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1 ͡Ίʹ

࣭มɼೖྗ͞ΕͨԻͷޠݴใΛอͬͨ·

·ɼऀੑײͱ͍ͬͨಛఆͷใͷΈΛม͢Δ

ٕज़Ͱ͋ΔɽԻӆใΛҡͭͭ࣋͠ऀใΛม

͢Δ “ऀม” [1]Λతͱͯ͠͞ڀݚ͘Ε͖ͯ

͕ͨɼۙͰɼԻ߹Իೝࣝʹ͓͚Δऀੑ

ͷ੍ޚ [2]ʹ༻͍ΒΕ͍ͯΔଞɼײใΛม͢Δ

”มײ“ [3]ɼࣦΘΕͨऀใΛ෮͢ݩΔ “ൃ

”ԉࢧ [4] ͳͲଟذʹΘͨͬͯԠ༻͞Ε͍ͯΔɽզʑ

͜Ε·Ͱɼ৶ը૾ಛྔΛ༻͍ͨϚϧνϞʔμϧ

ͳ࣭ม๏ΛఏҊ͠ɼͦͷ༗ޮੑΛ͖ࣔͯͨ͠ [5]ɽ

ຊߘͰεύʔεύϥϨϧֶशΛ༻͍ͨϚϧνϞʔ

μϧ࣭มख๏ΛఏҊ͠ɼैདྷख๏ʹൺͯਫ਼

ͷ͍ߴมΛͨ͠ࢦɽ

ैདྷɼ࣭มʹ͓͍ͯ౷ܭతͳख๏͕ଟ͘ఏҊ

͞Ε͖ͯͨɽͳ͔Ͱࠞ߹ਖ਼نϞσϧ (Gaussian

Mixture Model : GMM)Λ༻͍ͨख๏ [1]ͦͷਫ਼

ͷΑ͞ͱ൚༻ੑ͔Β͘༻͍ΒΕ͓ͯΓɼଟ͘ͷվ

ྑ͕͞Εଓ͚ΒΕ͍ͯΔɽాށΒ [6]ैདྷͷGMM

Λ༻͍࣭ͨม๏ʹಈతಛͱGlobal VarianceΛ

ಋೖ͢Δ͜ͱͰΑΓࣗવͳԻͱͯ͠ม͢Δख๏

ΛఏҊ͍ͯ͠Δɽ͔͠͠ɼGMMΛؚΉ࣭มͷै

དྷख๏ͷ΄ͱΜͲֶशɾςετσʔλͱʹΫϦʔ

ϯԻΛ༻͍͓ͯΓɼࡶԻͷॏͨ͠ೖྗԻʹؔ͢

ΔධՁ͞Ε͍ͯͳ͍ɽ

զʑ͜Ε·Ͱɼैདྷͷ౷ܭతख๏ͱҟͳΔɼε

ύʔεදͮ͘جʹݱExemplar-basedͳ࣭มख๏

ΛఏҊ͖ͯͨ͠ɽεύʔεදͮ͘جʹݱΞϓϩʔν

৴߸ॲཧͷʹ͓͍ͯ͞Ε͓ͯΓɼԻ৴߸

ॲཧͷͰԻೝࣝԻݯɼࡶԻѹͳͲ

ʹ͓͍ͯɼͦͷ༗ޮੑ͕ใ͞ࠂΕ͍ͯΔɽ͜ͷΞϓ

ϩʔνͰɼ༩͑ΒΕͨ৴߸গྔͷֶशαϯϓϧ

جఈͷઢ݁ܗ߹Ͱද͞ݱΕΔɽͦͷޙɼతԻͷ

ࣙॻʹର͢ΔॏΈϕΫτϧͷΈΛऔΓग़ͯ͠༻͍Δ

͜ͱͰɼతԻͷΈΛ͢ΔɽGemmekeΒ [7]

