͍దԠݶ੍ܕϘϧ
πϚϯϚγϯ (Adaptive Restricted Boltzmann

Machine) Λ༻͍ͨڀݚ [6]΋ߦΘΕ͍ͯΔɽ
ຊߘͰ͸ɼBidirectional LSTM[7] ʹΑΔς

ΩετԻ੠߹੒ͱ GMM (Gaussian Mixture

Model) ʹΑΔ੠࣭ม׵Λ༻͍ͨগྔֶशσʔ
λʹΑΔԻ੠߹੒ʹ͍ͭͯड़΂Δɽ

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

2 ఏҊख๏

ςΩετԻ੠߹੒Ͱ͸Bidirectional LSTMΛ
༻͍Δɽ੠࣭ม׵ʹ͸ GMMΛ༻͍ΔɽFig. 1

ʹຊڀݚͷ֓ཁΛࣔ͢ɽ

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

tem

2.1 DNNςΩετԻ੠߹੒

·ͣςΩετ͔Β౰֘ԻૉɼΞΫηϯτܕɼϑ
ϨʔϜҐஔͳͲͷ৘ใΛநग़͢Δɽͦͷ৘ใΛ
όΠφϦ΍࿈ଓ஋Ͱද͠ݱɼϑϨʔϜͰ࿈݁͠
ͨ΋ͷΛޠݴಛ௃ྔͱͯ͠DNNͷೖྗσʔλͱ
͢Δɽࢣڭσʔλͱͯ͠ɼԻ੠͔ΒϘίʔμΛ༻
͍ͯநग़͞ΕͨԻ੠ύϥϝʔλͱಈతಛ௃ྔΛ
ϑϨʔϜͰ࿈݁ͨ͠΋ͷΛ༻͍Δɽ
Ի੠߹੒࣌͸೚ҙͷςΩετ͔Βޠݴಛ௃ྔ

Λநग़ͯ͠Ϟσϧʹೖྗ͢Δɽͦͯ͠ಘΒΕͨ
ग़ྗ͔Β࠷໬ਪఆΛ༻͍ͯԻڹಛ௃ྔΛਪఆ͠ɼ
ϘίʔμΛ༻͍ͯԻ੠Λ߹੒͢Δɽ

2.1.1 Bidirectional LSTMԻ੠߹੒

Bidirectional LSTM͸Recurrent Neural Net-

worksʹߏ͍ͯج੒͞ΕΔɽӅΕ૚Λ h = (h1
ɼ· · ·ɼhT ) ɼग़ྗΛ y = (y1ɼ· · ·ɼyT )ɼ ೖྗΛ
x = (x1ɼ· · ·ɼxT ) ɼ Λྻܥ࣌ t = 1 · · ·T ͱ͢
ΔͱRecurrent Neaural Network (RNN) ʹ͓͚
ΔɼӅΕ૚ͷঢ়ଶͱग़ྗͷؔ܎͸ҎԼͷΑ͏ʹ
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ࣔ͞ΕΔɽ

ht = H(Wxhxt +Whhht−1 + bh) (1)

yt = Whyht + by (2)

W ͸ॏΈྻߦΛද͢ɽ (Wxh͸ೖྗͱӅΕ૚
ؒͷॏΈΛද͢ɽ) b͸όΠΞεΛද͢ɽ (bh͸
ӅΕ૚ͷόΠΞεΛࣔ͢ɽ) H͸ඇઢੑ׆ܗԽؔ
਺Λද͢ɽLSTMͰ͸ඇੑ׆Խؔ਺H͸ҎԼͷ
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͸ sigmoidؔ਺ɼiɼfɼc͸ೖྗήʔτɼ๨٫ήʔ
τɼग़ྗήʔτɼϝϞϦʔηϧΛද͢ɽ
Bidirectional RNN͸ӅΕ૚ʹ͓͍ͯϑΥϫʔ

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੠߹੒ʹൺ΂ͯߴԻ࣭ͳ
Ի੠߹੒͕ग़དྷΔ͕Ի੠ͷؒ࣌తมಈΛྀ͠ߟ
͍ͯΔͱ͸͑ݴͳ͔ͬͨɽBidirectional LSTM

Ͱ͸֤ࠁ࣌ͷաڈͱະདྷͷ৘ใΛྀ͢ߟΔɽ

2.2 GMM੠࣭ม׵

GMM͸ɼσʔλͷੜ੒͞ΕΔ֬཰Λෳ਺ͷΨ
΢ε෼෍ͷॏΈ෇͖࿨Ͱද͢ϞσϧͰ͋ΔɽFig.

