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EMBXMB STATISTICAL APPROACH TO SPEECH AND SINGING VOICE SYNTHESIS
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Speech is the most important way for human communication and is expected to be used
| as a new human-machine communication interface with the emergence of miniature
aﬁd speedy computers. Speech synthesis is one of the core technologies of the speech
communication interface, and it is used for text-to-speech (TTS), singing voice
synthesis, speech translation, speech dialogue, etc. State-of-the-art research on speech’
synthesis is based on hidden Markov models (HMMs). HMMs are statistical models
that are widely used for speech recognition by well-defined algorithms to estimate
model parameters. It is well known that they have high recognition performance if they
are trained with enough data. HMM-based speech synthesis has also grown in
popularity over the last several years. This framework makes it possible to model
different voice characteristics, speaking styles, or emotions without recording a large
speech database. Although the quality of the synthesized voices is high enough in some
cases, the core technology needs to be improved to synthesize high quality voices about
.| the same as human voices. Additionally, the applications of speech synthesis should be

used to make our life more convenient. In particular, some important functions, such as




multilingualization and emotional synthesis are required by many applications. In this
paper, I improve speech synthesis technology from both sides, i.e. the core technology
| and the applications.

First, fo improve the core technology, I propose a novel approach to integrate spectral
feature extraction and acoustic modeling for HMM-‘based speech synthesis.. The
statistical modeling process of speech waveforms is typically divided into two
component modules: the frame-by-frame feéture extraction module and the acoustic
modeling module. In the feature extraction module, the statistical mel-cep stral‘ analysis
technique has been used, and the objective function is the likelihood of mel-cepstral
coefficients for given speech waveforms. In the acoustic modeling module, the objective
function is the likelihood of model parameters for given mél'cepstral coefficients. It is
important to improve the performance of each component module in order to achieve
higher quality synthesized speech. However, the final objective of speech synthesis
systems is to generate natural speech waveforms from given text, and improving each
component module does not always lead to an improvement in the quality of
synthesized speech. Therefore, ideally, all objective functions should be optimized on the
basis of an integrated criterion that well represents the subjective speech quality of
human perception. In this paper, I propose an approach to model speech waveforms
directly and optimize the final objective function. Experimental results show that the
proposed method outperformed the conventional methods in objective and subjective
measures. '

Next, I propose a mel-cepstral analysis technique that restores missing high frequency
components from low-sampling-rate speech. In HMM-based speech synthesis, the
samplingrate of the synthesized speech depends on that of training speech data.
Low-sampling-rate training speech data degrades the quality of the synthesized speech.
Recently, speech databases have come to be recorded at a high sampling rate, e.g., 48
kHz. The sampling rates of many speech‘ databases recorded in the past are low. With
the popularization of speech synthesis techniques, the demand for using databases
recorded in the past is growing bigger. Additionally, in some cases, such as speaker
adaptive training (SAT), which trains a model with speech data uttered by different
speakers, the amount of the training data can be increased significantly by using speech
databases recorded at different sampling rates. Therefore, I train a model of speech
waveforms from a high sampling-rate speech database in advance and use it for

analyzing mel-cepstral coefficients whose high frequency components are restored from




low-sampling-rate speech databases. Experimental results show that the proposed
method restored high frequency components and improved the quality of the
-synthesized speech.

Finally, as an important function for the applications, the multilingualization for
HMMbased singing voice synthesis is attempted. An English singing voice synthesis
system is proposed and compared with the Japanese one. In this approach, the
speetrum, excitation, and vibrato of singing voices are simultaneously modeled by using
context-dependent HMMs, and waveforms are generated from HMMs themselves.
Japanese singing voice synthesis systems have already been developed and used to
create variable musical content. To expand this system to English, contexts that can be
used in Japanese and English singing voice synthesis systems are designed.
Furthermore, methods for matching musical notes and the pronunciation of English
lyrics ave proposed and evaluated in subjective experiments. Then, Japanese and
English singing voice synthesis systems are compared.