ࡶԻͷॏͨ͠ԻΛɼΫϦʔϯԻࣙॻͱϊΠ

ζࣙॻͷεύʔεදݱʹ͠ɼΫϦʔϯԻࣙॻʹର

͢ΔॏΈΛԻೝࣝʹ͓͚Δ Hidden Markov Model

(HMM)ͷࢉग़ʹ༻͍Δ͜ͱͰɼࡶԻʹϩόετ

ͳԻೝࣝΛ͏ߦख๏ΛఏҊ͍ͯ͠Δɽ

զʑͷఏҊ͍ͯ͠Δ࣭มख๏Ͱɼैདྷͷ

࣭มख๏Ͱ༻͍ΒΕ͍ͯͨύϥϨϧσʔλ͔Βɼ
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ೖྗऀͷԻࣙॻͱग़ྗऀͷԻࣙॻ͔ΒͳΔ

ಉҰൃ༰ͷύϥϨϧࣙॻΛߏங͢Δɽ͜ͷೖྗԻ

ͱࣙॻ͔Βਪఆ͞ΕΔॏΈྻߦͱग़ྗऀͷԻ

αϯϓϧ͔Βߏஙͨ͠ग़ྗԻࣙॻͱͷઢ݁ܗ߹Λ

ͱΔ͜ͱʹΑΓมԻΛಘΔɽैདྷͷ࣭มͷ

Α͏ʹ౷ܭతϞσϧΛ༻͍ͳ͍Exemplar-basedͳख

๏Ͱ͋ΔͨΊɼաֶश͕͓͜Γʹ͘͘ɼࣗવੑͷ͍ߴ

ԻͱมՄͰ͋Δͱ͑ߟΒΕΔɽ͞Βʹ͜ͷ

ख๏ࡶԻڥԼʹ͓͍ͯ༗ޮͰ͋ΔɽೖྗԻ

ͷൃલޙͷඇԻ͔۠ؒΒࡶԻࣙॻΛߏங͠ɼೖ

ྗͱͯ͠༩͑ΒΕΔࡶԻॏԻΛೖྗԻࣙॻͱ

Δɽਪఆ͞ΕͨॏΈ͢ʹݱԻࣙॻͷεύʔεͳදࡶ

ͷ͏ͪɼΫϦʔϯ෦ͷΈΛऔΓग़͠ग़ྗऀྻߦ

ͷԻࣙॻͱֻ͚߹ΘͤΔ͜ͱͰɼࡶԻΛআ͢ڈΔ

͜ͱ͕Ͱ͖Δɽ

·ͨɼԻ͚ͩͰͳͦ͘ͷଞͷηϯαʔ༻͍ͨ

ϚϧνϞʔμϧͳख๏͕ΫϦʔϯڥԼɼࡶԻڥ

Լͱʹೝࣝɾมʹ͓͍ͯΑΓΑ͍݁ՌΛͨΒ͢

ͱݴΘΕ͍ͯΔɽۨҪΒ [8]ɼࡶԻڥԼʹ͓͍ͯ

AAMΛ༻͍ͨൃೝࣝख๏ΛఏҊ͍ͯ͠ΔɽԻ

ใͷΈΛ༻͍ͨ݁ՌΑΓը૾ใΛऔΓೖΕͨ͜

ͱͰͦͷ༗ޮੑ͕ࣔ͞Ε͍ͯΔɽBatesonΒ [9]إ

ʹϞʔγϣϯηϯαʔΛ͚ɼಛྔΛऔΓग़͠إϞ

σϧΛ࡞͢Δख๏ΛఏҊ͍ͯ͠Δɽ࢛Β [10]Β

ϋΠεϐʔυΧϝϥΛ༻͍ͯɼإͷے͕ಈ͘ॱ

൪͔Βද߹͢Δख๏ΛఏҊ͍ͯ͠Δɽ

͜Ε·Ͱͷ NMF ʹΑΔϚϧνϞʔμϧ࣭ม