3ʹ GMM੠࣭ม׵ͷ֓ཁΛࣔ͢ɽೖྗಛ௃ྔ
Λྻܥ x = [x0, x1, · · · , xt]Tɼग़ྗಛ௃ྔྻܥΛ
y = [y0, y1, · · · , yt]T ͱ͢Δɽࠓճ͸ϝϧέϓε
τϥϜΛಛ௃ྔʹ༻͍ͨɽೖྗɼग़ྗಛ௃ྔΛ݁
߹ͨ͠ϕΫτϧΛZ = [xTt , y

T
t ]

T ͱ͢Δɽ֬཰Ϟ
σϧؔ਺͸ҎԼͷΑ͏ʹࣔͤΔɽ

p(Z|λ(Z)) =
K∑

k=1

πkN(Z;µ(Z)
k ,Σ(Z)

k ) (11)

ఴࣈ k͸ k൪໨ͷΨ΢ε෼෍Λද͠ɼπk͸Ψ
΢ε෼෍ͷࠞ߹܎਺Λද͠૯࿨͸ 1Ͱ͋Δɽµk

Fig. 2: Bidirectional LSTM speech synthesis

system

͸Ψ΢ε෼෍ͷฏۉϕΫτϧɼΣk͸Ψ΢ε෼෍
ͷ෼ྻߦࢄΛද͠ɼҎԼͷΑ͏ʹදͤΔɽ

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͸࠷໬ਪఆͰֶश͢Δɽ੠࣭ม͞׵
Εͨಛ௃ྔ͸ҎԼͷࣜͰಋग़͞ΕΔɽ

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 ຊप೾਺ج (F0) ม׵

݈ৗऀ͔ΒߏԻোऀ֐΁ͷF0ม׵͸ҎԼͷࣜ
Λ༻͍ͯ͏ߦɽ

f0′t =
σtrg
σsrc

(f0t − µsrc) + µtrg (15)

f0′t͸มޙ׵ͷϑϨʔϜ tͷ F0,µtrg,σtrg͸ߏԻ
োऀ֐ͷF0ͷฏۉͱ෼ࢄɼµsrc,σsrc͸݈ৗऀͷ
F0ͷฏۉͱ෼ࢄͰ͋Δɽf0t ͸ߏԻোऀ֐ͷϑ
ϨʔϜ tͷ F0Ͱ͋Δɽ

- 276 -日本音響学会講演論文集 2018年3月



Fig. 3: GMM Voice Conversion system

3 ධՁ࣮ݧ

3.1 ৚݅ݧ࣮

ͷஉੑऀ֐Իোߏσʔλʹ͸ݧ࣮ 1໊ɼ݈ৗ
ऀͷஉੑ 1໊Λ࢖༻ͨ͠ɽ݈ৗऀͷબ୒ʹ͸ϔο
υϗϯΛ༻͍ͨௌऔ࣮ݧʹΑΓߏԻোऀ֐ʹҰ
൪੠࣭͕͍ۙ࿩ऀΛબ୒͠ɼATRԻૉόϥϯε
450จΛֶशɼ43จΛධՁɼ10จΛςετʹ༻͍
ɽαϯϓϦϯάप೾਺͸ͨͬߦΛݧ࣮ͯ 16kHzɼ
ϑϨʔϜγϑτ͸ 5msͱͨ͠ɽ
ಛ௃ྔʹ͸ίϯςΩετϥϕϧʹରͯ͠ޠݴ

HTS[8]ࣜܗͷQuestionΛద༻ͯ͠நग़ͨ͠ 979

ಛ௃ྔʹ͸WORLD[9]ΛڹΔɽԻ͢༺࢖Λݩ࣍
༻͍ͯநग़ͨ͠εϖΫτϧแབྷʹϝϧϑΟϧλ
όϯΫΛ࢖༻͠ɼ௿࣍ ϝϧέϓετϥϜݩ࣍60
ຊप೾਺ج਺ɼର਺܎ F0ɼଳҬඇपࢦੑظඪ 1

ͱͦΕΒͷݩ࣍ ͷݩ࣍Ͱͷಈతಛ௃ྔɼ1·࣍2
༗੠ແ੠ύϥϝʔλΛ༻͍ͨɽ
খ஋࠷ಛ௃ྔ͸ޠݴ 0ɼ େ஋࠷ 1ͱͳΔΑ͏

ʹɼ͝ݩ࣍ͱʹਖ਼نԽΛͨͬߦɽԻڹಛ௃ྔ͸ฏ
ۉ 0෼ࢄ 1ͱͳΔΑ͏ʹɼਖ਼نԽΛͨͬߦɽ
੠࣭ม׵ʹ͓͍ͯ͸ςΩετԻ੠߹੒ʹ͓͍ͯ

ಘΒΕͨԻ੠ͱߏԻোऀ֐ͷATRԻૉόϥϯε
50จΛֶशʹɼ10จΛςετʹ༻͍ͨɽGMM

ֶशʹ͸εϖΫτϧแབྷʹϝϧϑΟϧλόϯΫΛ
࣍ɼ௿͠༺࢖ ༺਺Λ܎ϝϧέϓετϥϜݩ࣍60
͍ͨɽجຊप೾਺͸ࣜ (15)Ͱม׵Λͨͬߦɽଳ
Ҭඇपࢦੑظඪ͸ೖྗ࿩ऀͷ΋ͷΛ༻͍ͨɽൃ
࿩௕͸DPϚονϯάʹΑΓಉҰൃ࿩௕ͱͨ͠ɽ
ධՁج४ͱͯ͠ɼϝϧέϓετϥϜ࿪Έ (Mel-

