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ABSTRACT

This dissertation introduces interactive designs in the context of statistical
parametric synthesis. The objective is to develop methods and designs that
enrich the Human-Computer Interaction by enabling computers (or other
devices) to have more expressive and adjustable voices. First, we tackle the
problem of interactive controls and present a novel method for performative
HMM-based synthesis (pHTS). Second, we apply interpolation methods, ini-
tially developed for the traditional HMM-based speech synthesis system, in
the interactive framework of pHTS. Third, we integrate articulatory control
in our interactive approach. Fourth, we present a collection of interactive
applications based on our work. Finally, we unify our research into an open
source library, MAGE. To our current knowledge MAGE is the first system
for interactive programming of HMM-based synthesis that allows realtime
manipulation of all speech production levels. It has been used also in cases
that are not related to speech, such as audio-visual laughter and stylistic gait
synthesis and reconstruction.

We realise that performative HMM-based synthesis can find applications
in several domains, such as entertainment and gaming, performing arts,
assistive applications, culture, education, linguistics, speech pedagogy and
therapy. Nevertheless, artificial speech, laughter or motion, still lacks of nat-
uralness. However, an important contribution of this dissertation is the en-
gagement of the user in the synthesis and generation process. This sets a first
basis for the application of crowd sourcing and gamification approaches in
the HMM-based synthesis domain, which will help us not only tackle sev-
eral existing problems and improve the existing technology, but also form
new questions to pursuit.

Keywords: speech synthesis, statistical parametric synthesis, hidden Markov
models, HMM-based speech synthesis, HMMs, HTS, MAGE.
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We have seen that computer programming is an art,
because it applies accumulated knowledge to the world,
because it requires skill and ingenuity, and especially
because it produces objects of beauty.

— Donald E. Knuth [1]

ACKNOWLEDGEMENTS

First and foremost, I have to admit that I have been extremely lucky throughout
my life to work with people who are far more talented than I am and to learn and
evolve from their wisdom. This is the reason why you are reading this book and
why I have so many people to thank.

I owe my deepest gratitude to Prof. Thierry Dutoit, my supervisor, for his guid-
ance, advice and support. This book is as much his as it is mine and I am thankful
that I had the chance to know, work with and learn from him. Equally, I would
like to express my special appreciation and thanks to Dr. Nicolas d”Alessandro, my
co-supervisor, for encouraging every step of my research and for allowing me to
grow as a research scientist.

Likewise, I owe an enormous debt of gratitude to Prof. Junichi Yamagishi for his
patience, motivation, and immense knowledge. A great teacher who patiently pro-
vided vision, encouragement and invaluable advice. I could not thank him enough
for not only being such a great scientist but also an amazing host in both Edin-
burgh and Tokyo. Similarly, I am deeply grateful to Prof. Simon King, as his trust
and support gave me the opportunity to collaborate with so many other talented re-
searchers and scientists. No words could express my gratitude to Dr. Alexis Moinet
for his collaboration, involvement and unlimited support. It has been a privilege,
indeed, and I am internally grateful for his contribution, which is as invaluable as
it is generous.

I acknowledge the industrial partnership of Acapela Group, for the support and
funding sources that made my research work possible, and especially Dr. Vincent
Pagel. I am also thankful to Mr. Geoffrey Wilfart, who actively supported me during
the most challenging parts.

I would like to extend my appreciation to Prof. Zhen-Hua Ling, Dr. Christophe
Veaux, Dr. Korin Richmond, Dr. Rob Clark and Dr. Oliver Watts for their invaluable
insights and help. I am indebted to all my colleagues in NII and CSTR, for welcom-
ing me so warmly. It was a pleasure to share so many things with them, from both
a scientific and human point of view. I am forever thankful to all my colleagues

ix



in TCTS, with whom I share my days, numerous breaks, discussions and fun mo-
ments. They made the lab a wonderful workplace and home for the past few years.
Special thanks should go to Alexis, Onur, Joélle & Jérome, Loic, Frangois, Benjamin,
Hiiseyin, Thomas, Anderson and of course Nathalie. My PhD journey was made so
enjoyable due to the many friends I made and who became an important part of
my life, thank you!

Lastly, I would like to thank my loving and patient Benoit, whose faithful support
and friendship fuels every step I take. He and his family gave me a place I will
always call home. I am also thankful to my family for all their unconditional love
and encouragement. For my parents, I'dvyng Actpwdxne and Pitoa YTrepngdvou
who raised and educated me with a love for both the arts and science and supported
me in all my pursuits, even when they went beyond the boundaries of language and
geography. My sister Nivo. and my brother Nixoc, my best friends and companions,
for their unconditional faith in me. Your big, bright smiles ease my way though life!



CONTENTS

INTRODUCTION

1 INTRODUCTION
1.1 Motivations . . .. ... o
1.2 Applications . . . .. ... Lo Lo
1.3 Outline of the manuscript . . . . ... ...............

I
2

1.3.1  Organisationof partI . ... ... ... ... .. ... ...
1.3.2 Organisationof partII. . . ... ... ... ........
1.3.3 Organisationof partIII . . . ... ... ... .......
1.3.4 Originalcontent . . . ... .. ... ............

STATE OF THE ART

SPEECH SYNTHESIS

2.1

2.2

Synthesis based on vocal tract models . . . . .. ... ... ...
2.1.1  Articulatory synthesis . . . ... ... o000
2.1.2 Formantsynthesis . ... ... ... ............
Synthesis by concatenation . . .. ... ... ... ... ...,
2.2.1  Diphone synthesis . . . . ... ............. ..
2.2.2  Unit selection synthesis . . . ... ... ... .......

2.3 Statistical parametric synthesis . . . .. ... ... ... .. ...
2.4 Discussion . . . .. ... e
STATISTICAL PARAMETRIC SYNTHESIS

3.1 Hidden MarkovModels . . . .. ... ... ... ... ....

3.2

33

HMM-based speech synthesis . . . .. ... ...........
3.2.1  Speech parameter generation . . . . ... ... ... ...
3.2.2 Incorporating dynamic features . . ... ... ... ...
323 Training . . . ... .. ... ... L
3.24 Synthesis . . ... ... ... ... . . 00 L.
325 Advantages . . ... ... ... ... ... L.
3.2.6 Drawbacks ... .. ... ... ... . oo 0o .
HMM-based synthesis in other fields . . . ... .........
3.3.1  HMM-based singing synthesis . . . . .. ... ......
3.3.2 Audio-visual laughter synthesis . . . .. ... ... ...

xi



xii

II

III

CONTENTS

3.3.3 Stylistic gait synthesis . . . . . ... ... ... .. ...,
3.4 Discussion . . . .. ... e

PERFORMATIVE HMM-BASED SYNTHESIS
REDUCED-CONTEXT HMM-BASED SPEECH SYNTHESIS

4.1 Short-term parameter generation . . . . . ... ... ... ....

4.2 Models trained with reduced phonetic context . . . . . ... ..
43 Evaluation . . . ... ... ..
4.3.1  Experimental protocol . . . . .. ... ... ... ...
4.3.2 Objective evaluation . . . .. ............. ...
4.3.3 Subjective evaluation . ... ... ..... ... .. ...
4.4 Discussion . . . . .. .. L
REACTIVE AND CONTINUOUS MODEL INTERPOLATION
5.1 Reactive synthesis using model interpolation. . . . . . ... ..
5.1.1 Defining reactive model interpolation . . . . . . ... ..
5.1.2 Interpolation strategies . . . ... ... ... ..., ...
5.1.3 Reactive large-scale interpolation . . .. ... ... ...
5.2 Interactive modification of the degree of articulation . . . . ..
52.1 Evaluation. .. ... ... ... . . . ... 0 .
5.3 Interactive accent interpolation . . . . . ... ... .. L
54 Discussion . . .. ... ... . . 0 o oL
REACTIVE ARTICULATORY FEATURE GENERATION
6.1 Reactive synthesis using articulatory features . . ... .. ...
6.2 Evaluation . . ... ... ... .. . ... .. L
6.2.1 Experimental protocol . . . . . ... ... ... L.
6.2.2 Objective evaluation . . . . ... ..............
6.2.3 Subjective evaluation . .. ... ... ... ... ... .
6.3 Reactive articulatory control . . . ... ... ... ... ..
6.3.1 Reactive articulatory control application . ... ... ..
632 Challenges . ...................... ...
6.4 Discussion . . ... ... ... .. .. 0

PERFORMATIVE DESIGNS
PERFORMATIVE APPLICATIONS
7.1 Speech related prototypes . . . . . ... ... .. 0L
7.1.1  Reactive speech synthesis controlled by hand gestures
7.1.2 Reactive speech synthesis controlled by facial gestures .

113
115
116

. 116

118



CONTENTS

7.1.3 Talkingguitar. . . .. ... ... ... ... ....... 118
7.1.4 Accent interpolation through an interactive map . . . . 120

7.1.5 Realtime articulatory control through a reactive vocal
tract . . ... oo 122
7.1.6 Reactive audiobooks . . . . . ... ... . L. 124
7.1.7 Speaking & singing puppet . . . . . ... ... ... 128
71.8 Tanukis .. ... ... ... Lo 131
7.1.9 Othercases . .. ... ... ... ... ... .. ... 131
7.2 Beyondspeech . ............. .. ... .. .. ... .. 132
7.2.1 Reactive laughter synthesis . . . . . ... ... ... ... 132
7.2.2 Reactive stylistic walk synthesis . . . . . ... ... ... 133
7.2.3 Reactive singing synthesis . . ... ... ... ... ... 134
7.2.4 Incremental speech synthesis . . . . . ... ... ..... 136
7.3 Potential applications . . . . ... ... ... o 0L 137
7.4 Discussion . . . . . .. ... 137
8 MAGE/PHTS: PERFORMATIVE HMM-BASED SYNTHESIS LIBRARY 139
8.1 Realtime architecture of MAGE . . . . . ... ... ... ..... 140
8.2 Reactivecontrols . . . ... ... ... ..o L 142
8.2.1 Availablecontrols . ... ... ... ... .00 . 142
8.2.2 Regular expressions . . ... ... .. ... ........ 143
8.23 Logginguseractions. . . ... ............... 144
8.2.4 Introducing a state queue . . . ... ... ... ... ... 144
83 C++APL . .. . . . 146
84 Discussion . . ... ... ... ... 148
CONCLUSIONS 149
9 CONCLUSIONS AND FUTURE WORK 151
9.1 Conclusions . . .. ... ... .. 151
92 Futurework . . ... ... .. ... 155
APPENDIX 157
A HTS 159
A1 Label format. ... ... ... ... ... .. 159
A2 Contextual factors . . .. ... ... .. ... . .. L. 161
A.3 Singing contextual factors . . . . ... ... Lo oL 162
A.4 Decision treeexample . ... ... ... ... .. .. .. .... 162
A5 Question fileexample . . .. ... ... ... .. 0 L 169

xiii



Xiv

CONTENTS

B MAGE

B.1 Integrationsof MAGE . . . . . ... ... ... ... ... ...
B.1.1 Pure data & Max MSP object (mage~) . . ... ... ..
B.1.2 openFrameworks, iOS . . . ... ... ... ... .. ...
B2 MaGEdemolinks . . . ... ... ... ... oL

B.3 License .

C RELATED PROJECTS
c.1  Speech synthesis projects . . . .. ... ... ... ... .. ..
c.2 Speechcorpuses . .................. . ... ... .
c.3 Other speechrelated links . . . . ... ...............
c.4 Beyond speech projects . . . ... ... ... ... .0 L.

c.5 Fun links
BIBLIOGRAPHY

PUBLICATIONS

175
175
175
177
178
178
181
181
182
182
183
183

185

195



LIST OF FIGURES

Figure 1.1
Figure 2.1
Figure 2.2
Figure 2.3
Figure 2.4

Figure 2.5
Figure 3.1
Figure 3.2
Figure 3.3
Figure 3.4
Figure 3.5

Figure 3.6
Figure 4.1
Figure 4.2
Figure 4.3
Figure 4.4
Figure 4.5

Figure 4.6

Figure 4.7

Figure 4.8

The interdisciplinary nature of speech research . . . .. 5
Typical formant synthesiser layout . . . .. ... ... .. 16
Simple example of diphone synthesis . . . ... ... .. 19
Graphical illustration of the unit selection synthesis . . . 21
Block diagram of the HMM-based speech synthesis sys-

tem (HTS) . ... ... ... ... ... ... .. ...... 23
Examples and techniques in speech synthesis history . . 24
Typical 3-state left-to-right HMM . . . . .. ... ... .. 29
Example of an observation vector of each frame . . . .. 33
Overview of HMM-based speech synthesis scheme . . . 37
Stylistic model interpolation. . . . . ... ... ... ... 40
Overview of multiple-regression HMM-based emotion-

controlling technique . . . . ... ........ .. .... 42
Example postures taken from the Mockey database . . . 46
Standard & performative HMM-based speech synthesis 54
Short-term parameter generation algorithm . . . . . . .. 57
Full & reduced-context training . . . . .. ... ... ... 59
Simple diagram of the examined cases of reduced and

full-context regarding training and synthesis . . . . . . . 60

Mean Mel-Cepstral Distortion introduced when compar-

ing HTS to pHTS along with the two training schemes . 64
Root-Mean-Square Error of the fundamental frequency
introduced when comparing HTS to pHTS along with

the two training schemes . . . ... ... .. ... ... .. 64
Mean Mel-Cepstral Distortion introduced when compar-

ing full to reduced-context models along with the two
synthesisschemes . . . . ... ... ............. 66
Root-Mean-Square Error of the fundamental frequency
introduced when comparing full to reduced-context mod-

els along with the two synthesis schemes . . . . ... .. 67

XV



Xvi

List of Figures

Figure 4.9

Figure 4.10

Figure 4.11
Figure 4.12
Figure 5.1
Figure 5.2
Figure 5.3
Figure 5.4
Figure 5.5
Figure 6.1
Figure 6.2

Figure 6.3

Figure 6.4

Figure 6.5

Figure 6.6
Figure 7.1
Figure 7.2
Figure 7.3
Figure 7.4
Figure 7.5

Figure 7.6

Mean Mel-Cepstral Distortion introduced when compar-
ing HTS to pHTS combined with varying-size shifting
window . ... 70
Root-Mean-Square Error of the fundamental frequency
introduced when comparing HTS to pHTS combined

with varying-size shifting window . . . . . ... ... .. 71
CMOS scores when comparing HTS to pHTS along
with the two training schemes . . . ... ... .. .. .. 72
CMOS scores when comparing full to reduced-context
model training along with the two synthesis schemes . . 73
Reactive model interpolation . . ... ... ... ..... 81
Interpolation strategies . . . . ... ... ... ... .... 82
Fluidity scores of the transition between the two de-
grees of articulation. . . . .. ... ... ... ... .. 87
Interactive accent control by means of a stylistic mixer . 9o
Stylistic mixers for interactive model interpolation. . . . 91
Reactive generation of acoustic features with articula-
torycontrol . ... ... ... oL 99
Placement of the EMA receivers in the database used
for the experiments . . . . . ... ... ... ... 100

Mean Mel-Cepstral Distortion and Root-Mean-Square Er-
ror of the fundamental frequency introduced when com-
paring HTS to pHTS, combined with articulatory fea-
tures, computed over the phoneme and vowel set . . . . . 102
Euclidean Distance between EMA positions generated
by HTS and pHTS, computed over the phoneme and

vowel set . . . ... 104
CMOS scores when comparing HTS to pHTS when us-

ing articulatory features . . . . ... ... ... ... ... 106
Stylistic mixer for interactive articulatory control . . . . 108

Reactive speech synthesis controlled by hand gestures . 117
Reactive speech synthesis controlled by facial gestures . 119
“Talking guitar” performance setup . . . ... ... ... 120
Realtime accent interpolation through an interactive map 121
Realtime articulatory control through a reactive vocal

tract . . . ... 123
Reactive audiobooks - voice casting . . .. ... ..... 125



Figure 7.7
Figure 7.8
Figure 7.9
Figure 7.10
Figure 7.11
Figure 7.12
Figure 7.13
Figure 7.14
Figure 8.1
Figure 8.2
Figure 8.3
Figure 9.1
Figure B.1

List of Figures

Reactive audiobooks - voice customisation . . ... ... 126
Reactive audiobooks - sentence customisation . . . . .. 128
Kinect as prosodic controller of speech synthesis . . . . . 129
“Puppet” avatar as speech & singing synthesis controller.130
Kinect as prosodic controller of singing synthesis . . . . 130
Tanukis . . . .. ... L 131
Reactive laughter synthesis (visual) . . ... .. ... .. 133
Reactive stylistic gait synthesis . . . . .. .. ... .... 135
The MAGE project . . . . ... ... ............. 140
MAGE architecture . . . . . ... ... Lo oL 141
MAGE reactive controls . . . . ... ... ... L. 143
Short summary of research achievements . . . . . .. .. 155
The mage~object . . . ... ... ... ... ... ... 177

xvii



LIST OF TABLES

Table 1.1
Table 4.1

Table 4.2

Table 4.3

Table 4.4

Table 4.5

Table 4.6

Table 4.7

Table 4.8

Table 4.9

XViii

Examined systems . ... .................. 8
Mean Mel-Cepstral Distortion introduced when compar-

ing HTS to pHTS along with the two training schemes,
computed over the phoneme set . . . . .. ... ... ... 63
Mean Mel-Cepstral Distortion introduced when compar-

ing HTS to pHTS along with the two training schemes,
computed over the vowel set . . . . . ... ... ... ... 63
Root-Mean-Square Error of the fundamental frequency
introduced when comparing HTS to pHTS along with

the two training schemes, computed over the phoneme set 63
Root-Mean-Square Error of the fundamental frequency
introduced when comparing HTS to pHTS along with

the two training schemes, computed over the vowel set . 63
Mean Mel-Cepstral Distortion introduced when compar-

ing full to reduced-context models along with the two
synthesis schemes, computed over the phoneme set. . . . 65
Mean Mel-Cepstral Distortion introduced when compar-

ing full to reduced-context models along with the two
synthesis schemes, computed over the vowel set . . . . . 65
Root-Mean-Square Error of the fundamental frequency
introduced when comparing full to reduced-context mod-

els along with the two synthesis schemes, computed

over the phonemeset . . .. ... ... ... .. .. ..., 65
Root-Mean-Square Error of the fundamental frequency
introduced when comparing full to reduced-context mod-

els along with the two synthesis schemes, computed

over thevowelset . . . ... ... ... ... ... .. ..., 66
Mean Mel-Cepstral Distortion introduced when compar-

ing HTS to pHTS combined with shifting window in-
cluding the current and varying number of preceding
labels, computed over the phoneme set . . . . .. ... .. 68



Table 4.10

Table 4.11

Table 4.12

Table 4.13
Table 4.14
Table 5.1

Table 6.1

Table 6.2
Table 6.3

Table 6.4

List of Tables

Mean Mel-Cepstral Distortion introduced when compar-
ing HTS to pHTS combined with shifting window in-
cluding one succeeding, the current and varying num-
ber of preceding labels, computed over the phoneme set . 68
Root-Mean-Square Error of the fundamental frequency
introduced when comparing HTS to pHTS combined
with shifting window including the current and vary-
ing number of preceding labels, computed over the
phonemeset . . . . . ... ... ... L L. 69
Root-Mean-Square Error of the fundamental frequency
introduced when comparing HTS to pHTS combined
with shifting window including one succeeding, the
current and varying number of preceding labels, com-

puted over the phonemeset. . . . . .. ... ... .. ... 69
CMOS scores when comparing HTS to pHTS along
with the two training schemes . . . ... ... ... ... 72
CMOS scores when comparing full to reduced-context
model training along with the two synthesis schemes . . 73
Fluidity scores of the transition between the two de-
grees of articulation. . . . . ... ... ... L0 86

Mean Mel-Cepstral Distortion and Root-Mean-Square Er-
ror of the fundamental frequency introduced when com-
paring HTS to pHTS, combined with articulatory fea-

tures, computed over the phoneme and vowel set . . . . . 102
Euclidean Distance between EMA positions generated
by HTS and pHTS, computed over the phoneme set . . . 103
Euclidean Distance between EMA positions generated
by HTS and pHTS, computed over the vowel set . . . . . 103

CMOS scores when comparing HTS to pHTS when in-
troducing articulatory features . . . ... ... ... ... 106

XiX



ACRONYMS

API  Application Programming Interface

AVM  Average Voice Model

CMLLR Constrained Maximum Likelihood Linear Regression
CMOS Comparative Mean Opinion Score

dB  Decibel

DRY Don’t Repeat Yourself

EM  Expectation Maximisation

FSR  Force Sensing Resistors

FSS-MRHMM Feature-Space-Switched Multiple Regression HMM
HMM Hidden Markov Model

HTS HMM-based speech synthesis system

Hz  Herz

LSP  Linear Spectral Pair

MAP Maximum A Posteriori

Mel-CD Mel-Cepstral Distortion

MGC Mel Generalized Cepstral

ML  Maximum Likelihood

MLLR Maximum Likelihood Linear Regression

MLPG Maximum Likelihood Parameter Generation

MLSA Mel Log Spectrum Approximation

XX



ACRONYMS

MND Motor Neurone Disease

MRHMM Multiple Regression HMM

NLP Natural Language Processor

OVE Orator Verbis Electris

pHTS performative HMM-based speech synthesis system

RMSE Root Mean Square Error

RNLP Reactive Natural Language Processor

ST-MLPG Short-Term Maximum Likelihood Parameter Generation
TTS  Text-To-Speech

VTL  Vocal Tract Length

XML Extensible Markup Language

Author’s publication list uses the alpha bibliography style.
Bibliography list uses the plain bibliography style.

XX1






INTRODUCTION

INTRODUCTION
1 INTRODUCTION
1.1 Motivations . . .. .. .. ... . ...

1.2 Applications . . . ... ... Lo oL

1.3 Outline of the manuscript . . . . ... .. ... ...






INTRODUCTION

Contents

1.1 Motivations . . . ... L
1.2 Applications . .. ... ... L
1.3  Outline of the manuscript . . . . . ... ... ... ... ... ........
1.3.1  Organisationof partl . . ... ........ ... ... ........
1.3.2  Organisationof partII. . . . ... ...... ... ... ........
1.3.3  Organisationof partIIl . . ... ....... ... ... ........
1.3.4 Originalcontent . . .. ... ... ... ... .. .. .. .. .. ....

O O O N O+

The more one studies the human voice the more fascinating this phe-
nomenon becomes. Of course many people around the world have been
similarly charmed about someone else’s or their own sound-producing or-
gan. Speech is a very powerful usage of the vocal apparatus, which is a
difficult instrument. Yet everyone seems to be an expert player. Humans are
able to voluntarily adjust their voices, from very smooth to really rough, and
express a great variety of emotions. Even though the generation of speech
can be observed simply from its mechanical point of view, i.e. a coordinated
movement of the articulators, there is certainly much more to it'. How could
we possibly detach emotion from speech?

Actually, emotions, breathing, yawns, cries, moans, laughter, squeaks and
shouts are an essential part of human communication and in many cases
are part of the speech itself. One might argue that crying, laughing or yawn-
ing® while speaking results in poor speech quality. But is it also poor vocal
communication? We see that speech is not just the sound of a language tar-
geting to convey a message but also the mean of transmitting our feelings,
identities and personalities. It is the mean to connect with other beings.

J1

1 Overtone singing with X-ray (visited June 2014): http://vimeo.com /2023727
2 Not polite, I agree but we shall use it for the sake of argument.
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We could not exclude of course the influence of the environment when it
comes to voice and vocal identity. Voices are coloured by accents, dialects,
social and regional characteristics and certainly psychological factors. A per-
son’s pitch and loudness can be unstable in emotional distress, as for ex-
ample fear or grief. Gender and age put also their stamp on voice. What is
indeed interesting is that although an average person is able to recognise
familiar or famous voices, the same person has strong difficulties to verbally
describe them3.

Even though voice is a profound characteristic of a person, one may con-
trol or distort ones vocal identity in order to create vocal caricatures, sound
cartoons or mimic others. Ventriloquists or impersonators are bright exam-
ples of the human ability to control one’s own vocal identity#.

Voice is an extraordinary instrument that has been fascinating people for
centuries. It is a mean of communication and expression. It is an essen-
tial social signal and dynamic gestural phenomenon influenced constantly
from environmental factors, either fast-changing such as mood or slowly-
changing such as age. It is reflecting ones personality and emotions. And
this very nature of speech and voice is what brings us to the motivation of
this work.

1.1 MOTIVATIONS

Everyone more or less has experienced artificially generated speech in every-
day life situations, e.g. call centres, transportation announcements, GPS di-
rections. The field of study that aims in making computers (or machines/de-
vices) speak is known both as speech synthesis, i.e. artificially generation of
speech waveforms and as Text-To-Speech (TTS), i.e. the process of convert-
ing written text into speech. Speech synthesis has been long engaging artists
and researchers, and it is no longer the case that the state-of-the-art systems
sound mechanical and robotic. Besides, the speech research field has an in-
terdisciplinary nature, as shown in Figure 1.1.

We see that the two dominant approaches presented in the state-of-the-art
- unit selection synthesis and statistical parametric synthesis - have achieved to

It is a problem similar to taste description.
29 Celebrity Impressions, 1 Original Song - Rob Cantor (visited June 2014):

https:/ /www.youtube.com/watch?v=k6PxMRUgmbA



1.1 MOTIVATIONS

computer

science
&

HCI

electronics
&
communication

Figure 1.1: The interdisciplinary nature of speech research.