๏ [5]Ͱɼඇෛ੍ͷͨΊʹը૾ಛྔ͕ෛʹ

ͳΒͳ͍Α͏ʹఈ্͛Λ͠ͳ͚ΕͳΒͳ͔ͬͨɽ·

ͨɼେͳجఈ͔ΒΔࣙॻྻߦΛ༻͍ͯม͠

ͳ͚ΕͳΒͣɼը૾ಛྔͷͳใ·Ͱ͕ࣙ

ॻྻߦʹؚ·Ε͍ͯͨɽຊख๏ɼ͜ΕΒͷΛ

ղফ͢ΔͨΊʹɼϚϧνϞʔμϧͳεύʔεύϥϨ

ϧֶशΛఏҊ͢Δɽը૾ಛྔʹ͓͍ͯɼඇෛ

੍ΛऔΓআ͘͜ͱͰಛྔͷఈ্͛Λෆཁʹͨ͠ɽ

͞ΒʹɼύϥϨϧ੍ΛՃ͑ͨࣙॻֶशΛ͜͏ߦͱ

ͰɼίϯύΫτͳࣙॻΛਪఆ͠มਫ਼ͷ্Λ

ɽͨ͠ࢦ

ҎԼɼୈ 2ষͰ͜Ε·ͰͷεύʔεදݱʹΑΔ

࣭มख๏Λड़ɼୈ 3ষͰຊߘͷఏҊख๏Λઆ໌

͢Δɽୈ 4ষͰैདྷͷNMFʹΑΔ࣭มख๏ʹՃ

͑ɼϚϧνϞʔμϧ࣭มͱຊख๏Λൺֱ͠ධՁ

͢Δɽୈ 5ষͰຊߘΛ·ͱΊΔɽ
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2 εύʔεදݱΛ༻͍࣭ͨม

εύʔείʔσΟϯάͷํ͑ߟʹ͓͍ͯɼ༩͑ΒΕ

ͨ৴߸গྔͷֶशαϯϓϧجఈͷઢ݁ܗ߹Ͱද

ΕΔɽ͞ݱ

xl ≈
∑J

j=1 ajhj,l = Ahl (1)

xl ؍ଌ৴߸ͷ l൪ͷϑϨʔϜʹ͓͚ΔDݩ࣍ͷ

ಛྔϕΫτϧΛද͢ɽaj  j൪ͷֶशαϯϓϧɼ

͋Δ͍جఈΛද͠ɼhj,lͦͷ݁߹ॏΈΛද͢ɽຊ

ख๏ͰֶशαϯϓϧͦͷͷΛجఈ aj ͱ͢Δɽج

ఈΛฒͨྻߦA = [a1 . . . aJ ] “ࣙॻ”ͱݺͼɼॏ

ΈΛฒͨϕΫτϧ hl = [h1,l . . . hJ,l]T  “ΞΫςΟ

ϏςΟ”ͱݺͿɽ͜ͷΞΫςΟϏςΟϕΫτϧ hl ͕

εύʔεͰ͋Δͱ͖ɼ؍ଌ৴߸ॏΈ͕ඇθϩͰ͋Δ

গྔͷجఈϕΫτϧͷΈͰද͞ݱΕΔ͜ͱʹͳΔɽϑ

ϨʔϜຖͷಛྔϕΫτϧΛฒͯද͢ݱΔͱࣜ (1)

ೋͭͷྻߦͷੵͰද͞ΕΔɽ

X ≈ AH (2)

X = [x1, . . . ,xL], H = [h1, . . . ,hL]. (3)