As described above, .in this paper, I propose a core technology and an application for
HMM-based speech synthesis, and they are evaluated in objective and subjective

experiments.
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学位の種類学位記番号学位授与の日付学位授与の条件学位論文題屠ナカムラ　カズヒロ中村　和寛博士（工学）博第966号平成26年12月17日学位規則第4条第1項該当　課程博士STATISTICAL　APPROACH　TO　SPEECH　AND　SINGING　VOICE　SY｝耳THESIS（音声合成・歌声合成のための統計的アプローチ）李北竹　内南　角晃正郎彦論文内容の要旨Speech　is　the　most　important　way負）r　hum鋤conlmunicatio黛and　is　expected　to　be　usedas　a　new　hmnan顎ach垣e　c◎mmunica七i・n　inte慰』e　wi七h七he　eme澄geme・f　miniaturean（1　speedy　compu七e主s．　Speech　synt｝1esis　is　one　of　the　coye　technologies　of　the　speechcommunica七ion輌nteτ甑ce，　and　i七ユs　used｛br七ext・加・speech（T℃S），　smgmg　volcesynthesis，　speechもranslaもi◎n，・speech　dialogue，　e七c．　S℃ate・o壬the・art　research　on　speechsynthesis　is　based皿hidden　Mark◎v　models（HMMs）HMMs　are　statistical　modelsもhat　are　widely　used蝕speechec・gnit・・n　by　we11・de五ned　a19・・iもh鵬t・estima七emodel　pa聡metersJt　is　well　known　that　they　have　high　recognition　per数）rmance　if　theyare旋ained　wiもh　enough　da七a．　HMM・based　8peech　synthesis　has　also　g沌wn　mpopuヱarity　over　the　las七seve宝al　years．　This登amework　makes　i七possible七〇moaeldif』ent　voice　characteris七ics・speaking　s乞yles，　or　emoもi皿s　withou七τeco泣ing　a　largespeech（1ε1tabase．　A1七hough七he（luality　of七he　syx1七hesized▽oices　is　high　enough　in　somecases，もhe　coye　technology　needs七〇be　imp宝◎vedもo　synthesize　high　quality　voices　aboutもhe　same　as　huma1ユv◎ユces．　Additi◎nally）the　app五cations　of　speech　syn七hesis　shouldもeu・・dt・m・k飼u・1i飴m・・ec・nv・蜘も．lnp・・ti・ul・葛・・m輌p。，t。nも釦。，七i。、、s　su，h。、nlu1七ilillgua1輌za¢i◎n　an（1　e1鳳◎もional　synthesig　are　re（1uired　by　many　apPlications．　In　thlspaper，　I　irnpτ◎ve　speech　sy丑もhesis　technology　fを◎m　b◎もh　sides，　i．e．　the　core　techn◎10gya丑d七he　aPPlica七ions．Fiτsも，七〇impr◎ve七he　coye　techno1◎g鵠Ipropose　a　novel　apP〕℃ach　to　h1もegrate　8pecもraユ』t田eex七τac¢ion　and　acoustic　mode五ng　fbr　HMM‘based　speech　syn七hesis．　Thestatistical　modeling　process　of　speech　wave五）rms　ls　typicaHy　dlvlded　in七〇twocomponen七modules：the丘ame・by金田鵬色a加re　6xtraction　module　and七he　acousticm◎deling　module．　Inもhe　fbature　ex☆acti◎n　module，　the　statis七iCal　me1・cep　stral　analysistech〕口i（lue　has　bee］α］ほsed，　and　the　objective　fUnctio］ユis七h．