Speech Research

synthesise natural and intelligible artificial speech. However, we see that in
order to achieve that high quality output the resulting systems need to take
into account complex linguistic context. Additionally, the speech parameters
or samples need to be refined over all this context and, in some cases, post-
processing is required. Hence, the resulting speech output may not be altered
while it is being generated. However, such an approach is not in accordance
with the dynamic nature of speech itself.

We realise that in the field of voice synthesis there is need for performance
and interaction, and plenty of room for creativity and expression>. We want
to bring together fields such as Computer Science, Human-Computer Inter-
action (HCI) and Engineering and contribute to the interdisciplinary speech
research domain. We want to move towards systems that are able to “listen”,
“express” and “adjust” and to investigate the role of a performer in the speech
synthesis process. An important axis of this work is to come up also with
interface designs, and embed this performative feature in new prototypes.

In this work we focus on the statistical parametric synthesis method and
more specifically on the HMM-based speech synthesis system (HTS) [2], [3], [4].

5 Problems, barriers and limits boost the creativity.



INTRODUCTION

HTS combines good quality output, flexibility and controllability on differ-
ent aspects of the generated output. As it will be described in details in the
following chapters, HTS consists of two main parts, the training and the syn-
thesis. In both parts complex context-dependent linguistic factors are taken
into account and moreover during synthesis, all the possible available lin-
guistic context (i.e. a complete utterance) is used in order to generate the
best possible output quality. In other words, the smallest accessible time
scale in HTS is the utterance itself, which is indeed sufficient in the context
of standard TTS.

Having a sentence-by-sentence system does not really reflect the dynamic
nature of human voice and speech: its realtime and reactive/interactive as-
pect. The terms realtime and reactive/interactive may have many interpreta-
tions depending on which discipline they are being viewed from. For ex-
ample, HTS itself is actually computationally realtime, which means that the
duration of the computation is shorter than the duration of the generated
speech. However, when it comes to system interaction, these terms are used
to describe a system that is able to adequately and instantaneously react
to user input. This property is sometimes called performative. In this work
we propose a novel method for performative HMM-based synthesis that we call
pHTS. It is actually the realtime and reactive/interactive version of the standard
HMM-based speech synthesis.

The methods developed in this thesis aim at enriching Human-Computer
Interaction by enabling computers (or other devices) to have more expres-
sive and adjustable voices. On the one hand, having a “listening” system
that reflects any environmental influence may trigger better and more ap-
propriate responses. However the timing of such decisions is not studied
here. On the other hand, involving users in the speech production process
may help not only to improve the speech quality but also learn and better
understand which properties of a speech influence its perception.

1.2 APPLICATIONS

Performative HMM-based speech synthesis can find applications in several
domains. Some of them are briefly described hereafter. However note that
this list is not exhaustive.
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Entertainment and gaming applications can benefit from the performative
aspect of HMM-based synthesis. The speech, audio-visual laughter or mo-
tion of an animated character or avatar can be interactively controlled or
fine tuned. This same principle can be applied in automatic movie dubbing.
Reactive audiobooks, augmented comic books, geolocalized reminders and
voice messaging applications or vocal treasure hunting games could profit
from such a performative system. The list continues with performing arts and
of course new interfaces for musical expression.

Assistive applications for speech-impaired people could certainly use such
technology. Linguistic context and emotion of the artificial voice can be con-
trolled accurately in realtime. In order to build and/or reconstruct person-
alised voices, the fine tuning and customisation can be achieved in a reac-
tive fashion. Voices can be built in order to match the targeted person®, in
terms of style, accent, etc. The creation of unique interactive personalised
voices may benefit to speech-to-speech translation systems, silent speech
communication, in-car navigation systems, call centres or even culture and
education. Linguistics, speech pedagogy and therapy may also use performative
HMM-based speech synthesis in a great variety of applications.

1.3 OUTLINE OF THE MANUSCRIPT

Previous sections have advocated the interest of performative speech syn-
thesis and given a general introduction of the field and our motivations.
Chapters of this thesis are organised into three parts, that are followed by
general conclusions and completed with the appendixes.

1.3.1  Organisation of part I

The first Part of this dissertation is dedicated to the state-of-the-art of speech
synthesis. Chapter 2 introduces the various existing methods as well as dif-
ferent systems developed on each approach. We briefly describe the articu-
latory and formant synthesis, the diphone and unit selection synthesis and
lastly the statistical parametric synthesis. Several examples of each method
are also given. The experienced reader in speech synthesis can safely skip

Everyone actually has minimum three voices: the one you hear when you talk, the one that everyone
else hears instead and at least one in your head. Imaginary friends are also to be included.
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this chapter. Chapter 3 gives a detailed overview of the statistical paramet-
ric synthesis approach, on which our work is based. We detail the statistical
model - hidden Markov model (HMM) - widely used in this method and
then an extended description of the HMM-based speech synthesis system is
given. Advantages, drawbacks and applications of this method in fields be-
yond speech are also discussed. Again, a reader experienced in HMM-based
speech synthesis can safely skip this chapter.

1.3.2  Organisation of part 11

The second Part of this thesis addresses the specific problem of performative
designs in the context of HMM-based speech synthesis. Chapter 4 is actually
the core of this work, that leads to the development of a novel method for
performative HMM-based synthesis - pHTS. pHTS is actually the realtime and
reactive/interactive version of the standard HMM-based speech synthesis. Here,
we describe all the essential modifications needed to achieve the short-term
parameter generation. We examine the influence of reduced-context synthe-
sis, either during training or synthesis, as detailed in Table 1.1.

Full-context Reduced-context
training training
Full-context synthesis
System I
(HTS) ystem System III
Reduced-context synthesis
II
(PHTS) System System IV

Table 1.1: Systems examined in this thesis.

System I. HTS using full linguistic context models
System II. pHTS using full linguistic context models
System III. HTS using reduced linguistic context models

System IV. pHTS using reduced linguistic context models
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In order to cross-compare the final output quality of all possible systems,
different test cases are objectively and subjectively examined. Chapter 5
presents the integration of model interpolation in the performative context.
It explains how reactive and continuous model interpolation is integrated
in pHTS, along with two example cases and its potential applications. Al-
though the simplest interpolation approach is adopted here, very interesting
results are obtained from both test cases. Similarly in Chapter 6 the move-
ment of the human articulators is controlled interactively in pHTS, influenc-
ing the generated speech. Here the goal is to alter the generated speech sam-
ples at the articulatory level rather than directly at the acoustic level. Lastly,
the system evaluation is presented, while challenges and applications are
discussed.

1.3.3 Organisation of part 111

The third Part of this thesis completes and concludes our work by present-
ing actual applications using our library developed for performative HMM-
based synthesis. Chapter 7 presents several proof of concept examples re-
lated to speech synthesis, focusing mainly on gestural control of prosody.
Moreover, real-world application prototypes and examples beyond speech
are detailed. Chapter 8 details the essential realtime architecture and multi-
threaded controls used to unify the different aspects of our work presented
in this manuscript. This led to the creation of an open source library, MAGE,
so that ideas can be easily implemented and shared.

1.3.4 Original content

The original work presented in this thesis contains five novelties:

¢ a novel method for performative HMM-based synthesis [Chapter 4];

performative interpolation methods [Chapter 5];

interactive control of the articulators [Chapter 6];

a collection of interactive applications based on our work [Chapter 7];

e an open source library that unifies our work [Chapter 8];
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Producing speech by means other than the natural vocal apparatus has
long fascinated people. Examples of “modern” artificial speech production
mechanisms date from the XVIII*" century with the well-known von Kem-
pelen machine [5]. Prior to that we know of prototypes for various exper-
imental organs that used non-cylindrical pipes to create vowel-like sounds.
These attempts to artificially mimic speech (or even singing) were dependent
on using the best available technology of the periods, a practice that has con-
tinued and can be seen in the historical use of mechanical, electrical and
then digital devices. Significant advances in voice research such as the first
electrical or computer-based speech synthesisers - respectively known as the
Voder [6] and the Vocoder [7] - emphasise this aspect of speech synthesis
development. Of course, the development of speech synthesis is not isolated
from other developments in speech technology. For instance the develop-
ment of speech recognition has also benefited from the reduction in cost of
computational power and increased availability of general computing (i.e.
processing and memory capacities). The availability of synthesis systems,
such as the Festival Speech Synthesis System [8], the MBROLA project [9]
and the HMM-based speech synthesis system [2], makes the cost of entering

13
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the field of speech synthesis much lower, allowing many research groups to
join the development.

In this Chapter we give an overview of various systems used in the speech
synthesis field. In Section 2.1 we detail the first synthesis techniques, artic-
ulatory and formant synthesis respectively, along with several examples. In
Section 2.2 we present the diphone and unit selection synthesis techniques
with several application examples. In Section 2.3 we present the statistical
parametric synthesis approach, which is the latest-developed technique, and
will be further detailed later on, as it is the method upon which our PhD
research has been based. Finally in Section 2.4 we discuss the presented
approaches, their advantages and disadvantages and the motivations that
initiated this research.

2.1 SYNTHESIS BASED ON VOCAL TRACT MODELS

Here we will describe briefly the first speech synthesis techniques, also re-
ferred to as first generation techniques, that are based on models of the human
vocal tract. These approaches are less used in nowadays synthesis systems,
due to their poor output quality. These systems create the final speech wave-
form “from scratch” rather than using actual speech samples or statistics as it
will be described further on. Actually, the advantage of the format synthesis
is that they use small footprints and low computational power, an essential
feature for that time and still competitive nowadays. Besides, the articulatory
approach is used mainly in speech simulation, to understand the production,
and not yet in synthesis, where the pure sound quality matters more.

2.1.1  Articulatory synthesis

The articulatory approach in speech synthesis refers to techniques that are
based on modelling the human vocal tract and the articulation processes
occurring there. By modifying the position of the speech articulators, i.e.
tongue, lips, lower jaw, the shape of the vocal tract is controlled. The synthe-
sised speech is then generated by simulating the air flow through the mod-
elled vocal tract. In articulatory models we can build complex tube shapes
by using smaller tubes, and based on the sound propagation properties to
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approximate the human articulatory system. With small movements in these
tubes, we can approximate complex speech patterns.

There are both mechanical and software articulatory synthesisers. Actually,
the first examples of speech synthesis were developed using a mechanical ap-
proach of the articulatory synthesis. In 1779 Kratzenstein [10] built models
of the human vocal tract that could produce five long vowel sounds while in
1791 von Kempelen [5] presented the talking machine, a mechanical articula-
tory synthesiser, that consisted of tubes, bellows and pipes and was able to
produce recognisable speech. Based on von Kempelen’s design, Wheatstone
in 1838 produced a “speaking machine” [11] capable to produce vowels and
most of the consonant sounds, even full words. The same year Willis dis-
covered the connection between a specific vowel sound and the geometry
of the vocal tract. He also proved that the vowel quality depends only on
the length of the tube used and not on its diameter. In 1857 and 1909, Faber
and Bell respectively, presented the first “interfaced” articulatory synthesis
approaches. Faber builds the “Euphonia”® [12], which is actually a complex
device controlled by seventeen levers, bellows, and a telegraphic line. This
machine was able to create consonant and vowel sounds and was paired
with a movable replica of a human face®. Similarly, Bell [13] created a rubber-
moulded skull with actuators for manipulating tongue and jaw positions. By
carefully adjusting the lips, when a bellows forced air through the windpipe
a small set of words could be created. In the 50’s we have the first electri-
cal, hardware-based vocal tract analogs, that were static [14], [15], and the
first articulatory synthesiser with dynamic model was “DAVO” (Dynamic
Analog of the VOcal tract) [16], which was controlled by tape recordings of
handcrafted control signals. The first computer simulation was presented by
Kelly [7] in 1962 and Umeda [16] in 1968 presented the first full TTS system
for English. Based on a syntactic analysis module with complex heuristics
and an articulatory model, a given sequence of phonemes was transformed
into vocal tract shapes, duration, and pitch signals. Its output was rather
intelligible but monotonous. The first software articulatory synthesiser was
“ASY” [17] developed at Haskins Laboratories in 1981. Modern examples are
“CASY” [18] and the use of “ArtiSynth” [19]. “CASY” matched midsagittal
vocal tracts to actual magnetic resonance imaging (MRI) data, and used these

1 pleasant sounding pronunciation of words - in Greek
2 kinda creepy though
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data to construct a 3D model, whereas “ArtiSynth” was a 3D biomechanical
toolkit, initially designed for modelling the human vocal tract and to which
upper airway simulations was added later for sound production.

Although articulatory synthesis provides a “physical” understanding of
the artificial speech production, there are two considerably difficult prob-
lems in the articulatory speech synthesis approach. First is the generation of
the control parameters, and second is the balancing between accuracy and
easy design. More accurate the model is, the closer it follows the human
physiology but at the same time it becomes more difficult to control, requir-
ing great computational power. Similarly, the simpler the model, the easier
it is to compute and control but it results in poor speech quality compared
to other synthesis methods. Therefore it is not used in high-quality speech
generation, and is not considered to be the best solution for TTS systems.

2.1.2 Formant synthesis

Formant synthesis, also known as rule-based synthesis, was the first electrical
or computer-based synthesis technique [20]. In this approach, the creation of
synthesised speech is based on subtractive synthesis and acoustic-phonetic
model. No human speech samples are used at runtime, the parameters used
for the synthesis of the output are fundamental frequency, voicing, and noise
levels that vary over time [21]. The synthetic waveform produced is intelligi-
ble but it sounds robotic and artificial, therefore it is easily distinguishable
from human speech [22]. A typical formant synthesiser structure is shown
in Figure 2.1.

nasal & oral cavity

& i ( o
P L I~ I % synthesised
9 l —_— F |— ‘ l speech
5 E\> | ] ![>) radiation [>
a i ' |
source | = | lip/nose | | speech
volume | —>|F,|=> F, |= F; —> | volume l\ | pressure
velocity k VOLOCIY  oesemeemian waveform

Figure 2.1: A block diagram of a basic formant synthesiser, either parallel or serial.

Formant synthesis was the dominant technique until the early 80’s and
we have examples since the beginning of the 20’s. In 1922 Stewart [16] pre-
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sented the first full electrical synthesis device able to generate single static
vowel sounds with two lowest formants, although neither consonants nor
connected utterances were feasible. In the mid 30’s Bell Labs developed “The
Vocoder” [7], which was then interfaced by Dudley creating “The Voder”
[6]. Indeed, a keyboard and foot pedal were employed to control a set of
linearly spaced bandpass frequency generators. It was first demonstrated
at the World’s Fair in 1939 by operators who had trained continuously for
one year in order to drive the system and learn to speak with hand ges-
tures. In addition to the obvious contribution in the speech synthesis com-
munity, “The Voder” shows also that using hand gestures to drive a speech
synthesis system is a difficult task, which often requires lengthy training pe-
riod. In 1951 Cooper developed the “Pattern Playback” [16] synthesiser at
the Haskins Laboratories, which converted recorded spectrogram patterns,
either the original or stylised hand-painted formant patterns, into sounds.
One year later, Fant presented “OVE I” (Orator Verbis Electris) [23], which
was a hand-controlled system enabling the manipulation of fundamental fre-
quency as well as the first and second formant. It was able to produce rather
natural vowels and simple sentences. Then in 1953 Lawrence presented the
“PAT” (Parametric Artificial Talker) [16], the first formant synthesiser (three
electronic formant resonators connected in parallel), where painted patterns
were converted into six time functions to control the three formant frequen-
cies, voicing amplitude, fundamental frequency, and noise amplitude. In
1961 we have the vocoder-based “Daisy Bell” song3 [7]. In 1962 “OVE II”
[10] made it possible to synthesise unrestricted connected speech and in
1975 it was interfaced by a language and phonetics program [24] bringing a
major breakthrough in the speech synthesis domain. In the late 70’s we have
“Speak & Spell” from Texas Instruments [10] and “MITalk” system [16] as
applications of the formant synthesiser, while in the 80’s the “Klattalk” [25]
and the “MITalk” system formed the bases for a complete software applica-
tion: the “DECTalk” - Digital Equipment Corporation (DEC) [25].

The main two advantages of formant synthesisers are that they are mem-
ory efficient without the need of big computational power and they are small
programs, since there is no need of a pre-recorded speech database. Conse-
quently, formant synthesisers are easily embedded in systems where mem-
ory and processor power are especially limited. Although formant synthesis

3 First computer to sing - Daisy Bell (visited June 2014):
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is intelligible and provides high controllability, the final speech output does
not sound natural. This is due to the fact that source and filter models are
rather simplistic and do not use real speech samples during synthesis, hence
missing the subtleties of human speech.

2.2 SYNTHESIS BY CONCATENATION

In the case of articulatory synthesis it is evident that the limitations come
from the complexity of the models for the speech production. The simple
models with fair controllability give poor output quality while more com-
plex models increase the output quality in exchange of more complicated
or demanding controls. Similarly, in the case of formant synthesis we are
limited because the user input specification corresponding to the paramet-
ric representation of the system is highly complex and overwhelming for a
human user, even if we refer to an “expert” user. We realise that building a
waveform “from scratch” is a very demanding task that leads to intelligible
but not so natural-sounding output. A technique attempting to get around
these limitations is a data-driven approach; concatenative speech synthesis.
By concatenating small segments of pre-recorded human speech the final
waveform is produced. Generally, this method gives the most natural results,
but sometimes due to unhandled variations in human speech it can result in
audible defects.

2.2.1  Diphone synthesis

A diphone is defined as the smallest segment of sound that contains the
coarticulation information for human voice production. Indeed, a diphone
is the segment that goes from the stable part of a phoneme to the stable part
of the next one. In diphone synthesis a minimal human speech database
is used that contains all the diphones that can occur in a given language.
In the diphone database, only one occurrence of every diphone is present.
Besides, in most advanced approaches is labeled with pitch-marks indicating
the pitch-periods. In fact, such databases are speaker dependent, with sizes
around a few megabytes of recorded data [26]. At runtime, the targeted
output is created by concatenating the diphones from the database. For the
diphone concatenation different signal processing techniques are employed,
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such as TD-PSOLA [27] or MBROLA [9]. In Figure 2.2 we see how we move
from phones, to diphones, and then how these diphones are concatenated to
generate the target, in this case “hello”.

(DI O 86

phones of a language diphones of a language

"hello"
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—X~ s
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diphones concatenation [eg. PSOLA, MBROLA]

Figure 2.2: How diphones are concatenated to create the target word “hello” [33].

In the 90’s we have application examples such as the “CNET PSOLA” syn-
thesiser, one of the most promising methods for concatenation synthesis at
the time, which resulted in a commercial product called “ProVerbe TTS sys-
tem”. MBR-PSOLA is a method like PSOLA, aiming at improving the qual-
ity of the concatenation with spectral methods. MBROLA is the software
resulting from this research that its target was”to obtain a set of high-quality
speech synthesisers for as many languages as possible, free for use in non-
commercial applications as well as to boost up academic research on speech
synthesis, and particularly on prosody generation” [28]. Also early version
of “Festival Speech Synthesis System” [8] and later versions of “Infovox 330"
were based on diphone concatenation of pre-recorded samples of speech.
Singing synthesisers, such as “Lyricos” [29] and early versions of “Vocaloid”
[30] were based on this speech synthesis approach. However, the disadvan-
tage of diphone-based synthesis is that the quality of the final output is de-
graded compared to other concatenative synthesis approaches. Additionally,
the synthetic speech sounds robotic and without expression.

19



20

SPEECH SYNTHESIS

2.2.2  Unit selection synthesis

Unit selection synthesis uses very large databases of pre-recorded human
speech. The bigger the database is, the better the coarticulation is captured,
which improves the naturalness of the synthetic voice produced. Addition-
ally, the quality of output derives directly from the quality of recordings.
Often the database can contain dozens of hours of recorded speech [31], [32].
Actually unit selection synthesis is very similar to diphone synthesis, but in-
stead of using a speech database containing one occurrence of every diphone
in a targeted language, this database is enriched with other phonetic units,
e. g. triphones, syllables, etc. In brief, during the creation of the database, ev-
ery utterance is segmented into various levels, such as half-phones, individ-
ual phones, diphones, syllables, morphemes, words, phrases, even full sen-
tences. After the segmentation of the database, the units are indexed based
on acoustic parameters like the fundamental frequency, duration, position
in the syllable, and neighbouring phones. In order to produce the targeted
phonetic output at run time, the best candidate chain of units is found by
a compromise between a target cost (distance between target and unit) and
a concatenation cost (distance between consecutive units) [33]. Figure 2.3
gives a graphical illustration of how diphones, syllables, words or any other
linguistic unit are concatenated to create the target phrase.

In the 90’s “ATR v-talk” [34], “CHATR” [35] and later versions of “Fes-
tival Speech Synthesis System” were the first systems synthesising speech
based on the unit selection approach. Since then, unit selection techniques
have evolved to become the dominant approach to speech synthesis. From
the aspect of singing synthesis, a high-quality singing system, based on unit
selection, was created by Meron [36]. It used a MIDI keyboard and sup-
ported subtle musical gestures such as vibrato or consonant/vowel articula-
tion. In 2000, followed “Vocaloid” [30], a concatenative singing synthesiser.
“Vocaloid” is actually able to produce realistic singing voices incorporating
also expressions like vibrato. “CataRT” (Real-Time Corpus-Based Concate-
native Synthesis) [37] used a large database of source sounds and is applied
for high level instrument synthesis, artistic speech synthesis, as well as inter-
active exploration of synthesis in general.

The unit selection method provides the greatest intelligibility and natural-
ness, and sometimes if the output is tuned, it is even indistinguishable from
real human speech. On the other hand, to achieve high naturalness, there is
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Figure 2.3: Graphical illustration of how diphones, syllables, words or any other
linguistic unit are concatenated to create the target phrase.

need for very large databases with high and constant quality of the record-
ings. However, recording large high-quality databases with sufficient phone
variations is very difficult and costly [38]. Also, unit selection algorithms
function as black boxes, where any parameter manipulation degrades the
quality of the output. This results in non-parametrisable and totally content-
oriented and speaker-dependent speech production without any possible
on-the-fly influence and low-level controls from the user.

2.3 STATISTICAL PARAMETRIC SYNTHESIS

For the past decade, another data-driven approach, called statistical paramet-
ric speech synthesis, has grown in popularity in the speech synthesis domain.
Statistical parametric speech synthesis does not use real speech samples at
synthesis time in direct contrast to concatenative synthesis. Instead it uses
the knowledge contained in the pre-recorded speech database. The database
is analysed and various production features are extracted. Then the extracted
features are used to train a statistical model, and the targeted speech wave-
forms are generated from the models themselves based on the maximum
likelihood criterion [3]. This results in a system with small synthesiser foot-
prints, it gives more flexible control of synthesis methods combined with
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good speech quality, and possibilities for portable applications. Moreover,
since it is a statistical method, mathematically well defined, it introduces
more flexible control separately over the spectrum, fundamental frequency
and duration of the artificial speech. For example, model adaptation (mim-
icking voices) [39], model interpolation (mixing voices) [40] or eigenvoices
(producing voices) [41] techniques allow the manipulation of voice character-
istics, speaking styles and emotions [3]. On the other hand, the fact that there
are no real speech samples to be used during the synthesis time introduces
degradations in the final speech quality compared to the unit selection ap-
proach, but not as much as in diphone or formant-based synthesis methods.

During the last years, the HMM-based speech synthesis system (HTS) [4]
has become a dominant tool in the speech synthesis domain, and many re-
search teams have proposed various methods in order to improve the output
quality and increase the controllability on different aspects of the generated
output [2], [3], [4]. Actually, HTS is the first complete system for statisti-
cal parametric speech synthesis using hidden Markov models (HMMs) as
statistical model. Extended description of the HTS system is given in Chap-
ter 3. Briefly, in HTS the pre-recorded speech database is analysed and pro-
duction features, such as fundamental frequency, spectrum, duration of the
phonemes, as well as first and second time derivatives of these features are
extracted. These features are modelled simultaneously by HMMs for each
phoneme. At synthesis time, the HMM models of each phoneme in the tar-
get sentence are concatenated, and synthetic speech spectral, pitch, and dura-
tion trajectories are generated from HMMs themselves based on a maximum
likelihood criterion, regarding a given target. Figure 2.4 illustrates the basic
architecture of HMM-based speech synthesis system [2], which consists of
two main parts, training and synthesis.

2.4 DISCUSSION

In this Chapter we present briefly the history of the speech synthesis do-
main. We detailed the main synthesis approaches, i.e. techniques based on
vocal tract models, unit concatenation or statistical representation of speech,
along with several application examples, dating from the XVIIIth
until today. Figure 2.5 illustrates the most representative examples and tech-
niques in speech synthesis. We present the advantages and drawbacks of ev-

century
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Figure 2.4: Block diagram of the HMM-based speech synthesis system [2]. Top
(training part): features are extracted form speech database and used
for training of models. Bottom (synthesis part): models are used to gen-
erate synthesis parameters corresponding to input phonetic labels. These
parameters are then used to synthesise speech samples.

ery approach in order to demonstrate that the lack of interactivity in speech
synthesis can be better tackled based on the statistical parametric techniques.