͜͜ͰLϑϨʔϜΛද͢ɽຊख๏ͷ֓ཁΛFig. 1

ʹࣔ͢ɽ͜ͷख๏ͰɼύϥϨϧࣙॻͱݺΕΔೖྗ

ऀԻࣙॻͱग़ྗऀԻࣙॻ͔ΒͳΔࣙॻͷର

Λ༻͍Δɽ͜ͷࣙॻͷରैདྷͷ࣭ม๏ͱಉ༷ɼ

ೖྗऀͱग़ྗऀʹΑΔಉҰൃ༰ͷύϥϨϧ

σʔλʹಈతܭը๏ (DP)Λద༻͢Δ͜ͱͰϑϨʔϜ

ؒͷରԠΛऔͬͨޙɼೖྗऀͱग़ྗऀͷֶशαϯ

ϓϧΛͦΕͧΕฒͯࣙॻԽͨ͠ͷͰ͋Δɽ

͜ͷͱ͖ɼԾʹೖྗऀͷԻͱɼͦΕͱಉҰൃ

ͷग़ྗऀͷԻΛͦΕͧΕೖྗࣙॻͱग़ྗࣙॻͷ

εύʔεදݱʹͨ͠߹ɼͦΕͧΕ͔ΒಘΒΕΔΞΫ

ςΟϏςΟྻߦ͍ͯ͠ࣅྨʹ͍ޓΔͱԾఆͰ͖Δɽ

͜ͷ͜ͱ͔Βɼࣙॻ͕ྻߦύϥϨϧͰ͋Εɼೖྗ

ऀͷࣙॻྻߦΛ༻͍ͯਪఆ͞ΕͨೖྗಛྔͷΞΫ

ςΟϏςΟग़ྗಛྔͷΞΫςΟϏςΟͱͯ͠ஔ͖

ɼ͖ͮجʹΒΕΔɽҎ্ͷԾఆ͑ߟՄͰ͋Δͱ͑

ೖྗԻೖྗऀࣙॻͷεύʔεදݱʹ͠ɼಘΒ

ΕͨΞΫςΟϏςΟྻߦͱग़ྗऀࣙॻͷੵΛͱΔ

͜ͱͰɼग़ྗऀͷԻͱม͢Δɽ

3 εύʔεύϥϨϧֶशΛ༻͍࣭ͨม

͜Ε·ͰͷNMFʹΑΔϚϧνϞʔμϧ࣭ม๏

Ͱɼඇෛ੍ͷͨΊʹը૾ಛྔ͕ෛʹͳΒͳ

͍Α͏ʹఈ্͛Λ͠ͳ͚ΕͳΒͳ͔ͬͨɽ͞Βʹֶ

शσʔλશͯΛ༻͍ͯࣙॻྻߦΛߏங͠ม͢Δͨ

Ίɼը૾ಛྔͷͳใ·Ͱ͕ࣙॻྻߦʹؚ·

Ε͍ͯͨɽͦ͜Ͱɼຊख๏ը૾ಛྔͷඇෛ੍

Source spectral
feature
(D x L)

D

J

t
X̂

S
H

L

s
X

Source and target 
dictionaries

(D x J)

t
W

s
W

Parallel Data

Converted spectral
feature
(D x L)

Activity of
source signal

(J x L)