e　like］臣hoo（10f　me1−ceps七ralcoe伍ci頭七s　fbr　givell　speech　wave鉛宝ms．　In　the　acoustic　modeling　module，　the　objecもive血mc七ion　is　the　likelihood◎f　mo《iel　paTameters　fbr　given　me1℃epstral　coe伍cie批s．　It　isimp◎罫tanも七◎1m卿ve　the　perfbrmance　of　each　compme批module　m　order七〇achlevehigher騨ality　sy鮎hesized　speech　However，　the　final　objective　of　speech　sy批he8issystems　ls七〇generε1te　na七u野a18peech　wave丘）野ms☆om　given　tex七，　and　ilnpエoving　eachcompo鵬nt　moduヱe　d◎es　no七always　lead　to　an　lmproveme批1n　the　quaU七y　ofsynもhesized　speech．　Therefb主e，　ideal1X　all　ob5ective　f口蕊c駈ons　should　be　op七i】泊ized◎n輻hebasis　of　an　integ頚七ed　criterion　tha七well　repエesen七s　the　subjective　speech　quahty　ofhumall　percep七i◎IL　Ill　this　paper」Ipτopose　an　apProach七〇model　speech　wave章）ぎmsdirectly　and　optimize　the　final　objective　IMncもi◎n．　Experimentahesults　show七ha七th担oposed　method　ouもpe慰まb宝med　the　convenちio舩l　methods　in　objective　and　subjectivemea8ures．Nex七・1μ・p・se　a　me1℃epsもral　analysis　tech蜘ue　thぬest・τes　missing　hig西eΨncycomponellts　f士om　low・sampling・rate　speech．　In　HMMbased　speech　sy11宅hesis，　thesarnplingrate　ofもhe　synthesized　speech　d（∋pends　on　七hat　ofもraining　speeoh　data．ゐow°sampling’ra七eもraining　speech　d戚a　degrades甑e　qualiもy　of　the　syn七hesized　speechRecent15ちspeech　databases　have　come七〇be　recoτded　a七ahigh　8ampling　rate，　e．g，，48kHz．　The　sampling　rates　of　Inany　speech　databases　recorded　inもhe　pas七are　low．　With七he　popularization◎f　speech　synthesis　tec�qiques，　the（1emand　fb習using《1a七abasesrecoτ《ied　in七he　pas七is　growing　bigger．　Additionally）i蕊some　cases，　such　as　sp　eake讐adaptive　tτaining（SAT）whlch　t慰al且s　a　model　with　speech　data　ut七e罫ed　by　dif民rentspeakers・the頗・unt・fthe七宝aining　da七a　can　be　increased　signi丘cantly　by　using　8peechdatabases　recorde（1　at　dif琵renもsampling　rates．　There五）慰e，　I　train　a　mode玉of　speechwavefbr】ms£rom　a　high　sa］［npling・τεしte　speech　da七abase　ln　a（1vance　and　use　it長）ranalyzing　me1℃eps七ral　coe鐙cien七s　whose　high　fごe騨印cy　compo鵬加s　aτe驚esもo慰ed　f已om、10w−samplingTa七e　speech　databases．　Experime丑もa1τes疑1ts　show　tha七七he　proposed．刀1e七hod　res七◎red　high　f蚕equency　componen七s　and　impご◎ved　the　quality　of七hesyntheslzed　speech．