Actually, we are interested in comparing two characteristics in every ap-
proach, the final speech quality and the interactive controls. We want a sys-
tem that is able to provide reactive controls over every production level of
the artificial speech combined with high speech quality. However, one may
notice the lack of such a system. On the one hand we have systems that are or
can be interactive (e. g. “The Voder” or “OVE”), but the output quality is not
very natural (i. e. vocal tract model synthesis). Although, the control parame-
ters provide a “physical” and meaningful interpretation to the user, building
a waveform “from scratch” is a demanding task, requiring in most cases long
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Figure 2.5: Some of the most representative examples and techniques in speech syn-
thesis domain.

training periods. On the other hand, we have systems, mainly based on con-
catenative approaches, that have good output quality but lack in flexibility
and controllability (e.g. “Vocaloid”). Such systems have “natural” sounding
output but they demand the creation and use of large databases (i. e. expen-
sive and large memory capacities are required), they are not so flexible and
in most cases require offline processing. In-between these two cases, there is
the statistical parametric synthesis, where the output quality is good. It is a
flexible system requiring small computation and memory capacity. Nonethe-
less it is also based on an offline approach, not enabling realtime controls.
Ideally, we would like to have a system as reactive as the formant-based
system but preserving the quality of the unit selection approach. Compared
to other systems, the main advantage of HTS is its output quality combined
with its flexibility, even if it is not initially built to be embedded into reac-
tive designs. Interpolation techniques enable us to synthesise speech with
various voice characteristics, speaking styles, and emotions that were not
included in the natural speech database used for training our system and
by applying multiple regression we can further control these voice charac-
teristics. Additionally, HTS has a small number of tuning parameters; it is
based on statistical principles and it uses the source filter representation of
speech, providing the flexibility to control and modify the spectrum, funda-
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mental frequency and duration of speech separately. Furthermore, a small
amount of training data is enough to create statistical parametric speech
synthesis systems, which leads to a very small footprint. HTS has also a
memory-efficient, low-delay speech parameter generation algorithm and a
computationally efficient speech synthesis filter.

All these characteristics, make HTS suitable not only for static embedded
applications and mobile devices, such as Text-To-Speech applications but
also potentially for realtime performative speech and singing synthesis, vo-
cal expressivity and interaction. We want to bring HTS into reactive designs
and explore all the above features in a reactive framework. We aim at build-
ing interactive application that involve and engage users and can be used
for gaming, performances and of course further research.
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One of the most important means of human communication is speech. We
see that people have been interested in producing speech in ways other than
the human vocal apparatus. A great number of efforts to artificially produce
speech can be found in the literature, taking advantage of the best available
technology at the time. Historically there are mechanical, electrical and of
course computer-based approaches, all aiming at generating natural, intelli-
gible and expressive speech. Techniques such as unit selection and waveform
concatenation, have been shown to be able to generate intelligible and nat-
ural sounding speech. This is mainly due to the increasing computational
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and memory capacities of the computers as well as the increasing availabil-
ity of large speech databases. However, since these systems are based on
large, speaker- and style-dependent databases, it is not easy to control voice
characteristics, prosodic features, speaking styles and emotional expressions.
Also, building a database containing all the desired features for a speaker
is costly and time-demanding. It would be more realistic that the required
speech data is as little as possible and easy to obtain, in order to create a
new voice, emotion or style.

The need for higher control over speech variations and smaller database
footprint led in the late 90’s to another data-driven approach called statisti-
cal parametric speech synthesis [42]. In statistical parametric speech synthesis,
a time-series stochastic generative model is used in order to model several
speech parameters. When a hidden Markov model (HMM) is used as a gener-
ative model, then this approach is called HMM-based speech synthesis. HMM-
based speech synthesis is one of the major approaches used in speech syn-
thesis research and development in the past decade. Briefly, in this method,
linguistic specifications and acoustic parameters are used to train the HMMs,
which are then used to generate spectral and excitation parameters based on
given linguistic context and drive a vocoder in order to generate a speech
waveform. Since no real speech samples are used during synthesis, the out-
put quality is lower than the one of unit selection. However, the quality of
HMM-based synthetic speech has been improving [43], [44] and many con-
trol techniques have been proposed [39], [45].

Since our research is based on the HMM-based speech synthesis, this chap-
ter gives a more detailed overview of the method. In Section 3.1 we detail the
statistical model - HMM - used in HMM-based speech synthesis approach.
In Section 3.2 an extended description of the system used in this study is pre-
sented, while Section 3.3 presents briefly the application of the HMM-based
synthesis framework in fields beyond speech. Finally, Section 3.4 discusses
the presented method.

3.1 HIDDEN MARKOV MODELS

In HMM-based speech synthesis, a HMM is used as a statistical time se-
ries model. A hidden Markov model is a finite state machine which gener-
ates a sequence of discrete time observations. It changes states at each time
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unit (i. e. here frame), according to state transition probability distributions,
and then according to the current state’s output probability distribution an
observation 0t is generated at time t. By definition, an N-state HMM is
characterised by the state transition probability matrix A = {aj; }]i\,'j:], the
output probability distributions B = {b;}]\;, and initial state probabilities
M= {m}]i“:] . Hence, the parameters of an HMM A are denoted as

A= (A,B,T) (3.1)

A= ({ay o bl fmiily) (3-2)

Figure 3.1 illustrates a typical structural example of a 3-state left-to-right
HMM. In this HMM topology, the state index increases or remains the same
for every time unit. Generally, such HMMs (i. e. typically 5-state left-to-right)
are used to model speech parameter sequences since they are suitable to
model time changing signals, such as speech.

11 azz

0 O
O M1 ;? aiz_ az3 ;? ;O

b1(o) bz

DS

—

0) bs(0)
Figure 3.1: A typical structural example of a 3-state left-to-right HMM.

For simplicity the output probability distribution bi(0) of the observa-
tional data o of state i is assumed to be a single multivariate Gaussian dis-
tribution and thus defined as

bi(ot) = N(ot; uy, Zi) (3-3)

where p; and X; are the mean vector and covariance matrix respectively. o
is an observation vector of the speech parameters of frame t.
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Let g = (q1,92,...,qT) be a state sequence and O = (07, 02,...,07) be an
observation sequence, both of length T. Then, given the HMM A, P(O|q, A)
can be calculated by multiplying the output probabilities of each state, as

T T
P(Olg,A) = [ [ Plotlge,A) = [ [ bqt(od) (3-4)
t=1 =

Given an observation sequence O = (07, 02, ..., 07) it is interesting” to find
the best state sequence § = (g1, q2,...,q1). For instance, by using the joint
probability of the observation sequence and the most likely state sequence
P(O, g|A) the real probability P(OJ|A) can be approximated.

P(OIA) = ZP (0, A) = max P(O, gA) (3.5)

It is difficult to determine A which globally maximises likelihood P(OA)
for a given observation sequence O in a closed form. Actually, this prob-
lem is an optimisation problem from incomplete data including the hidden
variable q and there is no known way to analytically solve it. The model pa-
rameter set can be found by satisfying a certain optimisation criterion such
as maximum likelihood (ML) as follows:

A= argmax P(OJA) = argmax Z P(O, q|A) (3.6)
A A
q

However, by using the expectation-maximisation (EM) algorithm, which
conducts optimisation of the complete dataset, it is possible to obtain a
model parameter set A which locally maximises P(OJA). This optimisation
algorithm is often referred as the Baum-Welch algorithm.

3.2 HMM-BASED SPEECH SYNTHESIS

The basic concept of a typical statistical parametric speech synthesis sys-
tem is straightforward. First given a speech database, we extract parametric
representations of speech, such as spectral and excitation parameters O cor-
responding to several linguistic specifications W (such as phoneme labels)

1 For applications such as decoding, HMM parameter initialisation, etc.
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[Section A.1], [Section A.2]. Then the extracted features are modelled by us-
ing a set of generative models (e.g. HMMs A). A maximum likelihood (ML)
criterion is usually used to estimate the model parameters A, as in Equa-
tion 3.7. We then generate speech parameters 0, as in Equation 3.8, for given
linguistic specifications w to be synthesised, from the set of estimated mod-
els A, in order to maximise their output probabilities. Finally, a speech wave-
form is reconstructed based on the generated parametric representations of
speech?.

Training:
A = argmax P(O[W, A) (3.7)
A
Synthesis:
0 = argmax P(olw,A) (3.8)

o

3.2.1 Speech parameter generation

In order to directly generate the optimal speech parameter sequence from
the HMMSs by means of maximum likelihood, we need to obtain a speech
parameter vector sequence o of length T

o=[o],0],..07] (3.9)
in such a way that

P(oA) =) P(o,qlA) (3.10)
q

is maximised with respect to o, where

q={d1,92,...q1)} (3.11)

This maximisation can be approximated by solving the following prob-
lems, as detailed in [46]:

In statistical parametric speech synthesis any generative model can be used, however when using HMMs
the method is well known as HMM-based speech synthesis
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Condition 1. For given A and ¢, maximise P(o|q, A) with respect to o
Condition 2. For given A, maximise P(o, q|A) with respect to 0 and q

Condition 3. For given A, maximise P(o|A) with respect to o

The maximisation of Condition 1 can be approximated

6 = argmax P(olw, A) (3.12)
o
= argmax Z P(o, qlw,A) (3.13)
~ argf)nax m;x P(o, qlw,f\) (3.14)
= argf)naxm(?x P(q/w,A) - P(olq,A) (3.15)
A argmax P(olq,A) (3.16)
= arg:naxN(o; M, u) (3.17)
o

where M = [u;,p.gz,..., ugT] and U = diag[Ugq,,Uq,,..., Uq;] are respec-
tively the 3M x 1 mean vector and 3M x 3M covariance matrix of ¢, where
M is the length of one observation vector o;. The state sequence §, is the
best state sequence for a given linguistic specification

g = argmaxP(glw, ) (3.18)
q
Note here that Condition 2 and Condition 3 algorithms in [46] respectively
maximise Equation 3.14 and 3.12

3.2.2  Incorporating dynamic features

From Equation 3.10 to Equation 3.18, the generated parameter vector at
frame t, 0¢ is obtained independently of preceding and succeeding frames.
Consequently the speech parameter sequence o that maximises Equation 3.10
can be determined simply as a sequence of mean vectors, p;, of the optimal
state . However, the transition from one state to another will be abrupt,
presenting a discontinuity. Such an assumption does not fit the properties of
human speech, where variations are smooth and not so abrupt from frame to
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frame. Actually this may cause discontinuities in the generated sequences of
spectral parameters, and therefore degrade the quality of the speech output.
In order to generate realistic speech parameter trajectories without voice dis-
continuities, the parameter generation algorithm incorporates relationships
between static and dynamic features as constraints for the maximisation
problem.

Let o be a vector of length 3M that consists of the static feature vector
ct = leer, ¢z, ceml’ (e cepstral coefficients), of length M, and its dy-
namic feature vectors Acy (i.e. delta or velocity of the cepstral coefficients)
and AZc; (i.e. delta-delta or acceleration of the cepstral coefficients)

0y = [ct,Act,Azct] (3.19)

Similarly, for pitch we have the static feature vector p; (i.e. the value of
pitch), and its dynamic feature vectors Ap, (e. g. delta or velocity of the pitch)
and A?p, (i.e. delta-delta or acceleration of the pitch). Figure 3.2 illustrates
an observation vector of each frame, containing static and dynamic features
of both spectral and excitation parameters.

spectrum excitation

spectral K-/\f\) log FO \_/\‘/\_)

parameters dynamic dynamic
features features

Figure 3.2: Example of an observation vector of each frame [2].

The dynamic feature vectors are calculated by linear combination of the
static feature vectors using several frames around the current frame, as

L
Acy = Z W(1)(T)Ct+r (3-20)
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(2)

L+
Aei= ) w(T)cgq (3.21)

=1
Then the relationship between o and ¢ can be arranged in matrix form as
o=Wc (3.22)
where ¢ = [C1T,c£, ey CHT is a static feature sequence, W is a matrix that
appends dynamic features to ¢, with

W = [w1,W2,W3]T (3.23)
0 1 2
wi = W%, Wi wi?) (3-24)
W™ = [OMxM, - OMxms
~—
1st
W (L™ vt oo W (0 e m, oo W™ (L) Tnem,
(3-25)
(t—L™)-th t-th (t+L")-th
OMx M, -+ OMxm] T
—
T-th
0y _ y(0) _ (0) _ .
where L7 = L' = 0 and wy ' = 1. OMxm and Inxm are respectively

M x M zero and identity matrices.

Under the condition of Equation 3.22 maximising P(o|q,A) with respect to
o for a fixed state and mixture sequence ( is equivalent to that with respect
to c. By setting

0 log P(Wc|q, )
oc

=0 (3.26)
we obtain a set of equations:
wiu'we=wTu-'m’ (3.27)

In order to have a direct solution of Equation 3.27 we need O(T3 x M3)
operations since WTU™'MT is a TM x TM matrix. However, by taking into
account the structure of WU ~'MT, Equation 3.27 can be solved by the
Cholesky decomposition or the QR decomposition or by an algorithm de-
rived in [46], which can operate in a time-recursive manner [47].
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3.2.3 Training

As commented earlier and illustrated in Figure 2.4, a basic HMM-based
speech synthesis system consists in the training and the synthesis phase.
The training part performs the maximum-likelihood estimation of the HMM
parameters, as shown in Equation 3.7. Although this process is very similar
to that for speech recognition, there are several differences that need to be
noted. First, we extract both spectrum, e. g. mel-cepstral coefficients [48] and
their dynamic features and excitation parameters, e.g. FO and its dynamic
features simultaneously from a natural speech database. Typically in auto-
matic speech recognition systems (ASR) only spectral parameters are mod-
elled using continuous distributions. The extracted spectrum and excitation
parameters are modelled by a set of multi-stream context-dependent HMMs
[49]. Since FO values are not defined in the “unvoiced” regions, we cannot ap-
ply the conventional discrete and continuous HMMs to FO modelling. Many
methods have been proposed for the FO sequences modelling [50]. However
HTS uses multi-space probability distributions [51]. A typical multi-space
probability distribution for FO patterns consists of a continuous distribution
for voiced frames and a discrete distribution for unvoiced frames. It is impor-
tant to highlight that in order to keep the synchronisation between spectral
and excitation parameters, they are modelled simultaneously by separate
streams in a multi-stream HMM [49]. In order to fully describe speech spec-
trum and excitation are not enough, phoneme durations also must be mod-
elled. Typically in HMM-based speech synthesis, a semi-Markov structure
is used in which the distribution of state duration (temporal structure) is
approximated by a Gaussian distribution [49].

Another difference is that not only prosodic but also linguistic contexts
are taken into account in addition to phonetic ones. HMM-based speech
synthesis uses various linguistic contexts such as lexical stress, pitch accent,
etc. for the context-dependent modelling of HMM s [52]. Spectral parameters
are mainly affected by phoneme information but excitation and duration
parameters may be affected by supra-segmental linguistic information. For
example, the contexts used in the HTS English recipes [4] are detailed in
Section A.2.

By introducing prosodic and linguistic contexts in addition to phonetic
ones, the contextual factors become too many in relation to the amount
of speech data available. Indeed, as the desired contextual factors increase,
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their combinations increase exponentially. Thus, given the limited amount of
training data3, the context-dependent HMM parameters cannot be estimated
with enough accuracy. In order to tackle this problem and be able to estimate
model parameters more robustly, we apply state-tying techniques to cluster
similar states and to tie model parameters among several context-dependent
HMMs. As the spectral, excitation and duration parameters have different
context dependencies, they are clustered separately by stream-dependent
decision trees [42].

A phonetic decision tree is a binary tree [see Section A.4] in which a yes/no
phonetic question [see Section A.5] is attached to each node. Initially, all
states in a given item list are placed at the root node of a tree. Depending
on each answer, the pool of states is successively split and this continues
until we reach the leaf nodes. All states in the same leaf node are then tied.
The question at each node is chosen, among a long list of all the possible
questions, to (locally) maximise the likelihood of the training data given the
final set of state tyings. Further references and detailed explanations can be
found in [53].

3.2.4 Synthesis

Once the training phase is complete, the synthesis part is able to generate tar-
geted speech parameters from the HMMs themselves and finally synthesise
the corresponding waveforms, as shown in Figure 2.4. The synthesis part per-
forms the maximisation of Equation 3.8, which is also the inverse operation
to speech recognition. The text to be synthesised is first converted into a se-
quence of context-dependent labels. These context-dependent labels have the
format presented in Section A.1 and contain the contextual factors described
in Section A.2. They are used to navigate the context-dependent decision
trees, as illustrated in Section A.4 and retrieve the context-dependent HMMs.
Once retrieved, an utterance HMM is constructed by state concatenation. The
duration of each state is determined to maximise its probability based on its
state duration probability distribution. Then, the speech parameter genera-
tion algorithm generates the sequences of spectral and excitation parameters
from the utterance HMM. There are several variants of the speech parameter

It is practically impossible to prepare a set of speech data including all the possible combinations of
these factors.
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generation algorithm but typically the Case 1 [46], (here referred as Condi-
tion 1 and detailed in Section 3.2.1, Equation 3.27), is used. Finally, from
the generated spectral and excitation parameters the corresponding speech
waveform is synthesised by means of a speech synthesis filter, e. g. mel log
spectrum approximation (MLSA) filter [54]. Figure 3.3 illustrates a schematic
representation of the HMM-based speech synthesis phase, when incorporat-
ing both static and dynamic feature constraints. This results in smooth rather
than piece-wise parameter trajectories.

8-
— —8~_&
8- _8.
T = 8- -~ N

static
features

delta
features

Figure 3.3: Overview of HMM-based speech synthesis scheme [3].
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—8—
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It is important to highlight here that the synthesis part is a realtime process.
Indeed the parameter generation and the speech waveform synthesis are
completed faster than the duration of the corresponding speech. However,
since we need to create an utterance HMM, this means that the full text of
the targeted utterance is required and consequently all its context-dependent
labels. Therefore here, the smallest accessible unit is the utterance itself. In
this work we target to reduce the accessible time to much smaller units, such
as phonemes or even frames and provide realtime controls.
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3.2.5 Advantages

Most of the advantages of statistical parametric synthesis against the other
synthesis methods detailed in Chapter 2 are related to its flexibility due
to the statistical modelling process combined with intelligibility and natu-
ralness. Due to its statistical nature, techniques such as adaptation, inter-
polation, multiple regression and multilingual support are mathematically
defined. By applying these methods we can achieve control over voice char-
acteristics, speaking styles and emotions. Here we detail these advantages.

Adaptation

Speaker adaptation is a technique that allows us to mimic voices. Actually,
it enables us to transform existing speaker-independent acoustic models to
match a target speaker using a very small amount of its speech data [39].
Speaker adaptation can be performed by adapting an “Average Voice Model”
(AVM) to a specific target speaker or to a new speaking style or emotion.
An AVM is a “canonical” speaker-independent HMM where inter-speaker
acoustic variation is normalised using speaker-adaptive training (SAT) [39].
The model adaptation techniques, such as Maximum A Posteriori (MAP)
[55] and Maximum Likelihood Linear Regression (MLLR) [56], come from
the field of speech recognition.

MAP estimation takes advantage of the prior knowledge about the dis-
tributions of model parameters. Indeed, if before observing any adaptation
data, we know what are the parameters of the model are likely to be we can
use limited amount of adaptation data. The MAP estimate of an HMM, A, is
defined as the mode of the posterior distribution of A as

A= argmax{P(A|O, W)} (3.28)
A

= argmax{P(O, A|W)} (3-29)
A

— argmax{P(O|W,A) - P(A)} (3.30)
A

where P(A) is the prior distribution of A. However, in case of sparse adap-
tation data, since every Gaussian distribution is individually updated many
model parameters may not be modified. As a result, during synthesis the
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adapted characteristics (speaker identity, style, emotion, accent, etc.) alter-
nate between the general and targeted voice within a single utterance.

Adaptation can also be accomplished by using MLLR, which is one of the
most important recent developments in speech recognition since it can re-
duce acoustic mismatch between training and test data. Here, a set of linear
transforms is used to map the existing AVM into the new targeted model,
so that the adapted model approximates the given adaptation data in the
best way. However, since the amount of adaptation data is limited, a regres-
sion class tree is normally used to cluster the Gaussian components based
on acoustic similarity and to share the same MLLR transform. The state-
output distributions (i.e. spectral, excitation and duration parameters) of
the adapted model set are obtained as

bi(ot) = N(o; iy, £4) (3-31)
0 = Arq + by (3-32)
£i=H];ZiH, (3-33)

where fi; and £; are the linearly transformed mean vector and covariance
matrix of the it" state-output distribution. Ay, Hyi) and b,y are the
mean linear-transformation matrix, the covariance linear-transformation ma-
trix, and the mean bias vector for the r(i)'" regression class respectively. If
the same transform matrices are used for both the mean vectors (A) and the
covariance matrices (H) of the state output probability, then the method is
called constrained MLLR (CMLLR) or feature-space MLLR.

Model adaptation is a very attractive feature of HMM-based speech syn-
thesis, since with small amounts of training data new voice models can be
built. Prior to the development of these techniques a completely new voice
model had to be built from scratch. Such a task requires hours of annotated
speech recordings from a speaker, while with adaptation methods some min-
utes of recordings are enough to create a new speaking style, identity, accent,
emotion, etc.

Interpolation

The model interpolation technique enables us to mix voice characteristics of
existing model sets. Indeed we can generate synthetic speech having inter-
mediate voice characteristics among two or more representative pre-trained
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stylistic models. The generated speech from model interpolation has a cer-
tain style initially not contained in the database. The idea of model inter-
polation was first proposed to voice conversion and then applied to HMM-
based speech synthesis, where HMM parameters are interpolated among
some representative HMM sets [40]. Figure 3.4 illustrates the general idea of
the interpolation technique. This technique allows us to synthesise speech
with various voice characteristics [40], speaking styles [57], dialects [58], and
emotions not included in the training data.

Figure 3.4: Stylistic space (e. g. speaker identity, accent, emotion, identity, etc.) mod-
elled by HMM sets {A;}. Here, {I(A, A;)} denotes interpolation ratio [3].

As it has been shown in [40], it is possible to synthesise speech with in-
termediate voice characteristics of two speakers by simply interpolating the
models of these two speakers. It also proposes three interpolation methods:

e interpolation between observations;

e interpolation between output distributions of HMM states taking ac-
count of state occupancies;

e interpolation based on Kullback information measure;

However, in this work we adopted the second method, and further details
can be found in Chapter 5. It is important to highlight here that this is a
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mathematical interpretation of the interpolated combinations. Even though
we can create intermediate voice characteristics and styles given pre-trained
models and the new model is indeed not included in the initial database, the
actual speech might have different real-word interpretations or realisation.

Eigenvoices

We see that we can mimic (adaptation) or mix (interpolation) voice charac-
teristics, speaking styles, or emotions. However, a problem rises when no
adaptation data are available or determining the desired interpolation ratio
in order to obtain the required voice is difficult. This problem was addressed
by Shichiri et al. by applying the eigenvoice technique based on principal com-
ponent analysis (PCA) to HMM-based speech synthesis [41]. The advantage
of the eigenvoice approach is that it reduces the number of parameters to
be controlled. By controlling only that reduced set of parameters it becomes
easier to manually control the voice characteristics of synthesised speech by
setting the weights. Further details can be found in [3], [41].

Multiple regression

Multiple regression technique is used to intuitively control voice characteristics.
Miyanaga et al. first applied a multiple-regression approach to HMM-based
speech synthesis [59]. In [59] mean vectors of state-output distributions are
directly controlled with small-dimensional auxiliary features.

o =Mg, £=[1,2"]T (3-34)

where M is a multiple-regression matrix and z is an N-dimensional con-
trol vector, z = [z1,...,zn]". M; can be estimated to maximise the likeli-
hood of the model for the training data. Each element of z captures specific
voice characteristics, speaking styles, or emotions and in [59] these auxiliary
features are manually annotated through subjective listening tests prior to
HMM training. By specifying a control vector representing a point in the
stylistic space we can create a voice with the required characteristics. The
idea of multiple-regression technique is illustrated in Figure 3.5, where each
coordinate represents a specific emotion in the emotional space and thus we
can browse the emotions in the synthesised speech. Note here, that this is
just an example, the stylistic space can be emotions, speaking styles, bright-
ness, etc.
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angry

Z= [Zangry, Zsad Zhappy]

I ad
happy
Emotion Space

Figure 3.5: Overview of multiple-regression HMM-based emotion-controlling tech-
nique. Each coordinate of z represents a specific emotion, in this case

angry, sad, happy [3].

This technique was successfully applied to control articulatory features
in the context of HMM-based speech synthesis [60], [61]. In [60], [61] the
type of auxiliary feature are the articulatory features, which actually de-
scribe the continuous movements of a group of speech articulators, i.e. up-
per lip, lower lip, jaw, tongue tongue (dorsum, body and tip) as illustrated
in Figure 6.2. The movement of the articulators is recorded using human
articulography techniques such as electromagnetic articulography. Such an
HMM-based speech synthesis system allows articulatory control of the syn-
thesised speech, providing a more meaningful and tangible interpretation of
speech. It improves the naturalness of synthesised speech and broadens the
flexibility of HMM-based speech synthesis, (e.g. simulate different accents
of a language, approximate foreign loan words, etc.). More details about the
articulatory control of HMM-based synthesis using multiple regression are
given in Chapter 6.

Moreover, it is possible to combine the model adaptation approach with
the regression approach, and thus synthesise speech in large stylistic spaces
without the need of recording large speech databases [45].
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Multilingual support

Since in the framework of HMM-based speech synthesis the only language-
dependent element is the set of contextual factors, it is easy to have mul-
tilingual support. Indeed, once the contextual factors required for a target
language are acquired, then the HMMs can be automatically trained. Such
a key property has allowed the development for more than 40 different lan-
guage systems, by both academic and commercial organisations. A list can
be found in [3]. Within the framework of statistical parametric synthesis, it is
possible to use a multilingual acoustic model from an existing synthesiser in
one language and cross adapt models to the target language based on a very
small set of collected sentences. By allowing multiple speakers and multiple
languages to be combined into single models, multilingual synthesisers can
be easily built [62].