Construction

S
H

Activity 
estimation

Copy

Fig. 1 Basic approach of NMF-based voice conver-

sion

ΛऔΓআ͖ɼDCTͳͲͷෛΛؚΉಛྔΛ༻͍ͨ

มख๏ͱͳ͍ͬͯΔɽ͜ΕʹΑΓɼը૾ಛྔΛந

ग़ͨͦ͠ͷ··ͷঢ়ଶͰมʹ༻͍Δ͜ͱ͕Ͱ͖Δɽ

·ͨɼࣙॻֶशΛ༻͍Δ͜ͱʹΑΓগྔͷجఈͰ

มΛ͑ߦΔͨΊɼը૾ಛྔͷੑ͕ղফ͞Εɼ

มਫ਼্͕͢ΔͱظͰ͖Δɽ

3.1 ֶश༻ύϥϨϧσʔλ

Fig. 2ֶश༻ύϥϨϧσʔλͷߏ๏Λࣔͨ͠

ͷͰ͋Δɽֶ श༻σʔλͱͯ͠ɼೖ ɾྗग़ྗऀͷಉҰ

ൃʹΑΔύϥϨϧσʔλΛ༻͍Δ͜ͱʹ͢Δɽೖྗ

ऀԻͷಛྔؒ࣌ϑʔϦΤม (STFT) ʹ

Αͬͯ͞ࢉܭΕΔৼ෯εϖΫτϧΛɼग़ྗऀԻʹ

ؔͯ͠ STRAIGHTੳʹΑͬͯಘΒΕΔεϖΫτ

ϧΛ༻͍Δɽೖྗऀɼग़ྗऀͱʹ STRAIGHT

ੳʹΑͬͯಘΒΕΔϝϧέϓετϥϜΛ༻͍ͯɼϑ

ϨʔϜؒಉظΛऔΔͨΊͷ DPϚονϯάΛ͍ߦɼύ

ϥϨϧσʔλΛ࡞͢Δɽೖྗऀͷը૾ಛྔͱ

ͯ͠ DCTʢDiscrete Cosine TransformʣΛ༻͍Δɽ

DCT͞Εͨը૾͔ΒδάβάεΩϟϯΛ͍ߦɼ࣍

200 Λը૾ಛྔͱ͢Δɽ͜͏ͯ͠ಘΒΕͨύϥݩ࣍

ϨϧσʔλVsa, Vsv, Vta Λֶश༻ೖྗσʔλͱ͠

ͯ༻͍Δɽ

3.2 εύʔεύϥϨϧֶश

Fig. 3ʹεύʔεύϥϨϧֶशͷ֓ཁΛࣔ͢ɽVsa,

Vsv, VtaͦΕͧΕύϥϨϧͳೖྗऀͷֶश༻Ի

ͱֶश༻ը૾ɼग़ྗऀͷֶश༻Իͱͳ͍ͬͯ

ΔɽWsa, Wsv, WtaͦΕͧΕਪఆ͢Δೖྗऀͷ

Իࣙॻͱը૾ࣙॻɼग़ྗऀͷԻࣙॻͱͳ͍ͬͯ

ΔɽHs, Htೖྗऀɼग़ྗऀͦΕͧΕʹର͢Δ

ΞΫςΟϏςΟΛද͢ɽDsa ͱ Dta ͦΕͧΕೖྗ

Իͱग़ྗԻͷݩ࣍Λද͢ɽֶश༻ͷσʔλ͢

ͯϑϨʔϜຖʹਖ਼نԽ͞Ε͍ͯΔͷͱ͢Δɽ

֤ऀͷύϥϨϧσʔλVsa, Vsv, VtaΛͱʹɼ

ҎԼͷίετؔΛ࠷খʹ͢ΔΑ͏ʹWsa, Wsv,
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STRAIGHT STRAIGHT
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Fig. 2 Multimodal dictionary construction

ta
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Dictionary
training

sv
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W
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ta
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Source spectral features
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H

t
H

Dictionary
training

Source activity

Fig. 3 Flow of sparse-parallel training

Wta ΛٻΊΔɽ

min dKL(V
sa,WsaHs)

+ (ψ/2)dF (V
sv,WsvHs)

+ dKL(V
ta,WtaHt) + (ϵ/2)||Hs −Ht||F

+ λ||Hs||1 + λ||Ht||1
s.t Wsa ≥ 0,Hs ≥ 0,Wta ≥ 0,Ht ≥ 0 (4)

dKL  Kullback-Leibler (KL) divergenceɼdF

Frobenius normΛද͢ɽψ ը૾ಛྔͷॏΈΛௐ

͢ΔύϥϝʔλͰ͋Δɽୈ 4߲HsͱHtΛύϥ

Ϩϧʹ͢ΔͨΊͷύϥϨϧ੍߲Ͱ͋Γɼϵ ʹΑͬͯ

ௐ͞ΕΔɽୈ 5߲ͱୈ 6߲Hs, HtΛͦΕͧΕε

ύʔεʹ͢ΔͨΊͷ L1ϊϧϜਖ਼نԽ߲Ͱ͋Δɽ

(4)ࣜΛ࠷খʹ͢ΔΑ͏ʹߋ৽͢ΔͨΊͷࣙॻྻߦ

ͷߋ৽ࣜɼิॿؔ๏Λ༻͍ͯٻΊΒΕΔɽ

ҎԼͷߋ৽ࣜʹै͍܁Γฦ͠ߋ৽͢Δ͜ͱͰɼͦ

ΕͧΕͷֶशࣙॻٻ͕ྻߦΊΒΕΔɽ

Wsa ← Wsa. ∗ ((Vsa./(WsaHs))HsT)