FlnaU5膓　as　an　impo壬七an七　function　丘）τ’the　appli¢a七ions　the　ynu1七丑ingualization　｛bHMMbased　singing　voice　synもhesis　is　a七temp七ed　An　E1191ish　singing　voice　synthesissystem　is　p主oposed　and　colnpa壬e（1　wi七h　the　Japanese　◎ne．　In　もhエs　apProεしch，　thesp　ec七rurn・exci七ati◎n・and　vib澱七〇〇f　si1ユging　voices　are　simu1も球eously　modeled　by　usingc◎11text・depend頭t　HMMs，　and　wave致）mls　are　gelle習ated丘om宜MMs七hemselves．Japε1nese　singlng　voice　syn七hesis　sys七ems　have　ahごeady　been　developed　and　used七〇create　variable　musical　c・nten靴』b　e綱ndもhis　syste鋤・En91ish，　c・n七ex七s七ha七can　bused　m　Japa臓ese　and臨glish　smgmg　volce　synthesis　systems　aジe　designed．Fu☆he慰moτe・methods丘）℃matching　musical　notes　andもhe　pr◎nmlciation　of　Bnglishlyrics　areμ・P・Sed　and　evaluated　m§ubjeCtive　eXper�qe狐七S．　Then，　JapaneSe　andEnglish　smging　v◎ice　sy鳳七hesis　sys総ms　a主e　comparedAs　desc主ibed　above，．in　this　pape葛Ipropose　a　c◎τe　tech江010gy　alld　an　apPhca七ion　fbHMM・based　speech　synthβsis，　and　they　a慰e　evalua七ed　ln　objec駐ve　and　sub5ecもiveexp　e宝iynents．論文審査結果の要旨　　統計モデルに基づく音声合成の普及を目指し，コア技術の更なる改善とアプリケーションとしての能の充琴という両方の観点から検討が行われている．音声合成とは機械に喋らせたり歌わせたりする術の総称であり，近年の音声合成研究分野では，隠れマルコフモデル（HMM）に基づく手法が主流とオ　りつつある・本論文では・HMM音声合成のコア技術，そして応用技術に関して研究が行われている．　　まず，コア技術の更なる改善として・合成音声の音質改善のためにメルケプストラム分析と音響モデ　リングの統合手法が提案されている・近年では様々な分野で，複数の統計モデルを組み合わせることで複雑なシステムが構成されている．HMM音声合成においても，音声から特徴量を抽出するメルケプス　トラム分析と，特徴量を統計モデル化する音響モデリングは，それぞれが統計モデルで表現され，別々の目的関数の最適化醜として蟻されてし・た・本論文で提案されている統合モデリングの枠組みでは・それらのモデ・レを船して音声を・つの繍モデルとして表現することで本来の目的関数を髄イしており，音声の自然性に対する主観評価実験により，著しい音質改善を達成している．　次に、統合モデリングの応用として，低周波数標本化音声データの高帯域成分の復元を考慮したメルケプストラム分析手法が提案されている・統計的音声合成においては高韻な趨の学習データを用意することで高韻鰭声を舗すること胸能である・しかし高韻賠声を臓しぽ声餓のためのラベルを付与する作業は多大なコストを伴うため，既存のデータを有効活用する枠組みが求められている・本融では冷成音声の韻を左右す硬因として標本化周働に剤し，綱波鍵本イ音声の失われた高繊成分を統計デ々・より観して班Mの糟に用いることで，馴麟標本イ音声を合成する手法が提案されている冷成音声の昧性闇する主編屹験では堤案法は購とする高周波数標本化音声と同等の非常に高い性能を示している．次に・アプリケーシ・ンとしての機能の充実という観点から，�o［｝エつく籍歌声餓が提案されている・HMM歌声餓は溌譜と歌声の関係をHMMでモデ・レ化し，億の楽譜力・戟られたときにH班から歌声姓成するシステムであり・これまでに昧語の楽譜に対応したシステム樋案されていた・繍文では汲声餓蹄の融展開の第一歩として茨語の歌声合成システムカ・提案さていている・昧語鵜では輸が「かな」で謎されるの醐し演櫟譜では歌詞蝉語で謎されてり堪数暗符鵬って記述されることも多・・ためぽ符に対する鶴の割り当て方力澗題となるが，提案手法は最大で92％の割り当て誤り肖‖減率を達成している、更に，微の多言語化を髄したコンテキスト設計が提案されている．以上のように・繍文では音声餓のガ技術の更なる蜷として統合モデリング手法が，アプリ｝ションのための機能の充実として英語歌声械が提案されており浅験により有効性が示されてしる論文の内容は国内外の論嬬・鹸学会にて蟻さ抽りぽた，アプリケーシ。ンとしても＿に鍋されていることからぽ声硫分離びに社会へ頒醜は高く，柵究｝ま撒縦として埼な価値を持つものと認める．