Other

Other advantages of the HMM-based speech synthesis system are its small
footprint and its robustness. Since the parameters stored are the HMMs
themselves, instead of the actual speech waveforms, its footprint is signif-
icantly small when compared to that of a typical unit-selection system. With-
out using any compression techniques, the typical size of a standard system
built is normally less than 2 MB. Thus, such system can easily be used in
mobile and embedded devices, where storage capacities can be an issue.
Moreover, statistical parametric speech synthesis is more robust than unit-
selection synthesis, since it can overcome phonetically unbalanced data, or
noise and fluctuations due to the recording conditions as shown in [63].

Another very interesting feature of this method is that it can employ a
number of useful technologies developed for HMM-based speech recogni-
tion. It provides a unified front-end (text analysis) and back-end (waveform
generation) modules for the text-to-speech system, while keeping them inde-
pendent. Furthermore, HMM-based speech synthesis provides fewer tuning
parameters when compared to the unit-selection synthesis, since it is based
on mathematically well-defined statistical principles. Finally, since it uses
the source-filter representation of speech, the spectrum, excitation, and du-
ration can be modelled, controlled and modified separately, providing high
degrees of flexibility.
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3.2.6  Drawbacks

Although HMM-based speech synthesis system is adaptable, controllable,
robust, flexible and with small footprint, its major drawback is the qual-
ity of synthesised speech, especially when compared against unit-selection.
This quality degradation is due to three main reasons: vocoders, acoustic
modelling accuracy, and over-smoothing. Since a mel-cepstral vocoder with
simple periodic pulse-train or white-noise excitation is used, the final speech
sounds “buzzy”. To tackle this problem, many high-quality vocoders have
been employed across the literature [2].

The spectral representation of speech has also been contemplated [2]. Since
the speech parameters are directly generated from acoustic models, it is im-
portant to model accurately both the acoustic and duration properties of
speech. The accuracy of the modelling directly affects the quality of synthe-
sised speech. The more precise statistical models we use the better the qual-
ity of synthesised speech will be. Another way to improve the model accu-
racy is by increasing the number of parameters. However, higher-complexity
control may result in over-fitting to the training data. Finally, using a differ-
ent model topology than the current five-state left-to-right structure could
improve the speech quality as well [3].

3.3 HMM-BASED SYNTHESIS IN OTHER FIELDS

Although hidden Markov models have been known already for decades,
nowadays they are still in a state of development. We see that they have a
great variety of applications [64], in diverse fields, such as speech recognition
and synthesis, medecine, neurosciences, computational biology, bioinformat-
ics, seismology, environment protection and engineering. In the specific case
of the HMM-based speech synthesis framework we have seen how HMMs
are used to generate speech. However, due to the generative properties of
HMMs and the flexibility that the actual HMM-based speech synthesis sys-
tem provides, many examples beyond speech have been developed. Here
we briefly present examples of singing synthesis [65], audio-visual laughter
synthesis [66] and stylistic gait synthesis [67] based on HMMs.



3.3 HMM-BASED SYNTHESIS IN OTHER FIELDS

3.3.1 HMM-based singing synthesis

As detailed in Section 3.2.5, statistical parametric speech synthesis can sup-
port multiple languages. By assuming that singing is like any other language,
we can construct a singing synthesiser. However, in order to define it, it is
necessary to introduce linguistic factors such as musical notes and lyrics [65].
For example, the contextual information used for a singing voice synthesis
system can be found in Section A.3. More specifically, in order to construct
a basic singing system, the initial speech database has to be replaced with
a database of singing and the corresponding musical notes. By adding the
extra contextual information a singing synthesis system can be constructed
similarly to the initial HMM-based text-to-speech synthesis system. An ex-
ample of an HMM-based singing speech synthesiser is “Sinsy” [65].

3.3.2 Audio-visual laughter synthesis

Another example of using the the HMM-based speech synthesis framework
in a context different than speech is presented in [66] and [68], where Urbain
and Cakmak respectively present the audio and visual HMM-based laughter
synthesis. As explained before, HMM modelling being known for its flexibil-
ity and its ability, it can be used for the synthesis of non-verbal vocalisations,
such as laughter.

Traditional HMM-based speech synthesisers use pulse train or white noise,
during voiced and unvoiced segments respectively. However, here in order
to reduce buzziness in the synthesised vocalised segments of the waveforms,
the authors used STRAIGHT [69] for the feature extraction and the Deter-
ministic plus Stochastic Model (DSM) [70] source model for synthesis. As
with singing, an audio laughter database was recorded and a set of con-
textual factors had to be defined. Several other approaches of HMM-based
laughter synthesis have been implemented [71], and evaluated, but the best
obtained results are when STRAIGHT is used for the feature extraction, DSM
for synthesis with the duration predicted by HTS.

Furthermore, the speaker-dependent training of HMMs can be applied
not only to audio but also visual laughter synthesis. Audio and visual laugh-
ter are synthesised as separate modalities with a forced durations and then
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combined together to render audio-visual laughter on a 3D avatar*. For that
purpose, database designed for laughter synthesis is used: the AV-LASYN
database [72]. The AV-LASYN database contains synchronous audio-visual
laughter recordings from one male subject. Both audio and visual models
were obtained separately, with a process similar to the one used in speech.
However it is important to note here that motion data have higher dimen-
sionality (i. e. here 105-dimensional vector are used to represent the overall
face motion for a given frame) than speech. Experiments show that the pre-
sented visual synthesis appears to be plausible to participants. However the
audio defects have an important impact on the perception of quality. More
details can be found also in [Section 7.2.1].

3.3.3 Stylistic gait synthesis

Tilmanne in [67] presents an expressive gait synthesis system based on hid-
den Markov models, that actually follows a modified process that was orig-
inally developed for speaking style adaptation. In [67] a large database of
stylistic walk sequences, the Mockey database [73], was recorded. In this
database, one actor performed several expressive walking styles. 11 different
arbitrarily chosen styles were acted: proud, decided, sad, top-model, drunk,
cool, afraid, tiptoeing, heavy, in a hurry, manly. Figure 3.6 presents four ex-
ample postures arbitrary chosen from the Mockey database.

LATA

(a) Sad. (b) Afraid. (c) Drunk. (d) Decided.

Figure 3.6: Four example postures taken from the motion capture database.

4 AV-LASYN : AudioVisual Laughter Synthesis Examples (visited June 2014):

http:/ /tcts.fpms.ac.be/ cakmak/personal /
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Additionally to these gait styles a neutral motion walk sequences was also
recorded and then used to train an HMM of average walk. Then, this model
was used to adapt to a particular stylistic gait sequence by using only a
small amount of training data from the target style. Indeed, by starting from
a robust neutral walk modelling it was possible to synthesise stylistic walks
using only a few data. This method produces very convincing artificial walk
sequences where the stylistic gaits can be recognised and look natural to the
evaluators>. More details can be found also in [Section 7.2.2].

It is important to highlight that, although speech and motion fields present
strong similarities, like inter-subject variability, stylistic or temporal varia-
tions, they are also very different. For example motion data have a much
higher dimensionality (i.e. 54 exponential map parameters describing the
skeleton pose at given frame) and cannot be always represented by a finite
number of phonemes. Thus, the standard HTS framework was adapted for
motion modelling (i. e. gait more specifically), while still taking into account
the global variance of the data, in order to avoid excessive smoothing.

3.4 DISCUSSION

In this Chapter we present briefly the theory behind the hidden Markov
models (HMMs), the generative model used in the context of HMM-based
speech synthesis. Then we give an extended description of the system itself.
First how the speech parameters are being generated and then why dynamic
features are incorporated. We detail the training and synthesis part of the
system and emphasise more on its advantages. Especially interpolation and
multiple regression are two of the main advantages that we will use further
in this work. We also present three applications of the HMM-based synthesis
that are not directly linked to speech itself, namely singing, audio-visual
laughter synthesis and stylistic gait synthesis.

Due to the adaptability and flexibility of HMM-based speech synthesis ap-
proach can have several real-life and scientific application. This may include
personalised speech-to-speech translation systems, voice banking and recon-
struction, creation of unique personalised voices, movie dubbing, linguistics,
cell-phones, smartphones, in-car navigation systems, call centres and so on.
Moreover, the gait and audio-visual laughter syntheses broaden the set of

5 Examples of synthesised walks (visited June 2014):
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application in other fields such as gaiming and avatar control. Further, new
TTS (but not only) applications will be seen in the very near future.

However, there is still much to do in statistical parametric synthesis and
there are many future directions that should be examined. Although the
operation, adaptability and controllability of statistical parametric synthesis
has been drastically improved, the output is still not natural. Fortunately,
as indicated in [2], there are many ideas that have yet to be fully explored
and still many more to be conceived. One idea that aims at improving the
statistical parametric synthesis comes with introducing user interaction and
reactive designs in the HMM-based synthesis framework, and will be pre-
sented in the following chapters.
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As new trends in understanding expressivity in speech are being explored,
there is a growing need for real-world speech synthesis applications such as
encountered in entertainment and gaming, assistance for speech-impaired
people or performing arts. However, one might notice from the literature
[Chapter 2] that most of the research is based on a large time window (e. g.
full sentence) and the overall available context. In our research we try to
create a real solid platform for speech synthesis that is able to generate pa-
rameter trajectories adequate to react to very short-term user interaction. We
call this property “performative”, in other words we aim at building a perfor-
mative speech synthesis system. Such a performative approach is missing in
the context of HMM-based speech synthesis. The challenges of such a plat-
form though are not only the reactive production of expressive speech and
the increase of adaptability but also to decrease the latency of the speech
synthesis and provide meaningful control mechanisms.
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In the typical HMM-based speech synthesis approaches [2], although the
actual computation of parameters and waveforms is realtime (i.e. speech is
synthesised faster than its actual duration) a certain amount of text is re-
quired in advance to be processed and converted into speech as a whole tar-
get. Hence, during this text-to-speech conversion process it is hard to modify
the output based on any external query (either from the environment or the
user). This limitation prevents the system from adapting to any external so-
licitation within the sentence, as it is being synthesised, resulting in a less
interactive system. Thus, we propose the generation of speech parameters
within a smaller look-ahead window, with only few contextual information
rather than the whole available text. This approach allows to infer speech
outputs at various production levels and time scales (e.g. the reactive ma-
nipulation speaker identity or prosody). However, the requirements of such
a system (e. g. thread policies, memory management and data buffering) are
totally different from the original one in order to support user interaction.

In this Chapter we describe the research that led to the development of the
actual core of the performative HMM-based speech synthesis system, called
pHTS. Section 4.1 details the proposed short-term parameter generation al-
gorithm and Section 4.2 presents our approach in combining this proposed
algorithm with models trained on reduced linguistic context. Finally in Sec-
tion 4.3 we evaluate the proposed synthesis and model training approaches
while in Section 4.4 we discuss the obtained results.

4.1 SHORT-TERM PARAMETER GENERATION

In order to build a performative synthesis system that is able to react to
very short-term user interaction and enables us to influence the generated
parameter trajectories in realtime, it is crucial to ensure a small time window
for parameter generation and sound synthesis. In other words, it is essential
to generate the parameter trajectories locally and faster than the duration of
the corresponding sound (realtime computation) in such a fashion that they
can be manipulated with the smallest possible delays (small time window),
and thus enable user interaction.

However, as we saw in Chapter 3 the original HTS system uses an “all-
at-once” approach. Indeed, during synthesis a provided context-dependent
phoneme sequence (label file) is used to retrieve all context-dependent HMMs
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(one per phoneme), which are then concatenated, constructing an n-unit long
HMM sequence. This utterance HMM is then used to generate sequences
of spectral and excitation parameters, by maximising the probability of the
whole speech parameter sequence, using Maximum Likelihood Parameter
Generation algorithm (MLPG) [46]. Finally, the targeted speech output is re-
constructed by using excitation generation and a speech synthesis filter, usu-
ally Mel Log Spectrum Approximation (MLSA) filter [48] with pulse-train
or white-noise excitation. Consequently, in HTS even if this “all-at-once”
approach guarantees smoothly generated trajectories, computed faster than
their actual duration (realtime computation), it prevents these trajectories
from being modified according to any external solicitation, and therefore the
system cannot reach an acceptable level of interactivity. Actually, the small-
est accessible time scale in HTS is the complete targeted utterance, which
is sufficient in the context of standard TTS. However, having a sentence-by-
sentence system just reduces the number of possible applications to use cases
where no user interaction is required when the sentence is being produced,
e. g. reading emails, audiobooks, GPS application, phone centres, public an-
nouncements, etc. All in all having a system with much smaller acceptable
timescales can facilitate user interaction and enrich the application domain.
In direct contrast to HTS synthesis, here we propose a Short-Term Max-
imum Likelihood Parameter Generation algorithm (ST-MLPG), where in-
stead of the whole available phoneme sequence (complete utterance) we
empirically use a reduced observation window containing a maximum of
3 phonetic labels at any given time (i.e. windowSize = 3). These labels are
the current one and, if available, the two previous ones (i.e. P = 2). As dis-
cussed in Section 4.4, we avoid using the labels following the current one
(i.e. F = 0). More specifically, as the phonetic labels are being streamed one
by one, and thus they are not all available at a given time, only the cur-
rent phonetic label is used to concatenate the context-dependent HMMs and
construct a small HMM sequence (i. e. maximum 3-HMMs long). Then this
small HMM sequence, consisting only of the context-dependent HMMs of
one phonetic label and, if available, the two previous ones is used to gener-
ate the corresponding sequences of spectral and excitation parameters. Then
the targeted speech samples are generated. A consequence of the reduced
observation window approach is that the generated speech parameter trajec-
tories do not correspond to the overall maximum of probability (MLPG as
in HTS - System I & System III), but to a local optimisation over a three pho-
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netic label sliding window (ST-MLPG as in pHTS - System II & System IV).
Figure 4.1 shows a graphical comparison of HTS and pHTS, i.e. compair-
ing parameter trajectory generation based on maximum likelihood solution
over the complete phonetic label sequence (MLPG) and parameter trajectory
generation based on local optimisation over a three phonetic label sliding
window (ST-MLPG).

(a) Parameter trajectory generation based (b) Parameter trajectory generation based
on maximum likelihood solution over  onlocal optimisation over a three label
the complete phrase. sliding window.

Figure 4.1: Parameter trajectory generation based on (a) MLPG in HTS and on (b)
ST-MLPG in pHTS with the empirically defined sliding window. The
information on the right of the sliding window is considered to be future
information, thus not yet available for the computations.

The size of the sliding window was first empirically defined, so that it
preserves the final speech quality with no dependencies on future context
(F =0), as illustrated in Figure 4.1. However, in Section 4.3.2 it is shown to
be a good compromise between reactivity and speech quality. Not depend-
ing on any succeeding phonetic labels allows reactive user influence over
the generated speech parameters and samples, as discussed in Section 4.4.
Despite the fact that the sliding window can depend on any number of
phonetic labels preceding and following the current one that fit best the
synthesis purpose, increasing the window size consequently results in an in-
creased computational complexity that may introduce latencies larger than
accepted in interactive applications. It is also important to realise here that
although the size of the sliding window is constant in terms of number of
phonetic labels, the number of frames used for the parameter generation of
the current label varies. However, any other arbitrary combination can be
used, such as five preceding, one current and four succeeding phonetic la-
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bels (i.e. windowSize = 10 labels, with F = 4 and P = 5). Actually, since
every label has a different number of frames given its duration, every time
that the sliding window advances in order to compute the parameters for the
“next” current label, the total number of frames within the window changes
accordingly, i. e. varies in every iteration.

More specifically, based on the definitions presented in Chapter 3, for
a given continuous HMM A, we derive an algorithm for determining the
speech parameter vector sequence within a sliding window. First we define
the number of frames (f1) used by the sliding window when processing the
1t" Jabel and thus the size of the computational matrices.

HF N
fi= ) ;di,s (4-1)
-

L+F

fl: Z Zdls+zdls+ Z Zdls (42)
i=1—p s=I i=1+1 s=1

fl=o+B1+7 (4-3)

where P and T are respectively the number of phonetic labels preceding and
following the current one and N is the number of states in each phoneme
HMM (generally 5 in standard HTS). d is the number of frames that corre-
spond to a state of a label, i.e. d; s indicates the number of frames of it"
label in the st™ state. f, ay, B and vy are respectively the total number of
frames in the sliding window, of the preceding labels, of the current label
and of the succeeding labels while 1 is the index of the current label.

These restrictions over the number of frames must be incorporated in
Equation 3.9, 3.10, 3.11, 3.22 and 3.27, in order to determine the speech pa-
rameter vector sequence within a sliding window

Equation 3.9 = oy = [0], og,...oll] (4-4)
so that

Equation 3.10 = P(01/A) = Z P(o1, q1/A) (4-5)
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is maximised with respect to o1, where

Equation 3.11 = q; ={q1,92, ..., qf,} (4.6)

Then, respectively maximising P(01/q,A) with respect to oy for a certain
state sequence (;

Equation 3.22 = 01 = W1 Cy (4-7)

Under this condition (Equation 4.7), maximising P(o1|q,A) with respect to
01 we obtain a new set of equations:

Equation 3.27 = WU "W, C, = WU 'M{ (4.8)

WIT Uf1 W is an f{M x f{M matrix with M the dimension of an observation
vector o;. Solving directly this set of equations has complexity of O(f;M3),
that can be optimised to O(fiM3) using various decomposition methods.
The obtained parameter sequence C; for this sliding window is then

Cl - [01/(:2/"-/ CfJT (49)

From all the Cy obtained over the sliding window, we only keep the param-
eters that correspond to the frames of the current label

Cl = l[Cort 1/ Caripd’ (4.10)

Ideally, in order to avoid any possible discontinuities between C { and C { Iy

the cq, +p, coefficient must be the same as the c,,,. Technically, although
these coefficients are computed with some models in common, the surround-
ing models used are slightly different (i. e. oldest and newest). This can re-
sult in either discontinuities (i. e. periodic distortions) and instabilities (i. e.
saturation and glitches). In order to tackle this we used stabilisation of the
generated coefficients and filter interpolation, respectively, as in standard
HTS. Firstly, as shown in [48] the generated coefficients can be stabilised ei-
ther by keeping the log approximation error not exceeding 0.24 dB or 0.2735
dB depending on Pa, the Padé approximation order used (i.e. Pa = 4 and
Pa = 5 respectively) or by just stabilising the filter although the accuracy of
log approximation is lost. Secondly, when using the now-stable coefficients
to generate the actual samples we progressively interpolate from one filter
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coefficient to the next so that we avoid any abrupt variation of the filter
coefficients. This enables us to have smooth output without discontinuities.

Figure 4.2 gives a graphical representation of how the speech parameter
vector sequence C{ is determined within a sliding window containing in
total f; frames (Equation 4.3), where o, 31 and y; correspond to the number
of frames of the preceding, current and succeeding labels respectively. It is
important to highlight here that Figure 4.2 is a schematic representation and
does not exactly reflect reality since the actual number of frames varies in
every iteration but not in the Figure.

W frames of preceding labels
. . . W frames of current label
B frames of succeeding labels

WHU'W & WHUIMT

Iz

|

WItUI'WI 1 WU M|

v

l
|

_ HE N

Figure 4.2: Determining the speech parameter vector sequence C{ within a sliding
window of f| frames, where «;, 31 and y; correspond to the number of
frames of the preceding, current and succeeding labels respectively.

4.2 MODELS TRAINED WITH REDUCED PHONETIC CONTEXT

The short-term parameter generation algorithm can also be considered as
a way to reduce the context during synthesis. This approach enables in-
teractive controls over the parameters being generated. Similarly, the same
reduced-context principle can be applied while training the models used for
synthesis (System III and System IV). Indeed, in HTS, labels are used to de-
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scribe phonemes with all their contextual dependencies. The phonetic and
acoustic realisation of each phoneme depends on its preceding/succeeding
neighbours and on the larger segments in which this phoneme is contained
(e.g. syllable, word, phrase, utterance) [74] building a dependency graph.
Iteratively, for every larger segment, (i.e. syllable, word, phrase, utterance)
a similar dependency graph is built. Along with these dependencies, vari-
ous pieces of information are available: relative position of the current seg-
ment in the larger containing segment (e. g. relative position of the phoneme
in the syllable), and the possible presence of an accent or a stress on the
current and/or the surrounding segments. The complete dependency list is
presented in Section A.1.

However, since at synthesis time we assume that we have no future depen-
dencies it is only fair to use models for which no succeeding dependencies
are taken into account while training. In other words, in our attempt to
discard any future linguistic dependencies, we reduce the phonetic context
used at the training stage. The aim of retraining our models with a reduced
set of linguistic factors, depending only on preceding and currently synthe-
sised phonemes is to evaluate to what extent the future linguistic informa-
tion is influencing the final speech quality, especially when combined with
a short-term parameter generation algorithm. Thus, all the contextual infor-
mation related to segments larger than the syllable, i. e. word and phrase, is
discarded during the training phase. The amount of considered linguistic in-
formation is now limited only to preceding and current phonemes, as well as
previous syllables. The whole database of context-dependent HMMs is then
retrained in consequence. Note that for the new training we use the stan-
dard implementation of the HTS toolkit available in [4], with a reduced set
of questions. Figure 4.3 illustrates a graphical representation of the linguistic
factors used during full and reduced-context model training.

It is important to realise that the number of linguistic factors taken into
account during training, strongly depends on the targeted application. For
example here, we use linguistic factors related only to preceding and current
phonemes, as well as previous syllables. Such models are suitable to inter-
actively build and control the phonetic context input [ABd " 11a], [dTA"13],
although not limited to. Any other design choice that includes different lin-
guistic factors, i.e. any past related information, can be suitable. Of course
this needs further investigation but it is not included here.
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phoneme phoneme
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(a) Full-context training uses linguistic (b) Reduced-context training uses re-
features related to the whole phrase. duced set of linguistic features.

Figure 4.3: Linguistic factors used during full and reduced-context training.

4.3 EVALUATION

Both objective and subjective experiments were conducted in order to eval-
uate the similarities between trajectories generated using HTS (MLPG algo-
rithm) and trajectories generated using pHTS (ST-MLPG algorithm). The two
synthesis methods are compared while using models trained on either full
(System I and System II) or reduced linguistic context (System III and System
IV). In an attempt to assess the distortions introduced by the model training
itself (i.e. using either full or reduced linguistic factors) both methods are
employed and tested independently. In other words, trajectories generated
by one method (either HTS or pHTS) when using full-context models are
compared to those generated when using the same method and reduced-
context models. Here, we present an extensive comparison by examining
these four possible cases:

Case A. HTS vs. pHTS using full linguistic context models
[System I vs. System II]

Case B. HTS vs. pHTS using reduced linguistic context models
[System III vs. System IV]

Case C. HTS using full vs. reduced linguistic context models
[System I vs. System III]

Case D. pHTS using full vs. reduced linguistic context models
[System II vs. System IV]
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A graphical illustration of all the examined cases of reduced and full-
context regarding both training and synthesis is presented in Figure 4.4
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Figure 4.4: A simple diagram of all the examined cases of reduced and full-context
regarding both training and synthesis.

Additionally to these four cases we conduct further objective tests where
pHTS is used with different sliding window sizes. More specifically, instead
of using the sliding window with the empirically defined size of two pre-
ceding (P = 2), one current and no succeeding (F = 0) phonetic label, we
vary the number of preceding labels from 0 to 2 and succeeding labels from
0 to 1. We take into account all possible combinations of window sizes and
compare the generate trajectories with those generated by HTS. Here we use
only full-context models, similarly to Case A, even though the same setup
can be repeated with reduced-context models.

This experiment aims to find the best size for the sliding window used
in pHTS, independently of the training of the models. It is also important
to evaluate to what extent the proposed short-term parameter generation
method is influenced by the length of the sliding window used, i.e. the
number of phonetic labels preceding and following the current one. Note
here that no subjective tests have been conducted for this case.

4.3.1  Experimental protocol

For our tests, we use the speaker-dependent training demo in English that
is provided in [4], with the AwB, BDL, JMK, RMS male speakers and the cLB,
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sLT female speakers from the cmu ArcTIiC database [31], [32]. All training
sentences included in the demo are used to train our system, either with full
or reduced linguistic context.

We synthesised 40 sentences based on the phonetic labels provided in the
demo, which were not used for training. Speech signals were sampled at 48
kHz and the traditional Mel Generalized Cepstral (MGC) coefficients [75]
(with « = 0.55, vy = 0 and order of MGC analysis = 35) were obtained.
Speech waveforms are synthesised with MLSA filtering [48]. Note that state
durations vary between full and reduced-context models, since durations
are modelled differently in each approach. The duration difference is small,
less than 10%, mainly observed on the generated pauses. However, in order
to objectively compare our results on a frame-by-frame basis, synthesis was
forced to use the full-context phoneme durations, ensuring that all streams
are synchronous and comparable. For the subjective evaluation the phoneme
durations were modelled.

4.3.2  Objective evaluation

In order to evaluate the distortion introduced by pHTS, using either full
[Case A] or reduced-context models [Case B], as well as the distortion in-
troduced by the reduced-context modelling itself in both synthesis systems
[Case C and Case D], we make use of objective quality measurements by
applying two different metrics, previously used in related research [76]. The
first metric used is the Mel-Cepstral Distortion (Mel-CD), expressed in decibel
(dB), a distance measure calculated between the target and the estimated
mel-cepstrum.

Mel-Cepstral Distortion for one frame is defined by

D

10 target i
Mel—CD = ln(10)\l 2 Z (cq — cgstimate)2 (4.11)

where c4 are mel-cepstral coefficients generated by the two different systems,
and D is the mel-cepstral coefficient order. Then we compute the mean Mel-
Cepstral Distortion over all the frames available in the database.
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The second metric used is the Root-Mean-Square Error of the fundamental
frequency (FO-RMSE) expressed in Hertz (Hz).