./(1(Dsa×L)HsT) (5)

Wsv ← (VsvHsT)/(HsHsT) (6)

Wta ← Wta. ∗ ((Vta./(WtaHt))HtT)

./(1(Dta×L)HtT) (7)

Hs, Htʹ͍ͭͯಉ༷ʹҎԼͷߋ৽ࣜʹै͍܁Γ

ฦ͠ߋ৽͢Δ͜ͱͰٻΊΒΕΔɽ

Hs ← (−Q+
√
Q2 + 4(P. ∗R))./(2P) (8)

P = ψ((WW+Hs)./Hs) + ϵ (9)

Q = WsaT

1(Dsa×J) − ψWsvT

Vsv

−ϵHt + λ (10)

R = Hs. ∗ (WsaT

(Vsa./(WsaHs)))

+ψ((WW−Hs). ∗Hs) (11)

Ht ← (1/(2ϵ))(−B+
√
B2 + 4ϵS) (12)

S = Ht. ∗ (WtaT

(Vta./(WtaHt))) (13)

B = −ϵHs +WtaT

1(Dta×J) + λ (14)

͜͜Ͱਖ਼෦ͱෛ෦Λ͚ΔͨΊɼX+ = (|X|+X)./2ɼ

X− = (|X|−X)./2ͷΑ͏ʹఆΊΔɽ·ͨɼWW+ =

W+T

W+ɼWW− = W−T

W− Ͱ͋Δɽ

͜͏ֶͯ͠श͞ΕͨࣙॻWsa, Wsv, Wta ΛͦΕ

ͧΕมͷࣙॻྻߦͱͯ͠༻͍Δ͜ͱʹ͢Δɽ

3.3 มํ๏

Vsa, Vsv,ΛͦΕͧΕม༻ೖྗԻɼೖྗը૾ͱ

͢ΔɽWsa, Wsv, WtaͦΕͧΕֶशͨ͠ೖྗԻ

ࣙॻɼೖྗը૾ࣙॻɼग़ྗԻࣙॻͰ͋Δɽมʹ༻

͍ΒΕΔΞΫςΟϏςΟྻߦ ĤsҎԼͷίετؔ

Λ࠷খʹ͢Δ͜ͱͰਪఆ͞ΕΔɽ

dKL(V
sa,WsaĤs) + (ψ/2)dF (V

sv,WsvĤs)

+λ||Ĥs||1 (15)

ਪఆ͞ΕͨΞΫςΟϏςΟྻߦͱ (4)ࣜͰਪఆͨ͠ग़

ྗऀࣙॻWtaͷੵΛऔΓɼมޙͷεϖΫτϧ

V̂ta ΛಘΔɽ

V̂ta = WtaĤs (16)

4 ධՁ࣮ݧ

4.1 ݅ݧ࣮

ຊ࣮ݧͰ ΫϦʔϯڥԼͰैདྷͷԻಛྔͷ

ΈΛ༻͍ͨNMFʹͮ͘جख๏ɼϚϧνϞʔμϧ࣭
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มख๏ͱεύʔεύϥϨϧֶशΛ༻͍ͨมख๏