cepstrum Distortion:MelCD) Λ༻͍ͨɽൺֱର
৅ͱͯ͠ɼߏԻোऀ֐ͷগྔͷσʔλͷΈΛ༻
͍ͨ߹੒ԻΛ༻͍ͨɽֶशσʔλ͸ͦΕͧΕ 50

จ·ͨ͸ɼ100จΛ༻͍ͯൺֱͨ͠ɽ

3.2 ࡯ߟՌɾ݁ݧ࣮

੠࣭ม׵ʹΑͬͯಘΒΕͨԻ੠ͷεϖΫτϩ
άϥϜΛ Fig. 4ʹࣔ͢ɽ
प೾੒ߴͷԻ੠͸݈ৗऀʹൺ΂ͯऀ֐Իোߏ

෼͕ऑ͍͕͋޲܏Δɽมޙ׵ͷεϖΫτϩάϥ
Ϝʹ͓͍ͯ΋ 2000HzҎ্ͷύϫʔ͕ऑ͘ͳͬͯ
͍Δɽ·ͨ௿प೾਺ҬͷϑΥϧϚϯτʹ͓͍ͯ΋
ม׵લʹൺ΂ߏԻোऀ֐ʹ͍͍ۙͮͯΔ͜ͱ͕
෼͔Δɽ
ࣔͨ͠Ի੠͸ʮ੨͍੨͍ւ͸ঁੑͷඒ͠͞Λ

ͯͬ࣋Δɽʯͱ͍͏จͰ͋Δ͕ɼಛʹʮ͍ͯͬ࣋
͍Δɽʯͷ෦෼ʹ͓͍ͯม׵લͷεϖΫτϩάϥ
Ϝ͔ΒߏԻোऀ֐ͷεϖΫτϩάϥϜ΁ͱۙͮ
ճೖྗ࿩ऀͷࠓΒΕͨɽݟ͕͖ durationΛͦͷ
··༻͍͕ͨɼߏԻোऀ֐ͷ durationΛ༻͍Δ
͜ͱͰߋʹ࿩ऀੑΛྀͨ͠ߟԻ੠߹੒͕ՄೳͰ
͋Δͱ͑ߟΔɽ
MelCDʹΑΔධՁ݁ՌΛFig. 5ʹࣔ͢ɽධՁ

݁Ռ͸ςετ 10จͷฏۉΛऔ͍ͬͯΔɽߏԻো
ͷऀ֐ 50จɼ100จͰԻ੠߹੒γεςϜΛߏங
ͨ͠৔߹ͱൺ΂ɼఏҊख๏ͷ (݈ৗऀ߹੒+) ੠
࣭ม׵Λ༻͍Δ͜ͱʹΑΓɼֶशσʔλ 50จͰ
΋͍͍݁Ռ͕ಘΒΕͨɽ

4 ͓ΘΓʹ

ຊߘͰ͸ɼBidirectional LSTMʹΑΔTTSͱ
GMMʹΑΔ੠࣭ม׵Λ૊Έ߹ΘͤͨߏԻোऀ֐
ͷগྔֶशσʔλʹΑΔԻ੠߹੒ʹ͍ͭͯͷఏ
ҊΛͨͬߦɽ
Fig. 4ΑΓߏԻোऀ֐ͷεϖΫτϩάϥϜʹ

͓͚Δߴप೾੒෼ಛ௃΍௿प೾ʹ͓͚ΔϑΥϧ
Ϛϯτ্͕खֶ͘श͞Ε͍ͯΔ͜ͱΛ֬ೝͨ͠ɽ
σʔλͷΈ༻͍ͨςΩऀ֐Իোߏ͸গྔͷޙࠓ
ετԻ੠߹੒ͱఏҊख๏ͷԻ੠߹੒ͷओ؍ධՁ
ʹΑΔൺֱΛ͏ߦɽ
·ͨɼύϥϨϧσʔλΛಘΔͨΊʹDPϚον

ϯάΛ͕ͨͬߦɼΞϥΠϝϯτޡΓ͕Ի࣭ʹӨڹ
͍ͯ͠ΔՄೳੑ͕͋ΔɽΞϥΠϝϯτΛඞཁͱ
͠ͳ͍ඇύϥϨϧσʔλ੠࣭ม׵ʹ͍ͭͯ΋ݕ
౼Λ͍ߦɼൺֱ͢Δɽ
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Fig. 4: Comparison of spectrogram

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