Root-Mean-Square Error is defined by

T target i
FO get Foestlmate 2
FO— RMSE = \/Zt‘( t - t ) (4.12)

where FO; are the FO values generated by the two different systems, and
T is the total number of frames. Note that the FO-RMSE is computed for
frames where both voice models are considered to be voiced, since FO is not
observed in unvoiced regions. Both metrics are used further in Chapter 6.

Case A & Case B

Table 4.1 and 4.2 show the Mel-Cepstral Distortion averaged over the phoneme
and the vowel set respectively, over the 40 test sentences, for all, male and
female speakers, in Case A and Case B, with 95% confidence intervals. Simi-
larly, Table 4.3 and 4.4 show the Root-Mean-Square Error of the fundamental
frequency. Figure 4.5 and 4.6 gather all the obtained results for both Mel-CD
and FO-RMSE respectively, in form of graphs among Case A and Case B.

For Case A and Case B results indicate that the proposed pHTS system (ST-
MLPG algorithm) lead to very similar segmental quality to the original one,
independently of the linguistic context used for the training of the models.
Indeed, less than 1 dB as spectral difference and less than 2 Hz of frequency
difference, computed on both phoneme and vowel sets, is usually accepted as
the difference limen for spectral transparency [77]. Although the results are
encouraging, it is known that measuring distortion on the FO trajectory (or
any speech parameter trajectory) only gives a partial understanding of how
the suprasegmental quality is affected by these training or synthesis modifi-
cations. Hence, this objective evaluation is completed with a set of subjective
tests that validate Case A and Case B and obtain the user preferences as
detailed in Section 4.3.3.
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Mel-CD [dB] all speakers male speakers female
(over phoneme set) P P speakers
Case A 0.149 4+ 0.001 0.205 4+ 0.001 0.107 +0.001
Case B 0.184 £ 0.001 0.261 £ 0.001 0.109 £ 0.001

Table 4.1: Mean Mel-CD (in dB) introduced by Case A and Case B computed over
the phoneme set, with 95% confidence intervals.

Mel-CD [dB] all speakers male speakers  female speakers
(over vowel set)
Case A 0.272 +0.002 0.288 +0.002 0.240 +0.003
Case B 0.576 +0.005 0.678 £ 0.008 0.371 +£0.005

Table 4.2: Mean Mel-CD (in dB) introduced by Case A and Case B computed over
the vowel set, with 95% confidence intervals.

FO-RMSE [Hz] 1 K 1 K female
(over phoneme set) atl speakers mate speakers speakers
Case A 1.053 +0.003 1.076 £0.004 1.009 4 0.005
Case B 1.399 £0.013 1.609 £0.020 0.978 +0.005

Table 4.3: FO-RMSE (in Hz) introduced by Case A and Case B computed over the
phoneme set, with 95% confidence intervals.

FO-RMSE [Hz] all speakers male speakers  female speakers
(over vowel set)
Case A 0.981 +0.007 0.993 £+ 0.009 0.956 £0.013
Case B 0.823 +0.059 0.947 £0.087 0.676 +0.035

Table 4.4: FO-RMSE (in Hz) introduced by Case A and Case B computed over the
vowel set, with 95% confidence intervals.
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(a) Mean Mel-CD (in dB) computed over the phoneme set for Case A and Case B.
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(b) Mean Mel-CD (in dB) computed over the vowel set for Case A and Case B.

Figure 4.5: Mean Mel-Cepstral Distortion introduced when comparing Case A and
Case B, with 95% confidence intervals.
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(b) FO-RMSE (in Hz) computed over the vowel set for Case A and Case B.

Figure 4.6: Root-Mean-Square Error of the fundamental frequency (in Hz) introduced
when comparing Case A and Case B, with 95% confidence interval.
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Case C & Case D

Table 4.5 and 4.6 show the Mel-Cepstral Distortion averaged over the phoneme
and the vowel set respectively, over the 40 test sentences, for all, male and
female speakers, in Case C and Case D, with 95% confidence intervals. Sim-
ilarly, Table 4.7 and 4.8 show the Root-Mean-Square Error of the fundamental
frequency. Figure 4.7 and 4.8 gather all the obtained results for both Mel-CD
and FO-RMSE respectively, in form of graphs for better comparison among
Case C and Case D.

Mel-CD [dB] all speakers male ker: female
(over phoneme set) P Speakers speakers
Case C 1.037 £0.004 1.335+0.005 0.440 4+ 0.004
Case D 1.098 £ 0.004 1.425 £ 0.005 0.444 £+ 0.004

Table 4.5: Mean Mel-CD (in dB) introduced by Case C and Case D computed over
the phoneme set, with 95% confidence intervals.

Mel-CD [dB]
11 k 1 k
(over vowel set) all speakers male speakers  female speakers
Case C 2.021 £0.007 1.917 £0.009 2.2304+0.014
Case D 2.363 £0.009 2.330+0.011 2428 4+0.015

Table 4.6: Mean Mel-CD (in dB) introduced by Case C and Case D computed over
the vowel set, with 95% confidence intervals.

FO-RMSE [Hz] 1 Ker. mal K female
(over phoneme set) atl speakers ale speakers speakers
Case C 6.164 £0.021 6.564 £0.030 5.363 £0.019
Case D 6.653 £0.014 7.199 £0.019 5.560 £0.019

Table 4.7: FO-RMSE (in Hz) introduced by Case C and Case D computed over the
phoneme set, with 95% confidence intervals.
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FO-RMSE [Hz]

(over vowel set) all speakers male speakers  female speakers
Case C 9.230 4+ 0.005 12.637 £ 0.007 7.418 £0.007
Case D 9.962 £ 0.060 13.320 £ 0.090 8.245 £ 0.020

Table 4.8: FO-RMSE (in Hz) introduced by Case C and Case D computed over the
vowel set, with 95% confidence intervals.
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(b) Mean Mel-CD (in dB) computed over the vowel set for Case C and Case D.

Figure 4.7: Mean Mel-Cepstral Distortion introduced when comparing Case C and
Case D, with 95% confidence intervals.

As could be expected, we see here that in direct contrast to Case A and
Case B the biggest distortions are introduced by the linguistic context con-
tained in the models used, independently of the method used for the speech
parameter generation (Case C and Case D). Actually we observe about 2 dB
of spectral distortion and about 9 Hz of fundamental frequency difference
(i.e. about 6 Hz when computed on the phoneme set and about 10 Hz when
computed on the vowel set). These objective evaluations are completed with
a set of subjective tests that validate Case C and Case D and obtain the user
preferences as detailed in Section 4.3.3.
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Figure 4.8: Root-Mean-Square Error of the fundamental frequency (in Hz) introduced
when comparing Case C and Case D, with 95% confidence interval.

Varying-size sliding window

Furthermore, the same objective quality metrics, i.e. Mel-Cepstral Distortion
and Root-Mean-Square Error of the fundamental frequency, were used in or-
der to evaluate the distortion introduced by pHTS when compared to HTS
(i.e. Case A) while using varying-size sliding window. Table 4.9 and 4.10
show the Mel-CD averaged over the phoneme set, over the 40 test sentences,
for all speakers, male and speakers, when using a shifting window that in-
cludes the current and varying number of phonetic labels preceding and
following the current one (i.e. 0 < P < 2 and 0 < F < 1), with 95% confi-
dence intervals. Table 4.11 and 4.12, respectively, show the results obtained
for FO-RMSE. In Figure 4.9 and 4.10 all the obtained results for Mel-CD and
FO-RMSE respectively, are presented in form of graphs for better comparison
among the different window sizes for all, male and female speakers.

From the graphical representation of the distortions introduced by the size
of the sliding window (i. e. the number of phonetic labels preceding and fol-
lowing the current one taken into account for the parameter generation), we
see that the highest distortions are introduced when only the current label
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Mel-CD [dB] all speakers male speakers female
(over phoneme set) P P speakers
F=0&P=0 0.364 + 0.003 0.502 + 0.004 0.188 +0.003
F=0&P=1 0.150 £ 0.001 0.206 £+ 0.002 0.137 £0.001
F=0&P=2 0.149 £ 0.001 0.205 £ 0.001 0.107 £ 0.001

Table 4.9: Mean Mel-CD (in dB) introduced when comparing HTS to pHTS com-
bined with shifting window including the current and varying number
of preceding labels, computed over the phoneme set, with 95% confidence

intervals.
Mel-CD [dB] 1 K 1 K female
(over phoneme set) all speakers mate speakers speakers
F=1&P=0 0.261 +0.003 0.365 + 0.004 0.153 +£0.003
F=1&P=1 0.144 +0.001 0.166 + 0.001 0.120 £+ 0.001
F=1&P=2 0.144 +0.001 0.165 + 0.001 0.120 £+ 0.001

Table 4.10: Mean Mel-CD (in dB) introduced when comparing HTS to pHTS com-
bined with shifting window including one succeeding, the current and
varying number of preceding labels, computed over the phoneme set,
with 95% confidence intervals.

is used (i.e. windowSize = 1, F = 0 and P = 0). The lowest distortions are
observed when two preceding, the current and one succeeding label is used
(i.e. windowSize = 4, F = 1 and P = 2). In the first case we have spec-
tral distortion of about 0.5 dB and less than 2 Hz of fundamental frequency
difference. Respectively, for the second case we have almost no difference be-
tween the compared parameters trajectories. The empirically defined size of
the sliding window, (i.e. windowSize = 3, F = 0 and P = 2), which is actu-
ally the previously described Case A, introduces distortions in-between the
best and worst presented cases. Specifically, for Case A there is about 0.2 dB
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FO-RMSE [Hzl all speakers male speakers female
(over phoneme set) P P speakers
F=0&P=0 1.676 £+ 0.004 1.628 & 0.005 1.772 £ 0.007
F=0&P=1 1.065 £ 0.004 1.081 £ 0.005 1.031 4 0.005
F=0&P=2 1.053 4 0.003 1.076 £0.004 1.009 £ 0.005

Table 4.11: FO-RMSE (in Hz) introduced when comparing HTS to pHTS combined
with shifting window including the current and varying number of pre-
ceding labels, computed over the phoneme set, with 95% confidence inter-

vals.
FO-RMSE [Hz] 1 K 1 K female
(over phoneme set) atl speakers mate speakers speakers
F=1&P=0 1.264 £ 0.004 1.183 £ 0.004 1.427 £ 0.006
F=1&P=1 0.169 £ 0.004 0.125 4 0.001 0.256 + 0.002
F=1&P=2 0.104 £+ 0.001 0.078 £+ 0.001 0.155 4+ 0.002

Table 4.12: FO-RMSE (in Hz) introduced when comparing HTS to pHTS combined
with shifting window including one succeeding, the current and varying
number of preceding labels, computed over the phoneme set, with 95%
confidence intervals.

as spectral difference and about 1 Hz of frequency difference, which is usu-
ally accepted as the difference limen. More details about the interpretation
of these results can be found in Section 4.4.

It becomes evident from the acquired results that the distortions intro-
duced by the size of the sliding window used in pHTS are rather small. Re-
sults also support the empirical definition of the sliding window size, while
presenting marginal improvements when using succeeding contextual de-
pendencies. Above we did not conduct any objective tests for all the possible
window sizes, only for Case A, as detailed in Section 4.3.3.
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Figure 4.9: Mean Mel-CD introduced when comparing HTS to pHTS combined with
varying-size shifting window, computed over the phoneme set.

4.3.3 Subjective evaluation

The subjective evaluation of HTS and pHTS along with the two training
schemes is conducted via a Comparative Mean Opinion Score (CMOS) test,
so that we can cross-evaluate the four test cases. Here listeners grade the
perceived quality of a speech signal in relation to a reference speech signal.
The CMOS scale is a 7-point scale ranging from —3 for much worse to +3 for
much better with O for about the same.

A first group of 34 people participated to the test comparing HTS to pHTS
using either full (Case A) or reduced (Case B) context model training. Fur-
ther on, a second group of 59 people participated to the complementary test
comparing the full to the reduced-context model training, using either HTS
(Case C) or pHTS (Case D). Participants in both groups were speech and
non-speech experts, native and non-native English speakers. Each test was
composed of 24 randomly-chosen sentences, no longer than 8 seconds. Here
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Figure 4.10: FO-RMSE introduced when comparing HTS to pHTS combined with
varying-size shifting window, computed over the phoneme set.

the durations were modelled and not forced, since frame-by-frame compar-
ison is not needed. For each sentence, subjects were asked to listen to both
versions (randomly shuffled) and to attribute a score according to their over-
all preference.

Case A & Case B

Table 4.13 shows the preference scores when comparing HTS to pHTS when
using either full (Case A) or reduced (Case B) context models, as well as
the overall preference of the used synthesis method. Here negative values
indicate preference for the pHTS approach. Results are presented for all,
male and female speakers, with 95% confidence intervals. In Figure 4.11
results are presented as graphs for easier comparison. It is important to keep
in mind that we use a 7-point scale, ranging from —3 to +3.
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CMOS [7-scalel

HTS vs. pHTS all speakers male speakers  female speakers
(overall) —0.046 £ 0.058 —0.102 £0.109 —0.018 £0.068
Case A —0.105 £ 0.081 —0.151 £0.149 —0.083 £ 0.096
Case B 0.012+£0.083 —0.053 £0.159 0.045 +0.097

Table 4.13: Preference scores for all, male and female speakers when comparing
HTS to pHTS while using either full (Case A) or reduced (Case B) context
models, with 95% confidence intervals. Negative values indicate prefer-
ence for the pHTS approach.
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Figure 4.11: Preference scores for all, male and female speakers when comparing
HTS to pHTS while using either full (Case A) or reduced (Case B) con-
text models, with 95% confidence intervals. Negative values indicate
preference for the pHTS approach.

Interestingly we observe that users tend to prefer the performative ap-
proach in HMM-based speech synthesis over the original one, either when
using models trained on full or reduced-context. However, with a closer look,
it is evident that the obtained scores are very close to 0, i.e. about the same
and the 0 value often falls within the confidence interval. Probably this effect
is due to random choices made by users when the two tested sentences were
too similar. In other words, the introduced distortions are not observed by
the listeners and thus we can argue that the proposed short-term parameter
generation has an unnoticeable impact on the suprasegmental quality. The
proposed performative HTS can be used in place of HTS when reactivity is
a required feature.
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Case C & Case D

The preference scores when comparing full to reduced-context model train-
ing while synthesising using either HTS (Case C) or pHTS (Case D), along
with the overall preference of the model training are presented in Table 4.14
and in Figure 4.12 as graphs. Results are shown for all, male and female
speakers, with 95% confidence intervals. Here, positive values indicate pref-
erence for the HTS approach. It is important to keep in mind that we use a
7-point scale, ranging from —3 to +3.

CMOS [7-scale] all speakers male speakers  female speakers
full vs. reduced

(overall) 0.470 £0.058 0.596 £0.068 0.216 £0.107
Case C 0.425 £0.082 0.528 +£0.097 0.219 £0.149
Case D 0.514 £0.083 0.665 £ 0.096 0.214 £0.155

Table 4.14: Preference scores for all, male and female speakers when comparing
full to reduced-context models when synthesising with either HTS (Case
C) or pHTS (Case D), with 95% confidence intervals. Positive values
indicate preference for the HTS approach.
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Figure 4.12: Preference scores for all, male and female speakers when comparing
full to reduced-context models while synthesising using either HTS
(Case C) or pHTS (Case D), with 95% confidence intervals. Positive
values indicate preference for the HTS approach.

We see that the reduction of subjective quality introduced by the reduced-
context training, is relatively minor and independent from the synthesis
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method used. Indeed, the scores obtained with this test show that we stay
between 0 and 1, i. e. about the same and slight preference for full-context mod-
els. While being noticeable, it means that the introduced distortions are not
stressed by the listeners as a real issue regarding the suprasegmental quality.
This indicates that reducing the amount of contextual information to only
preceding and current factors at the training stage, as detailed in Section 4.2
has a small impact on the suprasegmental quality, as expected. However, we
see that the effect on the segmental quality is also negligible although higher
degradation was expected.

4.4 DISCUSSION

In this Chapter we presented our work on the performative HMM-based
speech synthesis system which includes reduced-context synthesis as well
as reduced-context training. Firstly, reduced-context synthesis is achieved
by means of the proposed short-term parameter generation algorithm (ST-
MLPG). Secondly, for the reduced-context training we reduce the linguistic
context factors taken into account for the model building. The proposed per-
formative HMM-based speech synthesis system opens the enclosed loop of
the original system allowing the user to interact on every level of artificial
speech production (i.e. phonetic labels, parameter generation, models and
samples). Indeed, by generating parameter trajectories within a small slid-
ing window it is possible to apply various controls over the models and
the parameters themselves corresponding to the currently synthesised label.
A complete description of these controls can be found in Section 8.2. We
see that the short-term parameter generation algorithm gives results very
close to the original parameter generation algorithm (MLPG) and users tend
to be unable to distinguish between the two approaches. Therefore we con-
clude that when reactivity and user interaction is needed in the HMM-based
speech synthesis framework, pHTS can be used instead of HTS. Applications
introducing performative HTS are presented in Chapter 7.

The proposed ST-MLPG is a simplification of the original MLPG, that al-
lows the trajectory generation process to start once the first phonetic label
is received and not at the end of a full phonetic label sequence. It is the key
algorithm we have introduced in this PhD thesis for performative HMM-
based speech synthesis, allowing smooth trajectory generation over a small
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time window, suitable for short-term user interaction. A similar approach
is presented by Koishida et al. in [47], where the parameter trajectories are
generated in a time-recursive manner. The principal difference is that the
number of frames used is constant at every given time, while in our case it
varies depending on fy, the total number of frames that correspond to the
labels currently included in the observation window. The main reason for
choosing ST-MLPG over Koishida’s solution is that since the controls are cor-
related to the context, (i. e. a high level control when compared to the frame),
it is easier for the user to interactively manipulate the generated speech at
the phoneme level. For example controlling accent or degree of articulation
separately on every phoneme [Chapter 5] has a more meaningful interpre-
tation rather than when using frames. Moreover, using regular expressions
over the input context enables complex and accurate controls [Section 8.2.2].

In order to have reactive parameter generation we use a reduced observa-
tion window, whose size is defined empirically. Although the results suggest
that the distortions introduced by the size of the sliding window are small,
it is shown that by adding one label of succeeding dependency there is al-
most no distortion when compared to the original approach. However such
an approach introduces a one-phoneme delay in the user controls and thus,
we propose as a better compromise to keep the empirically defined window
size and have the minimum possible delay. Yet, in cases where small delays
in interaction can be tolerated then certainly increasing the window size and
including an extra future label is recommended.

In previous research [ABdD11] the distortions introduced by pHTS when
using a much larger sliding window, i.e. one succeeding, the current and
all the available preceding labels (F = 1 and P = +o00) were higher than
those presented here. The main reason is that in the present thesis during
synthesis we tested the stability of the MLSA digital filter [Section 4.1] of
the generated spectral parameters (i.e. by using mlsacheck, SPTK-3.6 [78] that
implements [48]) and if necessary modify them depending on Pa, the Padé
approximation order used - in our case Pa = 5 so that the log approximation
error does not exceed 0.2735 dB. Actually, stabilising the generated spectral
parameters is the reason that eliminating any future dependencies is possi-
ble (F = 0) and at the same time have small spectral distortions. Of course
we should also take into account the fact that the training and synthesis tech-
niques were improved by the HTS community since the time of publication.
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In [ABdD11] we used HTS version 2.1 and HTS-engine version 1.00 while
here we used HTS version 2.2 and HTS-engine version 1.06.

Finally, we observe that the introduced distortions are mainly dependent
on the kind of models used for the synthesis and not the synthesis method it-
self. Indeed, when reduced-context models are used, the highest distortions
are obtained. Thus, when using reduced-context models coherently at train-
ing and synthesis, users seem to have a slight preference for models trained
on full-context. Hence, it is recommended that full-context models are used,
in order to preserve maximum speech quality along with interactive user
controls. However, the reduced-context models can be used in application
that target interactive contextual control and reactive creation of the contex-
tual input. Finally, we should highlight that when it comes to interactive
synthesis and controls the assessment should not focus only on the speech
quality itself, since sounds becomes yet another factor among many others
in the context of interaction.
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As it has been previously addressed, interactivity in HMM-based speech
synthesis has barely been considered. We can only highlight the consider-
ation of computing HMM-based trajectories in realtime [3], i.e. faster than
the duration of the corresponding sound. A solution to this comes with
the proposed performative HMM-based speech system, called pHTS. pHTS
computes the synthetic speech reactively using the short-term parameter
generation algorithm. It results into on-the-fly generation of speech parame-
ters, consecutively for each label, therefore enabling the modification of the
ongoing sound generation [Chapter 4]. Although pHTS brings performative
controls over the generation of artificial speech, these controls are until now
limited to prosody and, to some extent, speaking style, i. e. pitch, speed, vol-
ume, vocal tract length and state duration. If such controls lead to interesting
results while directly applied to pitch curve and durations (application ex-
amples are detailed in Chapter 7), the leap forward comes when using it
with more complex model transformations.
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In this Chapter, we want to evaluate how some existing speaker interpola-
tion techniques can benefit from our new reactive and continuous controls.
Model interpolation has been tested for changing the speaking style [79] or
speaker emotion [57] in the standard HTS framework. When integrated into
pHTS, model interpolation algorithms can be applied separately on every
phoneme and impact the resulting speech sound reactively. This means that
we can vary the speaking style, speaker identity or emotion on the contin-
uous scale independently on every phonetic label as the speech signal is
being synthesised and heard by the user. This property enables the applica-
tion of variable interpolation strategies under different interaction cases. For
example transitioning between hypo- and hyper-articulated speech [79] in
quickly-changing use cases, e. g. while an artificial speaker tries to get back
the attention of a distracted listener or overcome sudden background noise.
Another example can be the interactive voice customisation and fine tuning
of an artificial voice for speech-impaired people, e.g. creating the patient’s
accent by using several other accents. Another important aspect is that the
expressivity range of artificial voices can be enriched if emotions are reac-
tively controlled while a sentence is being synthesised. Additionally, this
approach enables the realtime browsing of the complete stylistic space of a
given database’ of recordings. The important feature of browsing a database
on-the-fly is that we are able to observe the transitions between different in-
terpolation combinations as well as the behaviour of the models in unusual
cases. It is important to highlight here that this is a mathematical interpreta-
tion of the interpolated combinations. Actual interpolated results might have
different real-word interpretations or realisation. Note that realtime control
of the accent or degree of articulation is just an illustration of the realtime in-
terpolation concept. This approach can be applied potentially to any model
interpolation strategy, regarding speech but also non-speech cases.

The structure of this Chapter is as follows: Section 5.1 details how the re-
active and continuous model interpolation is integrated in the pHTS frame-
work. Section 5.2 and Section 5.3 demonstrate two cases where interactive
model interpolation is applied. Firstly, a simple case is presented, where we
reactively control the degree of articulation and secondly, a more complex
case is depicted, where we browse the complete space of English accents in
realtime. Finally Section 5.4 discusses results and challenges of the proposed
approach of interactive model interpolation.

1 A database can be any collection of signals, e. g. speech, laughter, gait, etc.
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The flexibility of statistical parametric speech synthesis based on HMMs is
well-established, e. g. [57], [3]. All aspects of speech, comprising the spectral
envelope, excitation parameters, and segment duration are modelled and
generated simultaneously in one framework. A significant advantage of this
model-based parametric approach is the ability to manipulate the model pa-
rameters in principled ways, such as adaptation to new data or interpolation
between models, and thus manipulate the characteristics of the generated
speech. These techniques have already been applied to generating or mor-
phing between different speakers, different types of emotional speech, and
different speaking styles [57].

Speaker interpolation is performed in [40] by interpolating HMM param-
eters among HMM sets from some representative speakers, showing that
by interpolating between two speakers” models it is possible to synthesise
speech with voice characteristics in-between the two speakers. Yamagishi et
al. [80] replace the speaker models with models of different speaking styles
(i.e. emotions). Likewise we will apply this approach to the degree of artic-
ulation (Section 5.2) and accent interpolation (Section 5.3).

5.1.1 Defining reactive model interpolation

Since techniques such as interpolation were initially developed for the tra-
ditional HTS system, we slightly modified and integrated them into pHTS,
so that we can expose some interpolation parameters to the interactive con-
trol of users. Among the three interpolation methods detailed in [40], we
adopted the simplest one, where each HMM state is assumed to have a sin-
gle Gaussian output distribution and therefore the final interpolation prod-
uct is the interpolation among N Gaussian distributions. Let Sq,S;,..., SN
be the N styles represented in our database and A, Az, ..., AN be the mod-
els corresponding to every style. Respectively, let S be the style obtained
by interpolating n out of the N styles and A be its corresponding model.
However, if there is not a tying structure common to all models it is rather
difficult to obtain A by interpolating A, models. As suggested in [80] during
synthesis n pdf sequences are generated from A,, independently, and then a
pdf sequence is obtained that corresponds to A by interpolating these n pdf
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sequences. An additional reason to use this approach is that in the interac-
tive framework of pHTS, it is practically impossible to create in advance a A
model for every possible user control.