Λൺֱͨ͠ɽຊߘͰɼೖྗऀͷൃө૾ͱͯ͠உ

ੑඃऀݧ 1 ໊͔Β CENSREC-1-AV σʔλϕʔεʹ

ؚ·ΕΔൃࣈ 65 จΛऩͨ͠ɽऩͨ͠ 65 ൃ

ͷ͏ͪ 50 ൃΛֶशσʔλͱ͠ɼ ֶशʹؚ·ͳ

͍ 15 ൃΛςετσʔλͱͨ͠ɽֶश༻σʔλͷج

ఈͷ૯ 12,870 Ͱ͋Δɽֶश͞ΕΔࣙॻྻߦͷ

ఈج 200 Ͱ͋ΔɽԻಛྔɼ৶ಈըऩͱ

ಉ࣌ʹऩͨ͠ԻΛ༻͍Δɽಛྔͱͯ͠ৼ෯ε

ϖΫτϧ 257 Λ༻͍ͨɽαϯϓϦϯάपݩ࣍

8 kHzɼϑϨʔϜγϑτ 5ms Ͱ͋Δɽը૾ಛྔ

ɼ৶ྖҬΛநग़ͨ͠ޙDCTΛͯͬߦಘͨप

 Λ༻͍ͨɽग़ྗऀͷԻಛྔɼೖݩ࣍200

ྗͱಉ͡σʔλϕʔεʹؚ·ΕΔঁੑऀԻ͔Β

நग़ͨ͠ STRAIGHTεϖΫτϧ 513 Λ༻͍Δɽݩ࣍

GMMͷֶशʹ༻͍ΔύϥϨϧσʔλͱͯ͠ɼֶश

ಉҰൃ͔ΒಘΒΕͨϝϧέϓετϥͨ͠༺ʹ࣌

Ϝ 24 ͚͓ʹΛಛྔͱͨ͠ɽ·ͨɼίετؔݩ࣍

Δ֤ύϥϝʔλʹ͍࣮ͭͯݧతʹ࠷దͳͷΛબ

ͼΞΫςΟϏςΟΛਪఆͨ͠ɽ

4.2 ߟՌɾ݁ݧ࣮

ຊख๏ʹ͓͚ΔඪԻͱੜԻͷ Mel-CD

ʢMel-cepstrum DistortionʣΛ Table 1ʹࣔ͢ɽMel-

CDҎԼͷࣜͰද͞ΕΔɽ

Mel-CD[dB] = 10/ ln 10

√√√√2
24∑

d=1

(mctd − m̂ctd)
2 (17)

mctdͱ m̂ctdඪԻͱੜԻͷMFCCͷ dݩ࣍

ͷͰ͋Δɽԣ࣠ͷ sourceೖྗԻͱλʔήο

τԻͷMel-CDΛද͢ɽaudio NMFɼmulti NMF

ैདྷख๏ɼsparse-parallelఏҊख๏ʹΑΔมԻ

ͱλʔήοτԻͱͷMel-CDΛද͢ɽTable 1Α

ΓɼεύʔεύϥϨϧֶशΛ༻͍ͨมख๏͕ɼଞͷ

2ͭͷैདྷख๏ʹൺͯਫ਼্͕͕͍ͬͯΔɽ͜Ε

ֶशʹΑͬͯը૾ಛྔͷੑ͕ղফ͞Ε͔ͨΒ

ͩͱ͑ߟΒΕΔɽ

Table 1 Mel-cepstral distortion of each method

source audio NMF multi NMF sparse-train

4.37 3.24 3.23 3.17

5 ͓ΘΓʹ

ຊߘͰɼ͜Ε·ͰఏҊ͖ͯͨ͠ϚϧνϞʔμϧ

࣭มख๏ʹεύʔεύϥϨϧֶशΛಋೖͨ͠ख

๏ΛఏҊͨ͠ɽैདྷख๏ͱൺɼֶशͨ͠ίϯύΫ

τͳࣙॻͰมͨ͠ਫ਼্͕͕͍ͬͯΔ͜ͱ͔Βɼը

૾ͷੑΛղফͨ͠ม͑ߦ͕Δ͜ͱ͕Θ͔ͬͨɽ

ɾධՁΛ͠ݧԼʹదԠ͠ɼ࣮ڥԻࡶຊख๏Λޙࠓ

͍ͯ͘ɽ·ͨ৽ͨͳը૾ಛྔͷಋೖͳͲݕ౼ͯ͠

͍͘ɽ
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