Since in pHTS enables control on every phonetic label independently, let
S1 be the style obtained for the current label 1 in the proposed sliding win-
dow. Therefore, the mean and variance vectors fi; and &1 of the style S
are obtained by the weighted sum (with wiy, Wiy, ..., wi,, the weights) of
the mean and variance vectors Hyq, w2, ..., b1, and 0%1, 6%2, .y 0‘% . of the
representative styles as follows:

n
i = Z Wik 5-1)
k=1
n n
67 = Z w207, where Z wig=1 and T<n<N (5.2)
k=1 k=1

Then as explained in Section 4.1 from Equation 5.1 and Equation 5.2 we
can determine the speech parameter vector sequence for the currently syn-
thesised label within the boundaries of the sliding window by means of
ST-MLPG. Hence, it is possible to change the style of every single phoneme
individually, i. e. change the interpolation weights used for every phoneme
independently during synthesis and therefore achieve interactive model in-
terpolation as the targeted sentence is being synthesised. This feature allows
reactive and continuous control over the degree of interpolation between var-
ious models. Moreover, it is possible to have different interpolation weights
separately for every generated feature stream. Finally, any other control, i. e.
pitch, duration, speed, vocal tract length can be also added and applied
accordingly. Figure 5.1 gives a graphical representation of the short-term
parameter generation while interpolating multiple models.

5.1.2 Interpolation strategies

By means of interpolation it is possible to synthesise speech with voice char-
acteristics that were not included in the initial training database, as detailed
in [3]. Here we also use style as a placeholder for speaker identity, speaking
style or emotions represented as S1,S>, ..., Sy and the corresponding models
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Figure 5.1: Short-term parameter generation while interpolating multiple models.
Reactive and continuous model interpolation is achieved by controlling
the interpolation weights used for every phoneme independently.

as A1,A2,...,AN. Let Ag be the average voice model [39], i. e. the model trained
on all the available training data. Sy is obtained by the weighted sum of the
mean and variance vectors of certain styles (Equation 5.1 and Equation 5.2).

Depending now on the interpolation strategy, i. e. the manner in which the
weights are set and the models are selected, we can:

e blend two or more arbitrary styles, by simple interpolation between two
or more arbitrary models Ay,;

e inhibit a given style, by interpolation between a model A,, and the av-
erage model Ap;

e exaggerate a given style, by interpolation between a model A,, and the
average model Ag, extrapolating beyond the model A;

e invert a given style, by interpolation between a model A, and the aver-
age model Ay, extrapolating beyond the average voice model Ap;
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Figure 5.2 illustrates these strategies. More specifically, blending between
styles creates an in-between style. Inhibition smoothes/softens the style of
model A, and exaggeration controls its intensity. Finally, inversion creates the
opposite/negative of a style®.

exaggeration A

A2
QO inhibition
@)
blending - & o ; o
X 5 O inversion A
Ao =
)\3 average model .

Figure 5.2: Exaggeration, inhibition, inversion and blending of given styles by
means of linear interpolation [TdAR14].

All these interpolation strategies are initially developed for the original
system, HTS, yet in that framework it is not possible to continuously browse
the complete stylistic space of the available models and observe the tran-
sitions between different interpolation combinations. On the other hand,
pHTS makes the interactive exploration of a database possible, and in many
cases it simply makes it fun. Completely new styles can be built by com-
bining any of the existing ones with refined transitional weights for every
feature stream, enabling the free browsing of the complete stylistic space.

5.1.3 Reactive large-scale interpolation

It becomes obvious from Equation 5.1 and Equation 5.2 that by means of
linear interpolation we can use up to N number of models in order to obtain
the style S and its corresponding A model. Although, in theory N can grow
up to oo, from the literature [80], [81] we see that in most cases it is not
larger than five. The question that rises here is what happens if we use
simultaneously more that 10 models? What happens when we have to deal
with large-scale interpolation, e. g. 20, 100, 200 or even 500 models at a time?

2 This is a mathematical interpretation of interpolation.
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In the usual context of speech it is not so meaningful to interpolate many
models at a time since in most cases the results are very averaged. However,
this is due to the fact that usually all the feature streams of the models are
interpolated in the same way while “traveling” from one style to the other.
On the other hand, the creation of more complex styles, not included in the
initial recordings, might require more sophisticated interpolation strategies
as well. For example, in order to create style S, we might need to interpo-
late the spectral features of style C created by A models (1 < ¢ < N), the
excitation features of style E created by A, models (1 < e < N) and the dura-
tions of style D created by Aq models (1 < d < N), combined also with non
uniform weights.

As the number of interpolated models increases so as to generate the
parameter trajectories, the demand of memory and computational power
increases equally whether it targets a complete utterance (HTS) or just a
phoneme (pHTS). The main difference though between HTS and pHTS is
that, in the first case, even if the complexity results in computations that are
not realtime (i. e. slower than the duration of the corresponding sound) it
does not appear in the final output received by the user. However, in the lat-
ter case if the computations are not efficient enough it results in delays and
glitches that give an unpleasant result and degrade the final speech quality.
We apply this reactive large-scale interpolation approach in Section 5.3 and
actually create an interactive accent control application in Section 7.1.4.

5.2 INTERACTIVE MODIFICATION OF THE DEGREE OF ARTICULATION

In [79], [82] Picart et al. detail how the degree of articulation can be contin-
uously controlled in the HMM-based speech synthesis framework. An av-
erage voice model, corresponding to neutral speech is adapted by means of
Constrained Maximum Likelihood Linear Regression (CMLLR) transformed
with hypo- and hyper-articulated speech data. “Hyper-articulated speech”
refers to the situation of a teacher/speaker talking in front of a large audi-
ence (i.e. important articulation efforts have to be made to be understood
by everybody). “Hypo-articulated speech” refers to the situation of a person
talking in a narrow environment or very close to someone (i.e. few articula-
tion efforts have to be made to be understood). Due to the parametric rep-
resentation of speech production (segmental and suprasegmental) used in
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HMM-based synthesis, interpolation between these different speaking styles
is possible. Hence speech sentences can be synthesised on a continuous de-
gree of articulation scale. Although the use of articulatory data in HTS can
provide a more continuous phonetic space [60], controlling the degree of ar-
ticulation depending on the user preferences or adjusting the system to its
environment, such as sudden increases of noise, while the targeted sentence
is synthesised is still not feasible.

However, when these models are used in the performative HMM-based
context it is actually possible to control the degree of articulation in realtime,
and continuously browse the complete space. In the context of a collabora-
tive work around hypo- and hyper-articulated speech [AdP " 12], we had the
chance to apply our reactive model interpolation idea to a French database
that was recorded in [82] by a professional male speaker, aged 25 and native
French (Belgium) speaker. The database contains three separate sets, each set
corresponding to one degree of articulation (neutral, hypo- and hyper- artic-
ulated). For each set, the speaker was asked to pronounce the same 1359
phonetically balanced sentences (around 75, 50 and 100 minutes of neutral,
hypo- and hyper-articulated speech respectively), as neutrally as possible
from the emotional point of view. A headset was provided to the speaker for
both hypo- and hyper-articulated recordings, in order to induce him to speak
naturally while modifying his degree of articulation. Further details can be
found in [82]. In [79] and this work, our average voice model corresponds to
the standard neutral HMM model, using 75-dimensional Mel Generalized
Cepstral (MGC) coefficients [75], including their first and second derivatives.
For each degree of articulation, this neutral HMM model is adapted using
CMLLR, with hypo- and hyper-articulated speech data to produce a hypo-
and hyper-articulated HMM models.

5.2.1  Evaluation

In this Section, our goal is to evaluate how realtime interpolation between
various models can be perceived by the user. Here, we present the results of a
subjective test that we conducted to evaluate the user’s perception of abrupt-
ness/fluidity in transitioning between hypo- and hyper-articulated speech,
although this approach can be applied to any interpolation strategy. For this
test, we address the idea of varying speaking style along the sentence, as
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if an external condition had changed it: sudden background noise, listener
reactions or gestures, change of emotion, etc. We are interested in how a
time-varying continuous control (in this case of the degree of articulation)
is perceived by the listener, as a way to evaluate what level of refinement is
needed in a context-reactive speech synthesiser.

Experimental protocol

For this subjective evaluation, listeners were asked to listen to sentences
synthesised with pHTS combined with one of the three different articulation
trajectories:

e step trajectory, where the first half of the sentence is exaggerated-hypo
(exaggerated-hyper) articulated and the second half is exaggerated-
hyper (exaggerated-hypo) articulated;

e linear trajectory, where the degree of articulation changes linearly from
exaggerated-hypo (exaggerated-hyper) articulated to exaggerated-hyper
(exaggerated-hypo) articulated over the whole sentence;

e step-linear trajectory, where the first quarter of the sentence is exaggerated-

hypo (exaggerated-hyper) articulated, the last quarter is exaggerated-
hyper (exaggerated-hypo) articulated and the degree of articulation is
linearly transitioning between the two extrema in the middle.

For the cases of linear and step-linear trajectory, the degree of articulation
is actually evolving linearly with the phoneme sequence (whose duration
is dependent upon the speech rate), and not with time. In other words, for
every phoneme we assign a different degree of articulation, but this control
is not applied linearly on time, since every phoneme has a different dura-
tion, depending on the phoneme itself as well as on the weights and the
models themselves used for interpolation. The test consisted of 30 sentences
randomly chosen among the held-out set of the database (used neither for
training nor for adaptation). Participants were asked to score the fluidity of
the transition between the two degrees of articulation. In order to do that,
they were given a continuous scale ranging from 1 (very abrupt) to 5 (very
fluid). These scales were extended one point further on both sides in order
to prevent border effects. We can also note that these sentences are relatively
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short, 2 or 3 seconds each. It means that we rather try to assess listener’s abil-
ity to discriminate short-term variations in the degree of articulation. Since
this control can only be performed with pHTS, and not with the regular
version of HTS the listening test on the perception of abruptness/fluidity in
transitioning between different degrees of articulation only involves pHTS.

Subjective evaluation

The obtained results are presented in Table 5.1. It is observed that partici-
pants could correctly discriminate between various types of changes in the
degree of articulation, happening within a sentence, as expected from the
reference [79]. Particularly the step and linear variations of the degree of in
PHTS led to a clear listener decision, respectively for considering this change
very abrupt or very fluid. Furthermore, as expected, the step-linear transition
is observed to be perceived in between the step and the linear transitions on
the abruptness/fluidity scale.

traiect trat fluidity / abruptness
rajectory strategy (1-very abrupt to 5-very fluid)
step trajectory 1.84 +0.31
step-linear trajectory 3.124+0.52
linear trajectory 3.99 £0.66

Table 5.1: Fluidity scores of the transition between the two degrees of articulation,
with 95% confidence intervals.

Varying the parameterisation of articulation changes, i. e. from step to lin-
ear, and showing that such parametrisation is discriminated by listeners is a
way to validate that the suprasegmental quality of the degree of articulation
is a meaningful parameter to be included in a reactive speech synthesiser.
Indeed, we can conjecture that quality of variation in the speaking style
is a consistent cue in verbal communication and provides useful informa-
tion on the speaker’s state and context. It can then be concluded from this
experiment that the proposed performative approach allows both a continu-
ous and reactive interpolation of models in the framework of HMM-based
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speech synthesis, which is here shown to enable a perceptually-motivated
control of the degree of articulation by the user.

Figure 5.3 gives a more complete image of the obtained results. The x axis
represents the estimated abruptness, from very abrupt to very fluid; the y
axis represents the normalised frequency of occurrence of this choice during
the test; the values for the three types of sentences are displayed. We can
observe that there is a correlation between the type of sentence presented
to the listeners and the maximum frequency on the abruptness axis. Indeed,
step trajectories in the degree of articulation are perceived as abruptly chang-
ing, and linear trajectories in the degree of articulation as fluidly changing.
We can also highlight some correlation between the step-linear trajectories
in the degree of articulation and the middle of the abruptness axis, although
the maximum of that frequency curve seems to be slightly on the fluidly
changing side of the abruptness axis.
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Figure 5.3: Fluidity scores of the transition between the two degrees of articulation,
when using step, step-linear or linear control trajectories.

5.3 INTERACTIVE ACCENT INTERPOLATION
As detailed in Section 5.1, reactive and continuous model interpolation is

possible, while preserving the intelligibility and naturalness achieved by the
conventional HMM-based speech synthesis system [Section 4.3]. However,
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this reactive control is applied on only three different models. On the one
hand this is enough as a proof of concept but on the other hand it is lim-
ited by the small number of available models. We think that it is important
to have reactive and continuous model interpolation also in large-scale [Sec-
tion 5.1.3], i. e. using simultaneously several different models in the reactive
framework of pHTS. It is important to highlight here that using arbitrary
models, such as the models provided in the cMu ARrcTIC database [31], [32],
for interpolating several speaker models at the same time could show, to
some extend, if achieving the large-scale model interpolation is possible but
it would not show whether it is meaningful or not.

The availability of the Voicebank project [83] brings a meaningful use for
the reactive and continuous large-scale model interpolation. This is a col-
laborative project for voice banking and voice reconstruction, initiated in
2011, between the Centre for Speech Technology Research (CSTR) based at
Edinburgh University, the Euan MacDonald Centre for MND and the Anne
Rowling Regenerative Neurology Clinic.

The aim of this project is to create personalised voices, for use in a com-
munication aid, for individuals who have lost the ability to speak due to a
neurodegenerative disease (specifically motor neurone disease (MND)). The
CSTR voice banking corpus, which contains a total of around 500 speakers
with many and varied UK and North American accents was used to test the
proposed realtime large-scale model interpolation. Here, the stylistic model
space is actually the “accent” space. In this case, we use the term “accent”
to mean the pronunciation of individual vowels and consonants (such as the
height of a particular vowel). We assume there is, at least to a first approx-
imation, a continuum of accents: that is, accent changes gradually in accor-
dance with other speaker factors such as geographical location. Therefore,
since the acoustic realisation of phonemes gradually changes, accent can be
manipulated through the interpolation of models. In other words, given two
voices with differing accents, it is possible to create an accent “half way” be-
tween them. Similarly, given several voices it is reasonable to create an accent
“somewhere” in-between them (i. e. blending). As described in Section 3.2.5,
speaker adaptation can be performed by adapting an average voice model
(AVM) to a specific target speaker by means of Maximum A Posteriori esti-
mation (MAP) or Maximum Likelihood Linear Regression (MLLR). In this
work from our speaker database, we choose different accents, i.e. Scottish,
English, North American, Australian and we build an accent AVM for each.



5.3 INTERACTIVE ACCENT INTERPOLATION

When these accent AVMs are built, by means of MLLR or MAP, we can adapt
them to any speaker with any accent. As shown above, the interpolation be-
tween these different speaking styles is possible allowing us to synthesise
speech sentences on a continuous accent degree scale in realtime. It is im-
portant to note here, that varying the dialect of a TTS synthesis is more
complex because this can involve changes beyond accent, into the phonol-
ogy, vocabulary and grammar of the language; it is no longer reasonable to
assume there is a continuum and one must deal with discontinuities, such
as abrupt changes in the phonology (e.g. the number of phonemes in the
language). An example of this can be found in [58].

For the interactive accent interpolation, it is important to separate our
speaker accent from other characteristics somehow so listeners can pay atten-
tion only to accent transitions. One choice might be to use a single speaker
who can produce all accents correctly. However, this is impractical: it would
be hard or impossible to find such a speaker. Instead, we decided to use
multiple speakers who have similar voices. By interpolating their acoustic
models we obtain an average voice whose main distinguishable characteris-
tic is the accent itself. In this case, the listeners only hear such an interpolated
voice (i. e. never that of a single speaker).

Using the pHTS framework, we have prototyped interactive accent control
of the HMM-based speech synthesiser where accent is controlled by means
of a stylistic (i. e. accent) mixer, as illustrated in Figure 5.4. As users inter-
act with the system, the perceived accent gradually changes depending on
the particular speakers being interpolated. For any given model A, users
are able to “invert”, “exaggerate”, or “inhibit” it. Combining then all the
weights wy, the final accent S; and its corresponding model A; are obtained.
As a result, a completely unique accent is created for every phoneme of the
sentence as it is being generated.

For simplicity reasons, when using the accent mixer only ten accent mod-
els were randomly selected from the complete corpus based on gender, i.e.
either male or female voices. Although it is possible to have a mixer sepa-
rately for every feature stream (i. e. here duration, spectrum and excitation)
of the provided models, again for simplicity reasons in this case we use the
same interpolation weight for every feature stream. This was a first test case
for the large-scale interpolation, where simple sliders are employed to set
the wy, weight for every A, used. A complete application of this work, using
the full Voicebank corpus combined with a more meaningful geolocalized
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Figure 5.4: Creating a unique accent by means of model interpolation when using a
accent mixer to set the interpolation weight vector.

interpolation control, can be found in Section 7.1.4. Note here, that inter-
polating between several voice models is a computationally heavy process,
which can lead to saturation and delays in the final speech output.

Although sliders give a good visual feedback to the user on how the stylis-
tic space is being browsed, it becomes rather complex when many models
are involved. Such an approach is more suitable for the previously detailed
reactive control of the degree of articulation3, but not so much in this more
complex case. In order to provide more meaningful controls over the inter-
polation weights (i. e. over the whole model or separately over every feature
stream) the stylistic mixer can have other forms than a collection of simple
sliders. Figure 5.5 illustrates two possible (but not limited to) representation
forms. In the first case, we use distance to set the interpolation weights while
in the second case we use a quantitive approach.

When using distance, the stylistic mixer has the form of a graph. We rep-
resent every accent (i.e. model) in a space using circles, distributed either
randomly or clustered based on certain characteristics. Let A be also repre-
sented as a circle, but in this case a distance between the existing models
is created (Figure 5.5a). Then by moving the A, models closer to or further
from the A, the distance dist(An,A) is set and thus the corresponding inter-
polation weights are set. The closer a model is to A the higher its weight is
and the further it is from the A the smaller its weight is. In this approach, the

3 Reactive control of the articulation degree demo (visited June 2014): https://vimeo.com /53605118
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Figure 5.5: Using either a graph-formed or a piechart-formed stylistic mixer for in-
teractive model interpolation.

“exaggeration” of a style is possible by increasing the size of the circle repre-
senting a model A,,, and respectively by decreasing the the size of the circle
the style is “inhibited”. In order to “invert” a style then negative distance
must be defined.

When using quantity, the stylistic mixer takes the form of a “piechart”.
Here, every A, is presented as a sector while A itself is the collection of the
sectors, i.e. the complete “piechart” (Figure 5.5b). By increasing or decreas-
ing the angle of a sector angle(An,A), the interpolation weights of every
model are defined accordingly. The bigger the angle, the higher the weight
is, and respectively the smaller the angle, the lower the weight. Increasing
and decreasing the radius of a sector results in “exaggeration” and “inhibi-
tion” of a style respectively. Finally, defining a negative sector angle results
in style “inversion”. Again, it is possible to control the interpolation weights
for all feature streams of a model either collectively or separately. Note here
that the presented distance and quantity stylistic mixers were not tested in the
context of interactive accent interpolation. However they are expected to be
evaluated in a different interpolation case with a more simplified form (i.e.
supporting only “blending” and not “exaggeration”, “inhibition” or “inver-
sion”) as detailed in Section 7.1.6. It is important to highlight that the actual
mapping strategy and computation of the interpolation weights is let to the

designer to define.
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Some preliminary tests indicate that it was difficult to distinguish between
different original accents, or interpolated accents, even when referring to
native english speakers, since they have to be exposed to these accents. Al-
though it is not straightforward to formally evaluate the proposed interactive
accent interpolation control we can certainly demonstrate that the manipula-
tion of accent in realtime is possible and that it could result in the implemen-
tation of various applications, i. e. for speech therapy and pedagogy or even
for cultural heritage (i. e. geolocalized evolution or immigration of accents).

5.4 DISCUSSION

Even though model interpolation is possible with HTS, this is done over all
the generated speech parameter trajectories, resulting in a full sentence with
a constant (and hence not a transitional) speaking style, emotion, etc. There-
fore it is important to highlight that this control can only be performed with
PHTS. Indeed, it takes the short-term generation of speech parameter trajec-
tories described in Section 4.1 to actually be able to perform continuous and
reactive modification over the provided models in realtime, as the speech
samples are generated.

In the first application of interactive model interpolation we used mod-
els for neutral, hypo- and hyper-articulated speech and synthesised sen-
tences where the degree of articulation varies linearly over the synthesised
phonemes. Since every phoneme has a different duration, that is influenced
also by the articulation models used, the final articulatory transitions are
not linear in time. Results obtained from the subjective evaluation show that
users can discriminate between different trajectories transitioning from one
degree of articulation to the other. This type of model interpolation con-
trol can only be performed with pHTS and not with the regular version of
HTS. Hence, it is difficult to obtain any objective or subjective comparison
between the two systems. Since pHTS has almost similar segmental quality
to HTS [Section 4.3] we conjecture that, likewise, in the context of reactive
model interpolation there is negligible quality degradation. Furthermore, we
demonstrate that large-scale interpolation is feasible in realtime, and limited
only by the hardware (i.e. tested on a standard personal computer). Pre-
liminary tests of the interactive accent control show that even though the
proposed accent control mechanism is meaningful for the user, the expres-
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siveness of the output is not clearly perceived since the voice differences
are very slight between neighbouring speakers and not clearly perceived by
non-native english speakers.

In both demonstrated cases, the model manipulation is phoneme-based
and no restriction as to how and when modifications could be made were
imposed. This allows the user to generate arbitrary patterns for the resulting
speech, which generally sound very similar but may sound rather unnatural
in some cases. Setting more restricted patterns to convey the final target,
such as the ones used in natural human speech, could probably lead to
more distinguishable results. To allow meaningful manipulation at a higher
level so as to enable suprasegmental control of expressiveness, we would
need to use a better underlying model such as longer-unit model [84], [85]
and a statistical model that is based on a physical model [86] to restrict the
modifications of accent and degree of articulation to a subset of possibilities
that sound more natural. Further evaluation - both objective and subjective
as well as user studies - would be beneficial for our research. Additionally,
it would be interesting to have the point of view of linguists and native
speakers (e. g. English and French in our cases).

Independently of the applied interpolation scheme in the large-scale con-
text, there are some aspects that can benefit from improvement. First, it
would be interesting to optimise the existing implementation in order to
make it less computationally heavy and memory demanding. Further opti-
misation could be achieved by pruning the available styles. For example, in
the case of accent, to linguistically prune the available voices. Such a prun-
ing would lead to only keeping the most interesting voices in terms of the
targeted style (e.g. accent), and therefore use more efficiently the available
memory and CPU of a given device.

We think that pHTS is among the first tools that allows us to explore
interactive browsing of stylistic databases. Additionally, by controlling the
interpolation weights separately on every feature stream, the possible tran-
sitions and combinations are infinite. This opens the doors for creating com-
pletely new refined styles as well as investigating transitions and combina-
tions among various styles and their feature streams.
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The controls that have been available until now, have been over the acous-
tic features, as used in both the conventional HMM-based speech synthesis
and pHTS. These parameters are the ones required by the vocoder. Such
parameters do not necessarily have a “physical” or “intuitive” meaning to
the user. However, the physical nature of human speech production means
that an articulatory parameterisation of speech has interesting properties.
The articulatory features quantitatively describe the positions and the con-
tinuous movements of a group of human articulators, such as tongue, jaws,
lips, velum. Such features have relatively slow evolution through time, they
are not influenced in the same way by acoustic noise and other environmen-
tal conditions. They can provide a straightforward and simple explanation
for speech characteristics and they provide meaningful interpretation of the
speech production to the user.

A method for integrating articulatory features in HMM-based speech syn-
thesis has already been proposed [60],[61], where the articulatory features
were recorded using electromagnetic articulography (EMA). In this method,
a unified acoustic-articulatory model is trained and a piecewise linear trans-
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form is adopted to model the dependency of the acoustic features on the
articulatory features. During synthesis, the articulatory features are gener-
ated from the previously trained models. Then, these generated articulatory
features can be manipulated in arbitrary ways which in turn affect the gen-
eration of acoustic features. In this way, the characteristics of the synthetic
speech can be controlled via an articulatory representation. The motivation
of the work described here is to see whether reactive articulatory control is
possible, to evaluate the results and then to explore the potential of differ-
ent interactive applications that take advantage of the physical nature of the
articulators.

Given the unified acoustic-articulatory model and a set of phonetic la-
bels, it is possible to reactively generate the target speech samples. Simul-
taneously, it is possible to influence the generated articulatory features by
replacing them with the user input. In this way, we can achieve the goal of
altering the generated speech samples at the articulatory level rather than di-
rectly at the acoustic level. In Section 6.1 we detail the modification in pHTS
in order to generate and alter articulatory features in realtime. Section 6.2
presents the objective and subjective evaluation of this approach. Section 6.3
describes the reactive controls over the generated articulatory features, while
in Section 6.4 we discuss the results and the challenges of manipulating the
articulatory data in realtime.

6.1 REACTIVE SYNTHESIS USING ARTICULATORY FEATURES

In HMM-based speech synthesis, a sequence of contextual phonetic labels
is used to predict an optimal state sequence and the duration, in frames, of
each state. In the case of acoustic features (i.e. spectral parameters), a state
j corresponds to a multivariate Gaussian distribution whose parameters are
1, its mean vector, and Xj, its covariance matrix. Given these parameters,
the sequence of states and their durations are used to generate an optimal
sequence of acoustic features X that are then combined with synthetic source
parameters to synthesise speech using, for instance, a vocoder. As detailed
in Chapter 3 and in Chapter 4 respectively, the state sequence and the com-
putation of parameters are performed by means of either the one-pass or the
shifting short-term window approach.



6.1 REACTIVE SYNTHESIS USING ARTICULATORY FEATURES

The framework for HMM-based parametric speech synthesis has been ex-
panded in [61] so that the acoustic models become dependent on articulatory
features. One of the methods presented is called “feature-space-switched
multiple regression HMM” (FSS-MRHMM). MRHMM consists in replacing
the mean vector p; of each state by a linear combination of synthetic articula-
tory features &; and p;, before computing the optimal sequence of acoustic
features. Therefore, the Gaussian distribution for each state t is defined as

bj(xtly¢) = N(xe; Ac&e + 15, Z5) (6.1)

with x{ a vector of static acoustic features and their first and second deriva-
tives. A is the articulatory-to-acoustic projection matrix and &; is an ex-
panded articulatory feature vector, which means it contains [yI, 1], with y,
a vector of static articulatory features and their first and second derivatives.

Usually, y; is generated using standard HMM-based synthesis with its
own specific models of articulatory features. However, these features can be
generated within the sliding window of ST-MLPG as detailed in Chapter 4.
Additionally, they can be replaced by other values, based on either phonetic
knowledge or user influence and thus modifying the identity of the synthetic
phonemes (i. e. consonants, vowels, even full trajectories).

More specifically, in the case of FSS-MRHMM, a finite set of M matrices
{A1,...,Am]} is trained along with an M-mixture Gaussian mixture model
(GMM)) of the articulatory space. Then, at synthesis time, instead of a single
Gaussian the probability density function of each state is written as

M
bj(xtlyy) = Z Ck(ON{xe; A& + 1y, Z5) (6.2)
k=1

where (i (t) is the probability for the mixture component k given y;. How-
ever, with such a model, the parameter generation would require to use an
expectation-maximization-based iterative estimation [87]. The expectation-
maximization (EM) algorithm cannot be applied in the context of a reactive
application such as pHTS and we simplified it by considering only the mix-
ture with maximum (i (t), as proposed in [61].
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Therefore, Equation 6.2 is rewritten as

k = argmax (k(t) (6.3)
k=[1,....M]
bj(xt[y) = N(xe; A& + Uj/Zj) (6.4)

Therefore, at synthesis time the parameter generation criterion becomes

.
PIXIY,A, %) = ] ] by (xelye) (6.5)
t=1

where A is an HMM, q* is the optimal state sequence predicted using the
trained state duration and T denotes the total number of frames (i.e. total
number of states). Finally, Equation 6.5 is solved as detailed in Section 3.2
and in Section 4.1 respectively for the offline and realtime approach. Further
details on the training of the different models (acoustic, articulatory, GMM
and Ay) can be found in [61].

More specifically, in pHTS during synthesis, a given sequence of context-
dependent phonetic labels is used to concatenate the context-dependent
HMMs within the sliding window. The articulatory features are then pre-
dicted from the sequence HMMs by means of a short-term maximum out-
put probability parameter generation algorithm that incorporates dynamic
features. It is possible though during synthesis that &;, the generated articu-
latory features, may be modified or replaced either by user input or accord-
ing to phonetic knowledge (as explained in [61]). Hence, the corresponding
acoustic features are then generated, using Equation 6.3 and Equation 6.4,
in order to reflect those articulatory changes. The speech waveform is then
synthesised from the generated mel-cepstral and FO parameter sequences
using Mel Log Spectrum Approximation (MLSA) filter [48], with pulse-train
(voiced frames) or white-noise excitation (unvoiced frames).

As explained in Section 4.1, only the current phonetic label (and if avail-
able, the two previous labels) is taken into account for the feature generation
and therefore the generated parameter trajectories are locally-maximised.
Here, for every phonetic label, the articulatory features are generated, tak-
ing into account the control of the user over the articulators (if any). Then,
the acoustic features are generated in order to correspond to these articula-
tory features, as illustrated in Figure 6.1. The aim of this approach is to use
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the articulatory features in order to replace to some extent the predefined
context and to modify the acoustic features accordingly. In other words, the
intention is to reactively alter a given context and its acoustic features by
using only modifications over the articulatory features provided by the user.
The user controls can be applied to the current phonetic label, without any
dependencies on succeeding phonetic labels.

B preceding labels current label M succeeding labels

articulatory articulatory features
N OO )
P A1 K MFix 1
2 it A
/’ C
\ —Y ] %
[ acoust b ean of acoustic features ~~
08880 ||| —
) J W e
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Figure 6.1: Realtime generation of acoustic features with articulatory control using
acoustic-articulatory model.

6.2 EVALUATION

Both objective and subjective experiments were conducted in order to eval-
uate the similarities between trajectories generated using HTS (MLPG algo-
rithm - System I & System III) and trajectories generated using pHTS (ST-
MLPG algorithm - System II & System IV). Although the results obtained
in Section 4.3 show that objectively HTS and pHTS have very similar qual-
ity and subjectively the differences are indistinguishable among users, it is
important to see how the speech quality is influenced by adding the articula-
tory features. The two synthesis methods are compared while using models
trained on a multichannel articulatory database as detailed in [60].

6.2.1  Experimental protocol

As described in [60], the multichannel articulatory database contains 1263
phonetically balanced sentences, read by a male British English speaker.
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Both acoustic waveforms and articulatory data (EMA) were recorded simul-
taneously. 1200 sentences were used for the training while the remaining 63
were held out as a test set. The six EMA sensors recorded the three dimen-
sional spatial location of the following articulators: tongue dordum, tongue
body, tongue tip, lower lip, upper lip and lower incisor, as illustrated in Figure 6.2.
Relative to viewing the speaker’s head from the front, the x-axis represents
the front-back movements, the y-axis represents the bottom-top movements
and the z-axis represents the right-left movements. However, since the move-
ment on the z-axis is negligible, they are not taken into account, and hence
only the x- and y- coordinates are included in the database. For every frame
we have 12 static articulatory features, i.e. which can also provided 12 de-
grees of freedom, 6 for the x-axis and 6 for the y-axis, the composed FO and
40-order frequency-warped LSPs [88] plus the gain dimension, which is then
converted into the traditional 40-order Mel Generalized Cepstral (MGC) [75].

nose
i UL :upperlip
solid N . LL :lower lip
palette™~p__ nostrils ) jaw
(""»‘ C)XX ;; &.UL T1 :tongue dorsum
mouth Q TIT2T3 XX jiil T2 :tongue body

1/ T3 :tonque tip

Figure 6.2: Placement of the 6 EMA receivers in the database used for the experi-
ments. Only the x- and y- coordinates are included in the database.

It is important to highlight here that the 40-order LSPs are used with the
STRAIGHT vocoder [69] while the 40-order MGCs are used with the stan-
dard MLSA vocoder. Actually, the reason that we convert our LSPs coeffi-
cients into MGCs, is that we do not have a realtime version of the STRAIGHT
vocoder. Thus we need the MGCs so that we can synthesise the targeted
output reactively by means of MLSA filtering. More specifically, LSPs and
MGCs are both generated in realtime, but in the first case we save the LSPs
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in a file and then use the STRAIGHT vocoder to create the audio samples
offline, while in the second case we employ the MLSA vocoder and our sam-
ples are created in realtime. In order to ensure that state durations do not
vary and be able to objectively compare our results on a frame-by-frame ba-
sis, synthesis was forced to use the phoneme durations, ensuring that both
LSP and MGC-based synthetic speech samples are synchronous and com-
parable. However for the subjective evaluation the phoneme durations are
modelled and not forced.

6.2.2  Objective evaluation

In order to evaluate the distortion introduced by pHTS, when combined
with articulatory features, we make use of objective quality measurements
by applying two different metrics, previously used in related research [76]
and this work [Section 4.3]. The first metric used is the Mel-Cepstral Distortion
(Mel-CD), expressed in decibel (dB), a distance measure calculated between
the target and the estimated mel-cepstrum. The second metric used is the
Root-Mean-Square Error of the fundamental frequency (FO-RMSE) expressed
in Hertz (Hz). Note that the FO-RMSE is computed for frames where both
data models are considered to be voiced, since FO is not observed in unvoiced
regions. Additionally, we use as a third metric the Euclidean Distance (ED),
expressed in millimetres (mm), a distance measure calculated between the
target and the estimated position of the EMA features.

Table 6.1 shows both the Mel-Cepstral Distortion and the Root-Mean-Square
Error of the fundamental frequency averaged over the the phoneme and the
vowel set respectively, over the 63 test sentences, with 95% confidence inter-
vals. Figure 6.3 illustrates the obtained results as graphs.

Results indicate that the proposed pHTS system (ST-MLPG algorithm)
lead to very similar segmental quality to the original one (MLPG algorithm)
when articulatory features are integrated. Indeed, less than 1 dB as spectral
difference and less than 3 Hz of frequency difference is observed when com-
puted on phonemes while less than 2.5 dB as spectral difference and less
than 6.5 Hz of frequency difference is observed when computed on vowels.
However, we see that the distortions are higher when articulatory features
are introduced than those obtained in Section 4.3.2. Although the results are
encouraging, it is known that measuring distortion on any speech parame-
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HTS vs. pHTS

- FO-RMSE [H

with EMA features Mel-CD [dB] [Hz]
phoneme set 0.874 £ 0.08 2.686£0.10
vowel set 2.409 +0.09 6.080 +0.12

Table 6.1: Mean Mel-CD (in dB) and Fo-RMSE (in Hz) introduced when comparing
HTS to pHTS, combined with articulatory features, computed over the
phoneme and vowel set, with 95% confidence intervals.

M all phonemes I all vowels W all phonemes = all vowels

o
o

Mel-CD [dB]
N
RMSE [Hz]
S

N

| -
0 N 0
HTS vs. pHTS with articulatory features HTS vs. pHTS with articulatory features

(a) Mean Mel-CD (in dB) computed over (b) Fo-RMSE (in Hz) computed over the
the phoneme set and vowel set. phoneme set and vowel set.

Figure 6.3: Mean Mel-CD (in dB) and Fo-RMSE (in Hz) introduced when comparing
HTS to pHTS, combined with articulatory features, computed over the
phoneme and vowel set, with 95% confidence intervals.

ter trajectory only gives a partial understanding of how the suprasegmental
quality is affected by these synthesis modifications. Hence, this objective
evaluation is completed with a set of subjective tests that cross-compare the
influence of pHTS when it is combined with articulatory features. The ob-
tained user preferences are detailed in Section 6.2.3.

Table 6.2 and Table 6.3 show the Euclidean Distance averaged over the
phoneme and the vowel set respectively, over the 63 test sentences for every
EMA point for both x- and y- coordinates, with 95% confidence intervals.
Additionally, Figure 6.4 gives a graphical representation of the obtained re-
sults for better comparison.
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HTS vs. pHTS
with EMA features
(over phoneme set)

Euclidean Distance
x-coordinate [mm)]

Euclidean Distance
y-coordinate [mm]

overall

tongue dorsum
tongue body
tongue tip
lower lip
upper lip

lower incisor

0.095+0.08
0.095 £0.01
0.127 +£0.02
0.124 £0.01
0.121 £0.03
0.066 +0.03
0.034 £0.01

0.078 £0.09
0.104 £0.01
0.115+£0.02
0.110£0.01
0.052 +£0.03
0.027 £0.02
0.057 £0.01

Table 6.2: Euclidean Distance in (mm) between EMA positions generated by HTS and
pHTS, when combined with articulatory features (6 EMA points) and
computed over the phoneme set for both x- and y- coordinates, with 95%

confidence intervals.

HTS vs. pHTS
with EMA features
(over vowel set)

Euclidean Distance
x-coordinate [mm)]

Euclidean Distance
y-coordinate [mm]

overall
tongue dorsum
tongue body
tongue tip
lower lip
upper lip

lower incisor

0.099 +0.04
0.106 £ 0.01
0.122+£0.02
0.119 £0.02
0.134 £0.01
0.077 £0.01
0.035+0.02

0.078 £0.05
0.103 £0.01
0.116 £0.03
0.113+£0.02
0.053 £0.02
0.026 £0.01
0.059 £0.02

Table 6.3: Euclidean Distance in (mm) between EMA positions generated by HTS and
pHTS, when combined with articulatory features (6 EMA points) and
computed over the vowel set for both x- and y- coordinates, with 95%

confidence intervals.
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(b) Euclidean Distance in (mm) computed over the vowel set.

Figure 6.4: Euclidean Distance in (mm) between EMA positions generated by HTS
and pHTS, when combined with articulatory features (6 EMA points)
and computed over the phoneme and vowel set for both x- and y- coordi-
nates, with 95% confidence intervals.

As indicated from the obtained results the proposed pHTS system (ST-
MLPG algorithm) the generated positions of the EMA points are very close
to those generated by the original one (MLPG algorithm). Actually, we see
that the overall difference is about 0.09 millimetres when computed on both
the phoneme and the vowel set. Likewise, the results are encouraging, but
we can not argue how these distortions are perceived by the users without
subjective evaluation, as presented in Section 6.2.3.

It is evident here that the distortions in the segmental quality are higher
than those presented in Section 4.3.2. This is not so surprising, since here
we introduce an additional feature stream, i.e. the articulatory, that once
generated influences the final quality of the output. Hence, probably due
to the fact that there is initially some distortion introduced in the genera-
tion of the articulatory features themselves, as shown in Table 6.2 and Ta-
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ble 6.3, the generation of spectral and excitation features is influenced in
consequence, resulting in higher distortions than expected in the acoustic
domain, yet still limited. It is probable, that for better estimation of the artic-
ulatory features a larger observation window could be needed than the one
used here, containing a larger number of preceding and succeeding pho-
netic labels. Another factor influencing the quality, could be the conversion
of the frequency-warped LSPs into the traditional Mel Generalized Cepstral
(MGC). However, this is something that cannot be avoided, without retrain-
ing the whole database, since MGCs are essential for the realtime MLSA
filtering. Note that both assumptions are not tested in this work.

6.2.3  Subjective evaluation

The subjective evaluation of HTS and pHTS along with the articulatory fea-
tures is conducted via a Comparative Mean Opinion Score (CMOS) test, so
that we can evaluate our results using the STRAIGHT or the MLSA vocoder.
It is important to clarify here, that there was no cross-comparison between
vocoding methods. Here listeners grade the perceived naturalness and intelli-
gibility of a speech signal in relation to a reference speech signal. The CMOS
scale is a 7-point scale ranging from —3 for much worse to +3 for much better
with 0 for about the same.

A group of 23 people participated to the test comparing HTS to pHTS com-
bined with articulatory features using either the STRAIGHT or the MLSA
vocoder. Participants were speech and non-speech experts, native and non-
native English speakers. Each test was composed of 24 randomly-chosen
sentences. Here the durations were modelled and not forced, since frame-
by-frame comparison is not needed. For each sentence, subjects were asked
to listen to both versions (randomly shuffled) and to attribute a score accord-
ing to their over-all preference. It is important to highlight here that there is
not cross-comparison between vocoders, since the target of this experiment
is not the comparison of the vocoding quality but the comparison of the
quality of the generated acoustic features generated by pHTS and HTS.

Table 6.4 shows the preference scores when comparing HTS to pHTS with
articulatory features when using either the STRAIGHT or the MLSA vocoder,
as well as the overall preference of the used synthesis method. Here positive
values indicate preference for the HTS approach. Results are presented for
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both naturalness and intelligibility, with 95% confidence intervals. Figure 6.5
illustrates the results as graphs for easier comparison.

CMOS [7-scale] overall STRAIGHT MLSA
naturalness 0.224 +0.08 0.2854+0.12 0.162 +0.10
intelligibility 0.214 £0.08 0.221 £0.13 0.208 £0.12

Table 6.4: Preference scores when comparing HTS to pHTS along with articulatory
features when using either the STRAIGHT or the MLSA vocoder, with
95% confidence intervals. Positive values indicate preference for the HTS

approach.
= overall = STRAIGHT vocoder = MLSA vocoder
(HTS vs. pHTS + EMA) (HTS vs. pHTS + EMA) (HTS vs. pHTS + EMA)
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Figure 6.5: Preference scores when comparing HTS to pHTS along with articulatory
features when using either the STRAIGHT or the MLSA vocoder, with
95% confidence intervals. Positive values indicate preference for the HTS
approach.

It is evident that the scores obtained with this test show that we stay be-
tween 0 and 1, i.e. about the same and slight preference for the standard ap-
proach. While being noticeable, it means that the introduced distortions are
not stressed by the listeners as a real issue regarding the suprasegmental
quality, using either STRAIGHT or MLSA as a vocoding method. This most
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likely indicates that introducing the articulatory features slightly degrades
the quality when it comes to the reactive approach, however without signifi-
cant importance for the users. On the other hand incorporating articulatory
features introduces a different level of control and flexibility that we think is
interesting for its realtime aspect.

63 REACTIVE ARTICULATORY CONTROL

As detailed in Section 6.1, reactive and continuous control of the articula-
tory feature stream is feasible, while preserving the intelligibility and natu-
ralness achieved by the conventional HMM-based speech synthesis system
[Section 6.2]. Indeed, until now manipulation of the acoustic features could
be achieved only based on prior phonetic knowledge reflected on the artic-
ulators. However here, we have shown that the user can influence indepen-
dently the position of the EMA points for every phonetic label in realtime.
This means, that it is possible to manipulate vowels, consonants even full
phonetic trajectories simply by changing the values of &; in Equation 6.4.

6.3.1  Reactive articulatory control application

Using the pHTS framework, we present our first attempt to give control-
lability to the user by means of simple sliders. The aim of this work is to
investigate how users interact and control the articulators in order to manip-
ulate the overall characteristics of synthesised speech, as well as the identity
of specific vowels. We prototyped an interactive application for the manip-
ulation of all 6 EMA points, where the x- and y- coordinates are controlled
by means of an “articulatory” mixer (similar to the one in Section 5.3), as
illustrated in Figure 6.6. As users interact with the system, the influence of
the articulatory controls over the acoustic features is gradually perceived.
This was a first test case for the reactive control of the EMA points, which is
reflected on the final acoustic features, where simple sliders are employed to
adjust the initially generated coordinates. Although sliders give a fair visual
feedback to the user on how the articulatory space is being browsed, it be-
comes rather complex since there are 12 degrees of freedom, i.e. the x- and
y- coordinates of the 6 EMA points. Moreover these sliders do not really pro-
vide a meaningful control or any “physical” feedback to the user. In order to
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tackle this, we combine this work with a reactive vocal tract application for
better visualisation and more meaningful controls. A complete description
of this can be found in Section 7.1.5.

articulatory mixer 3 < 2
T mapping articulatory to acoustic features

™

position

I

] I l AN\~

Figure 6.6: Controlling the articulatory features in order to manipulate the acoustic
features through a realtime articulatory to acoustic mapping.

6.3.2 Challenges

One of the aims of this work is to allow the user to reactively control the
speaking style as well as the content by modifying the articulatory features.
However, the movement of the articulators is so fast that the user is not able
to input the expected movements fast enough through the interface. There-
fore, instead of trying to contextually manipulate a full phrase we decided
to transform only one vowel into another. This simplifies the problem of the
fast changing articulatory position but introduces the problem of the dura-
tion of the synthesised vowel. When a single phoneme is synthesised with
the standard model duration it is too short to be intelligible. Hence, in this
case we synthesise long vowels by increasing the generated duration of every
state, using a bigger scale factor for the stable state (e.g. 10, 20 or 50 times
longer than the original duration), followed by a long pause. The drawback
of this approach is that it increases the latency since we apply controls/com-
putations one phoneme at a time and here the vowel/phoneme duration is
scaled up. In other words, setting the duration of the stable state 50 times
higher, results in a very long phoneme that need to be processed and gener-
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ated before any additional controls may be applied. To tackle this issue we
developed a state-by-state generative approach detailed in Section 8.2.4.

As a test case, the user is asked to listen to a vowel synthesised using
phonetic labels and by moving the six EMA points reactively from the inter-
face (either sliders or reactive vocal tract) to transform it into another target
vowel. However, after some exploratory tests we see that this approach re-
quires from the user to move the six EMA points, in the two dimensional
space (12 degrees of freedom) accurately enough so that he will achieve the
acoustic target. Such a task is very demanding and rather difficult, and in
most cases the user does not reach the target. Moreover, the initial position
of the EMA points can be overwritten with any arbitrary position and with
any speed, which may result in movements of the articulators that do not al-
ways respect the “physiology” and “mechanisms” of the human articulators,
and thus the output becomes “unstable”. What makes this task more diffi-
cult is that we use context-dependent models. Although the FSS-MRHMM
approach can determine the regression matrices without using context infor-
mation, the y; and X as shown in Equation 6.4 are still context-dependent.
More specifically, the required modifications over the articulatory features
(EMA points) in order to acoustically achieve a target, differ depending on
the initial phone synthesised using the provided label. A solution to this
would be to use “tailored” context features, where the vowel identities are
removed for acoustic model clustering and therefore better articulatory con-
trollability can be achieved [61].

Although it is not straightforward to formally evaluate the proposed inter-
active control of the articulators and hence no proper tests were performed,
we have demonstrated that the manipulation of EMA points in realtime is
possible and that it could result in the implementation of several different
applications [Section 7.1.5], i. e. speech therapy and pedagogy or even cross-
accent speaker adaptation (e. g. changing a British English accent to an Amer-
ican one) and simulating Lombard effects in synthesised speech as an instant
response to environmental noise conditions.

6.4 DISCUSSION

In this Chapter we presented a method that enables reactive articulatory con-
trol over HMM-based parametric speech synthesis using the pHTS frame-
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work. We presented also an application that enables the user to reactively
control the position of the articulators through a graphical user interface.
We see that reactive articulatory control is feasible, and combined with an
interface allows us to explore different aspects of the speech production. Ad-
ditionally, all the reactive controls described in the previous chapters can be
applied here (e. g. prosody controls).

However, we realise that the final segmental quality of the output is more
distorted than expected from previous experiments [Section 4.3.2]. We as-
sume that the acoustic features themselves are in principle generated with
minimum distortions, however probably due to the additional articulatory
feature stream the error increases. In other words, since the realtime predic-
tion of the position of the EMA introduces some distortions, these distortions
are reflected in the final speech output through the articulatory-to-acoustic
mapping, consequently the output quality degrades. Better prediction of the
EMA points could be achieved by using a different sliding window, contain-
ing a larger number of preceding and succeeding phonetic labels. However
such an assumption needs further investigation. It would be also interesting
to examine cases of reduced and full context regarding both training and
synthesis while incorporating the articulatory features so that we estimate
the influence of the voice model itself. Similarly, such a hypothesis demands
further research. Results could also be improved by retraining the whole
models in order to use Mel Generalized Cepstral (MGC) and not frequency-
warped LSPs, so that any conversion error is avoided. Although users tend
to distinguish between standard and performative HTS when incorporat-
ing articulatory features, listeners tend not to stress the introduced distor-
tions. Actually, the obtained scores show a slight preference to the standard
method. Even though pHTS slightly degrades the final quality of the output
it brings a different level of control and flexibility for the user.

Furthermore, we realise that the manipulation of the articulators by the
user, even though it seems rather straightforward, is very demanding and
difficult. It is very easy to transform a phone into another random phone
while experimenting with the interface, but it becomes rather complicated
when a specific target vowel modification is asked. Though, every time this
work was publicly demonstrated [AMY " 13a], [Section 7.1.5] users tended to
enjoy their funny results and also tried to drive the system to its limits. There
are aspects of the system that would benefit from improvement. Currently,
there are no restrictions over the user manipulation patterns, but probably
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limiting or “guiding” the possible user controls might lead in more distin-
guishable vowel modifications. It is important to either decrease the degrees
of freedom available to the user or to allow the manipulation of only some
EMA points while the system provides the correct coordinates for the re-
maining ones. For example, a case would be where the user is allowed to
manipulate only the three EMA points over the tongue, while the remaining
three are automatically adjusted. However, such a simplification of the inter-
face must by all means be combined with using “tailored” context feature
during synthesis for better articulatory controllability.

Based on such a framework, it would be meaningful to conduct user stud-
ies and listening tests. The user studies will show us how users manipulate
the acoustic space by means of articulatory control as well as how skilled
a user should be. The listening tests will help us measure how other listen-
ers perceive the result of these manipulations. Initially, as explained above,
the user would be asked to transform a given vowel into a target vowel
only by controlling the articulatory features. The success of the user will be
determined by objectively evaluating the acoustic and articulatory features
generated by taking into account (or not) the user input for the target vowel.
Then, it would be interesting to see how other users perceive these modifica-
tions, and in addition to the objective evaluation, we would like to perform
also some listening tests to subjectively evaluate performance on the vowel
modification task. Note here that this is an ongoing research and more im-
plementations and evaluations will follow.
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In Part II we see that performative control is possible in the HMM-based
synthesis framework. However, it is important to test the proposed pHTS
framework in real applications. Thus, we built many creative test cases in or-
der to prove the contribution of pHTS. Our work though has also motivated
others to build numerous prototypes serving their own purposes. We see
that performative synthesis is indeed needed in various domains. It engages
the user, and therefore enriches the various synthesised results in ways not
possible with the standard framework, making it a useful tool.

The structure of this Chapter is as follows: in Section 7.1 we present sev-
eral examples related to speech synthesis while in Section 7.2 beyond speech
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prototypes are detailed. In Section 7.3 we discuss potential application frame-
works of pHTS, and finally in Section 7.4 a summary of the Chapter is pre-
sented. Several video demos can be found in Section B.2. It is important to
highlight that the applications presented here make use of the MacGe/pHTS
library as detailed in Chapter 8.

7.1 SPEECH RELATED PROTOTYPES

Most of the prototypes presented in this section are built as a proof of con-
cept attempting to reactively control the synthesised speech. They mainly
focus on prosodic and contextual controls of the generated speech through
hand gestures. Moreover, we have cases that target real-world applications,
such entertainment platforms, and not just proofs of concept.

7.1.1  Reactive speech synthesis controlled by hand gestures

The first application of our work is to reactively control speech through hand
gestures?, as published in [ABd " 11a],[ABdD11]. The controller we choose
for that purpose is HANDSKETCH [89], a new musical instrument prototype
that uses a graphic tablet. We use the pen-based gesture controls of HANDS-
KETCH in order to manipulate in realtime the prosody and speech quality of
the generated speech. The polar coordinates on the fan (angle, radius), con-
trol pitch and speed respectively. Angular movements of the pen control the
generated pitch of every sample. It is possible to simply overwrite the pitch
or deviate it by a ratio given by the angle. Similarly, moving the pen along
the radius can accelerate or decelerate speech. Pen pressure controls speech
intensity and pen x tilt, i. e. the inclination of the pen relatively to the tablet
along the x axis, modifies the vocal tract length. Figure 7.1 shows the map-
ping of the HANDSKETCH control space to the speech parameter generation
space of pHTS.

Attempting to bring also contextual controls for the user we take advan-
tage of our work in Section 4.2 and we create a very simple reactive natu-
ral language processor (RNLP) module. This RNLP module takes as input
phonemes passed from the user (e.g. by tapping a touch screen), which
are then parsed into alphanumeric phonetic labels, that contain only the re-

1 HandSketch demo (visited June 2014): https://vimeo.com/39558917
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pen :: pressure & tilt

pressure :: volume +/-
tilt :: vocal tract length +/-

fan diagram :: angle & radius
1 pi hi - .

angle :: pitch shift +/ iPod touch screen is triggering the
reactive natural language processor
module (RNLP) with tapping gesture

radius :: speed shift +/-

Figure 7.1: Mapping of the HANDSKETCH control space to the speech parameter gen-
eration space of pHTS.

duced set of linguistic factors. Additionally, new HMM voice models had
to be trained on that reduced set of linguistic factors, as illustrated in Fig-
ure 4.3. Finally, these phonetic labels composed on-the-fly are then passed
as contextual input in order to produce the targeted speech samples while
using the reduced-context models. Force Sensing Resistors (FSRs) on the
side of HANDSKETCH were initially used to trigger the the RNLP module.
Later, the FSRs were replaced by an iPhone/iPod, so that every time the
user tapped on the touch screen the RNLP module was triggered. Combin-
ing pHTS, HANDSKkETCH and the RNLP, we have a first prototype, that en-
ables on-the-fly control of phonetic context, prosody and voice quality at the
same time in the framework of performative HMM-based speech synthesis.

It is important to note here that prosody and voice quality can be con-
trolled rather easily and intuitively by the user, while contextual control is
very demanding. Every time this work was publicly presented, users seemed
to engage and enjoy manipulating the voice creating really unexpected and
amusing outcomes. However, the contextual control was kindly avoided due
its complexity.
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7.1.2  Reactive speech synthesis controlled by facial gestures

Along the lines with our work in Section 7.1.1, we create a similar applica-
tion where the generated speech is reactively controlled by face gestures®
instead of hand gestures. This work was published in [AdD12b]. Based on
realtime face tracking (FaceOSC [90]) we convert some realtime-measured
facial features into speech synthesis features such as prosody and context.
In this case the head tilt controls the speed and pitch shift of the output
while the opening of the mouth triggers the RNLP module. By tilting the
head right or left the speed of the generated speech is accelerated or decel-
erated, respectively. When tilting the head up or down the generated pitch
trajectory is shifted up or down. If the opening of the mouth is detected, a
random phoneme is triggered and processed by the RNLP. Figure 7.2 shows
an instance of the realtime face tracking along with the presented controls.
Other mappings are possible, such as the one proposed in [dAD13].

Once again it is a very funny application, but we realise that neither on
prosody nor on context can we have accurate control of the generated speech
due to the nature of the face and head movements, which are indeed not fast
enough and strongly interdependent. However, we could argue that if we
were able to recognise some facial expressions and map these expressions to
control the synthesised speech, e. g. interpolation of emotions or styles from
expressive voice databases, then the facial expressions could be transcribed
into artificial speech.

7.1.3 Talking guitar

Recruiting an electric guitar as a controller and using algorithms to detect
several different guitar playing techniques [91] is a more artistic applica-
tion of our work, presented in [AdR"13], [ARM"12]. A variety of musical
gestures could be used to create a “talking guitar”3, however here we fo-
cus on continuous (e. g. bend, slide, plucking point) and triggering gestures
(e. g. pitch, note on, note off, hammer-on, pull-off, palm muting, natural har-
monic) that we combine with appropriate mapping, in order to control the
synthesised speech.

2 FaceOSC demo (visited June 2014): https://vimeo.com/39567236
3 Talking guitar live demo (visited June 2014): https://vimeo.com/100508133
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¥
mouth opening = phoneme trigger

right/left head tilt =—» speed shift +/-

up/down head tilt = pitch shift +/-

Figure 7.2: Reactive speech synthesis controlled by facial gestures. The head tilt con-
trols prosody while the mouth opening triggers the RNLP module.

Any new attack triggers three consecutive precomputed full-context pho-
netic labels in order to keep a correlation between guitar sound and speech.
Empirically we see that triggering one label with every attack is not very ap-
propriate: the sound corresponding to one label is too short. However, series
of three labels give the guitarist a reactivity that matches closely its play-
ing. Also, mapping one-to-one both amplitudes and both pitches (i. e. guitar
amplitude is mapped to voice amplitude and respectively for pitch) forces
the melody and the voice to be two tied discourses dependent on the gui-
tarist’s will. Thus, using series of labels gives the guitarist a wider range in
the guitar/voice relationship. Longer series of labels are used to enable the
guitarist to e. g. play different notes or add certain effects while the text was
being pronounced. Moreover, certain notes played on a predefined string are
used to trigger labels. It is important to highlight here, that using syllable-
by-syllable context control could be more meaningful rather than triggering
3 sequential labels at a time. However, since regular expressions [Section 8.2.2]
were still not introduced in the framework of pHTS, refined context-based
controls were still not possible.

In order to control the prosody and speech quality of the generated speech,
we use the vocal tract length and speed parameters as well as continuous
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data extracted from guitar detection. Here, “bends” are mapped to vocal
tract length and speed. Bending the string can be configured by the guitarist
either to control the voice quality or to slow down the generated speech.
Other parameters such as duration and pitch were modified directly during
the performance by means of simple sliders, but no mapping with the guitar
has been tried yet. Figure 7.3 the performance setup of the “talking guitar”
project is illustrated.

Figure 7.3: The performance setup of the “talking guitar” project where speech syn-
thesis is interactively controlled by an electrical guitar.

7.1.4 Accent interpolation through an interactive map

Large scale reactive model interpolation [Section 5.1.3] motivated us to pro-
totype an interactive map application* where several geolocalized accents
of English are presented and the user is able to navigate through the map,
select various accents and interpolate them, as it was published in [AYdD13].

More specifically, every accent is represented as a coloured circle on the
map (blue for male, pink for female) based on the provided geographic lo-
cations. It is possible to select the gender of the voice and alter it during
synthesis. The user operates an “active” region, represented as a yellow cir-
cle around the cursor, in order to select accents to be interpolated. The map
operation is achieved with standard hand gesture controls. There are zoom
in and zoom out functions, as well as navigational functions, in order to

4 Interactive accent map demo (visited June 2014): https://vimeo.com/51985913
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move across the map. These controls are available with mouse scroll up or
down and with clicking and dragging respectively. A touch screen can be
employed to provide a more intuitive user experience.

There are two interpolation strategies: collision and continuous that the user
can also alternate in realtime. Both strategies are presented in Figure 7.4. Dur-
ing the collision interpolation mode, when the yellow “active” region over-
laps with one or more accent circles, the corresponding accents are selected,
linearly interpolated and synthesised interactively [Section 5.1]. When the
cursor does not overlap with any accent, a default accent is used. During
the continuous mode, each time the cursor moves, the distance between the
cursor and all the available accents is computed and the N-nearest neigh-
bouring accents are selected and interpolated. Note here, that if N is set to
high value (i. e. more than 6), then there is no significant differences while
changing the selected accents. The final output sounds as if it is an “aver-
aged” accent, [Section 5.3]. In both interpolation strategies we use uniform
weights of w = 1/N for each accent and for each feature stream (i. e. spec-
trum, pitch and duration), although more complex interpolation schemes
may be adopted. It is important to note here, that interpolating between
several voice models is a computationally heavy process, which can lead to
saturation and delays in the final speech output. Thus it should be avoided
to set N to very high values (i. e. more than 15).

s
Y [ 2

(a) Interpolation of female accents using (b) Interpolation of male accents using the
the collision strategy with N = 3. continuous strategy with N = 5.

Figure 7.4: Interpolation of female and male accents through an interactive map,
using either collision or continuous interpolation. The larger circle is the
“active” region while the smaller yellow circles are the selected accents.
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Every time this work is presented to the public we see that people have
fun experimenting and listening to accents, trying to identify some of them
or even create their own, especially native speakers. We see here that the
manipulation of accent in realtime is possible and that it could result in the
implementation of several real life and scientific applications. For example
it could be useful in anthropological studies, linguistics, cultural patrimony
and voice personalisation. However further research is required.

7.1.5 Realtime articulatory control through a reactive vocal tract

In an attempt to facilitate more meaningful user controls as well as to en-
hance our work presented in Chapter 6 and published in [AMY " 13b], we
created a reactive vocal tract application’. This application depicts a two di-
mensional midsagittal view of the human vocal tract. Every articulator is
presented with a different colour, along with six electromagnetic articulogra-
phy (EMA) points represented as white circles placed on the articulators, as
described in [60]. The position of these EMA points can be controlled by the
user using a mouse or touch screen, while the represented vocal tract reacts
and adjusts its shape accordingly.

The user is also provided with a list of predefined vocal tract shapes and
EMA sets. These predefined configurations of vocal tract shapes were ob-
tained from speaker-dependent magnetic resonance imaging (MRI) scans
and EMA [92]. When the user selects one of these vocal tract and EMA con-
figurations, his previous controls are instantly overwritten and the selected
shape is displayed, as illustrated in Figure 7.5. Then, by selecting one EMA
point, the user is able to move it in the two dimensional coordinate space.
Note here that the user controls take place in the MRI space and not in the
EMA space that we use for the performative synthesis. This means that the
controls have to be appropriately transformed in order to be correctly synthe-
sised. This is achieved by means of specific transformation matrices, where
EMA points are shifted and rotated to MRI coordinate space as explained in
[92]. By default, the current shape of the vocal tract is reactively altered so
that the user can have not only audio but also visual feedback of the applied
controls. However, it is also possible to have a static vocal tract, so that the
user can have a reference point to the initial configuration chosen.

5 Reactive generation of articulatory features demo (visited June 2014): https://vimeo.com/67404386
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menu listing predefined vocal
tract shapes and EMA sets

O :: EMA points controlled by the user

Figure 7.5: Realtime control of the articulators through continuous manipulation of
EMA points and use of predefined configurations of vocal tract shapes.

There are no limits to the possible position of the EMA points, allowing
the user to move the six EMA points, in the two dimensional MRI space (12
degrees of freedom). This means that the user is free to place these points in
coordinates that are “unnatural” either from a physical point of view or as
sequence of movements. This results in movements of the articulators that
do not always respect the physiology and mechanisms of the human articu-
lators. Indeed, it is probable that the input movements have not been “seen”
during the training phase. Hence, the models cannot accurately estimate
them and will/may give unnatural /unrealistic results.

The aim of this application is to allow the user to reactively control the
speaking style as well as the context by modifying the articulators them-
selves though a visual representation of the vocal tract. However, the move-
ment of the articulators, is so fast that the user is not able to input the ex-
pected movements fast enough. Additionally, the “correct” or “expected”
position of the articulators is not always evident. As a test case, the user is
asked to listen to a vowel synthesised using phonetic labels and to trans-
form it into another target vowel by moving the six EMA points from the
interface. However, after some exploratory tests we saw that this approach
requires the user to accurately control the six EMA points in order to achieve
the acoustic target. Such a task is very demanding and rather difficult, and
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in most cases the user does not reach the target [Section 6.3]. It is important
to either decrease the degrees of freedom available to the user or to allow
the manipulation of only some EMA points while the system provides the
correct coordinates for the remaining ones. For example, a case would be
where the user is allowed to manipulate only the three EMA points over the
tongue, while the remaining three are automatically adjusted. Providing a
“colour-coded map” denoting the “accepted” or “suggested” regions of ev-
ery EMA point could advice or guide the user to choose suitable coordinate
sets. This would help the user to have a better understanding of the required
modifications of the articulators in order to achieve the acoustically desired
target. As a result of this proof of concept, we see that the control of the
articulators in realtime is technically possible®. With further adaptation and
development we think it could be used for the implementation of real life
applications for voice pedagogy and therapy.

7.1.6  Reactive audiobooks

The application reactive audiobooks is a novel entertainment platform for re-
altime customisation of an audiobook, proposed by the National Institute of
Informatics (NII). Reactive audiobooks relies on both the performative and stan-
dard HMM-based speech synthesis systems. Here audiobook listeners can
not only listen to novels but also can enjoy to create attractive and vivid au-
diobooks interactively by themselves. The platform allows voice and individ-
ual sentence customisation as well as sharing these customisations among
users. This is an ongoing project started in 2014, therefore extended details
and exact description of the full platform will be given in future publications.
However, a first design of the reactive audiobooks application, its targets and
voice personalisation crowd sourcing possibilities are presented here.

The user is able to access and control six main functions from the top of
the application, as presented in Figure 7.6. Starting from left to right we
have: casting, customise voice, customise sentence, add new voice, add new book
and sound. Additionally, as shown on the right frame of the application,
the option book name allows the user to select from a variety of audiobooks
and have access to its full description (e. g. text, characters, etc.). Finally, the

We also see that when users have the chance to play with the reactive vocal tract they have
fun and in several cases try the most “unnatural” combinations “just to see what happens”
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main frame of the application is dedicated to the controls for each of the
main functions mentioned.

N VRV R )

casting

Book Name
®

¥,

7.
e

Lorem ipsum dolor sit amet,
consectetur adipiscing elit. Vivamus
interdum metus in augue fringilla
ornare sodales id ipsum.
Suspendisse potenti. Nullam
tempor tortor eu massa bibendum
posuere. In nibh dolor, vulputate
nec enim quis, dapibus interdum
justo. Pellentesque habitant morbi
tristique senectus et netus et
malesuada fames ac turpis egestas.

Morbi imperdiet felis a nulla ornare
aliquet. Curabitur a iaculis nunc.
\ Nunc purus diam, sollicitudin eget
cursus id, molestie vitae quam.
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ut luctus velit neque non tortor.
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Suspendisse egestas eleifend nulla
nec semper.

Suspendisse potenti. Nullam
\_ J tempor tortor eu massa bibendum
posuere.

Figure 7.6: Casting the voices of a book’s characters.

The first step for customisation comes with the casting option that allows
the user to assign a different voice to every character of the book as well as
the narrator, as illustrated in Figure 7.6. Assigning a voice can be an arbitrary
action or based on prior knowledge of the physiology and personality of the
character. Once the user has completed the casting of the book, all the con-
trols are saved in an xML file that describes the customised audiobook. Here,
the user also has access to various information about the assigned voices,
such as voice descriptions (e. g. breathy, low, etc.) and various statistics.

The customise voice options enables the user to customise a voice currently
assigned to a character. There are two ways of achieving such a customi-
sation, either using basic, “high-level” controls or using expert, more accu-
rate, “low-level” controls. Basic controls, presented in Figure 7.7a allow ma-
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nipulation via simple sliders over the pitch, volume, vocal tract length and
speaking rate of a given voice. On the other hand, expert mode, presented
in Figure 7.7b provides more complex controls, such as control of the artic-
ulation degree and voice interpolation [Section 5.1.1]. For the control of the
articulation degree we use also a simple slider [Section 5.2], but for the voice
interpolation we use a circle to define the interpolation weights of the fea-
ture streams [Section 5.3]. The user selects the voices for interpolation and
then the visual strategy, distance or quantity in order to set the interpolation
weights. In the first case the voices selected for interpolation are presented as
points on the circumference of a circle. By moving the control point (grey) ini-
tially placed in the centre, it is possible to specify the distance between all the
voices, and accordingly set the weights, either for all or just specific feature
streams. In the latter case, the voices selected for interpolation are presented
as sectors of the circle. Similarly, by resizing these sectors the weights are
set. Finally, all these controls, both basic and expert, are saved in an xmL file
that describes a new voice. This voice can be assigned to any character and
be shared among different users or books. Note here that by voice we mean
either a standard voice model or an xML that describes certain modifications
of a standard voice model.

LM e (Lhow Ty
Q %ﬁ* f J %§ \‘9 Basic controls

Expert controls

0.55

0.75

Suspend
tempor &
posuere,

(a) Basic customisation mode allow “high- (b) Expert customisation mode allow
level” controls over the pitch, volume, “low-level” controls over the articula-
vocal tract length and speaking rate. tion degree and voice interpolation.

Figure 7.7: Customisation of a character’s voice.
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The customise sentence option enables the user to customise a given sen-
tence of a book. It is very similar to the customise voice option but in this case
we focus on crafting the pronunciation style of a single sentence and not
a voice. Such a customisation can be achieved by using basic or expert con-
trols over a sentence, as illustrated in Figure 7.8. First, basic controls enable
the user to manipulate the overall “style” of a sentence via simple sliders.
So a typically neutral sentence can be more focused, more emphatic, hypo-
or hyper- articulated, etc. Expert mode provides more refined, time-varying
controls over a selected sentence. It is possible to select the contextual level
over which the controls will be applied (e.g. word, syllable, phoneme) and
then create a modification trajectory to control the vocal tract, pitch, volume,
speaking rate and articulation degree. In other words, all these parameters
can be modified within a given sentence and create personalised pronuncia-
tions, expressions and styles. Then, all these controls over a given sentence
are saved in the xmL file of the customised audiobook.

The add voice function allows the user to record and therefore create a voice
based on his own, share it with other users or share/download other cus-
tomised voices. The add books option enables the sharing and downloading
of complete reactive audiobooks. Finally, the sound option simply turns on and
off the audio.

In brief, through this application the user can reactively customise an au-
diobook in terms of the characters’ voices and pronunciation “style” of indi-
vidual sentences. The use of pHTS is essential here since it will provide the
necessary instant feedback to the user for the best possible fine tuning (e. g.
when tuning a voice by interpolation). The reactive audiobooks project, apart
from its entertainment aspect, aims to bring also valuable insights in terms
of speech manipulation and control. Which speech parameters are mainly
controlled by the users, how and to which extent? How are sentences cus-
tomised, at which phonetic level and with which parameters? How do we
define “high” level controls such as focus or emphasis for a sentence? Which
voice is more frequently modified, which voice is more frequently assigned
to which character? What is the correlation of the assigned voice to the per-
sonality or physiology of the character? How do different users customise
the same audiobook? What kind of books tend to be customised? Do users
collaborate in customising a single audiobook? All these questions may ben-
efit from the crowdsourcing aspect of the reactive audiobooks platform.
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level” controls of the overall “style” of “low-level”, more refined controls of
a sentence, such as emphasis, focus, ar- the overall “style” of a sentence by
ticulation, etc. means of modification trajectories.

Figure 7.8: Customisation of a specific sentence.

7.1.7 Speaking & singing puppet

Our work has also motivated others to build new applications. In [CKAY13]
Clark presents an approach where the Kinect sensor [93] is employed as
a controller for reactive speech synthesis. There, the skeleton tracking of a
Microsoft Kinect sensor is mapped to control rather simple aspects of the
generated speech, such as pitch and duration. The skeleton tracking of the
Kinect detects several parameters but here the focus is on the left and right
hand movements of the user. In case there is more than one user, the person
closest to the Kinect is being tracked. The vertical axis of the right hand shifts
the generated pitch of pHTS by bias values and the vertical axis of the left
hand controls pre-defined sensible speaking rate values. Figure 7.9 shows
the use of the presented application.

As with other applications of pHTS, a formal evaluation is not straightfor-
ward. However, both children and adults seem to enjoy interacting with the
speech control via the Kinect. This work was displayed at public exhibition
spaces in City Screen York, Sheffield Winter Garden and Hull - Hull Truck Theatre
in the context of the Articulate: The Art and Science of Synthetic Speech exhibi-
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Figure 7.9: Kinect skeleton tracking controlling the prosody of pHTS. Left hand con-
trols pitch and right hand the duration of the synthetic speech.

tion organised by the Creative Speech Technology (CreST) Network [94]. The
media coverage for this Articulate Roadshow involved BBC and BBC Radio as
well as magazines and newspapers”.

Later, this work was enhanced by Veaux [VAO™ 13]. Initially, the raw skele-
ton used in [CKAY13] was replaced by an interactive avatar, a puppet, as
shown in Figure 7.10a. The puppet is rendered by a realtime avatar anima-
tion software, Animata [95]. In other words, the tracked skeleton is no longer
displayed but it is used to drive the puppet and control the prosody of the
generated speech. This prototype was part of the Edinburgh College of Art -
Edinburgh Neuroscience Art/Science competition, where it won a prize during
the local multimedia exhibition. Figure 7.10b shows people playing with the
puppet and controlling the prosody of the generated speech.

Further on, in [VAO ™ 13] Veaux uses this puppet to control singing synthe-
sis, similarly by mapping prosodic parameters to gestures and body posture
of the user tracked by a Microsoft Kinect sensor. In this case, pHTS was
slightly modified in order to support vibrato along with singing speed, fun-
damental frequency (F0) and vocal tract length (VIL) controls. The vertical

7 Media coverage for the Articulate Roadshow (visited June 2014):

http:/ /crestnetwork.org.uk/page/articulate-media
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P

(a) realtime rendered puppet replacing (b) People at the Edinburgh College of Art -
the raw Kinect skeleton. Edinburgh Neuroscience Art/Science com-
petition controlling the prosody of the

generated speech through the puppet.

Figure 7.10: Puppet as speech & singing synthesis controller.

axis of the right hand overwrites the vocal tract length of the generated sam-
ples and the vertical axis of the left hand shifts the generated pitch. The
movement of the user on the horizontal axis controls the singing speed and
the distance from the Kinect sensor controls the vibrato. Figure 7.11 shows
the mapping of the skeleton controlling the singing synthesis.

Figure 7.11: Kinect skeleton tracking mapped to control the prosody of pHTS
singing synthesis [VAO " 13].
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7.1.8 Tanukis

Further on, Tanukis [96] is a game proposed by F. Zajega and is currently
under development. The Tanukis project® aims at investigating the possibil-
ity of an emotive relationship between a human and a virtual avatar. In the
Japanese mythology, tanukis or tanukibayashi, are mischievous spirits like
badgers that have the ability to change shape at will. In the game, Tanukis
are polymorph gentle spirits that have many possible presentation “forms”.
Our work on pHTS will be used in the game in order to give voice to the
Tanukis, and they will be able to reactively alter their speaking style depend-
ing on how the player interacts with them. Figure 7.12 shows instances of
the project.

Figure 7.12: Instances of the Tanukis game.

7.1.9 Other cases

In his master thesis Abelman [97] uses pHTS in order to create contrastive
or general emphasis in a sentence as well as to form various question types®.
Again here, the Microsoft Kinect sensor is employed as a controller. In brief,
a hand gesture is used to trigger a combination of pitch and speed shift so
that the user can transform an initially neutral sentence into a question or to
emphasise certain parts of it.

A SuperCollider [98] plug-in for performative HMM-based speech syn-
thesis and incremental text input was implemented by Puleo in [99]. Super-
Collider is an expressive dynamic programming language that can be used

Tanukis demo (visited June 2014): https://vimeo.com/76850234
Altering speech synthesis prosody through realtime natural gestural control demo (visited June 2014):
https:/ /vimeo.com/ 72305725
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for live coding (i.e. the performer modifies and executes code in realtime
throughout the performance). Such a work is important since it broadens
the audience of our work and opens the doors to more users and therefore
more ideas and applications in various domains.

7.2 BEYOND SPEECH

Performative HTS was initially developed mainly to generated speech-related
features, as in the original HMM-based synthesis system. However pHTS,
as the original system, is able to reactively generate any type of parame-
ters when compatible HMM-based models are provided [Section 3.3]. In this
Section we describe briefly the applications of pHTS outside of the speech
framework, such as HMM-based synthesis of singing, laughter or walk. Also
we will examine the possibility of realtime text input. However this is part
of future experimentation and validation of the performative feature gener-
ation, and therefore no results are presented at this stage.

7.2.1 Reactive laughter synthesis

Audio-visual laughter synthesis falls out of the scope of the initial applica-
tion and design of pHTS. However reactive control of simultaneously gen-
erated laughter and corresponding facial expressions is a very interesting
case. Here, we briefly explain our involvement in combining pHTS with the
modelling of the laughter synthesis, both for sound and face motion. In [66],
Urbain has recently addressed the HMM-based acoustic laughter synthesis
problem. The AV-LASYN database [72] was used to train acoustic and vi-
sual models of laughter. These full-context audio-visual models were used
in the pHTS framework, using the proposed ST-MLPG without any reduced-
context model retraining [Section 4.1].

In the first case the acoustic models were used to generate laughter sound
samples, and the generated pitch was shifted by means of a simple slider.
By similar means, the visual models are used in the pHTS framework in
order to synthesise facial motion. The generated parameter trajectories are
projected into the original 3D space so that a rigged 3D face model can
be rendered by Blender [100] in realtime. Here, as a proof of concept, a
succession of neutral and laughing faces are synthesised in a loop while
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the user is able to control the intensity of the visual laughter in realtime. A
simple slider is used in order to amplify or attenuate the generated trajectory
dynamics. Figure 7.13 shows the reactive visual laughter control in Blender.
Such an approach, if very simple, shows that audio-visual laughter synthesis
is feasible through pHTS. However, further investigation is required in order
to have a better understanding of the performative controls over the laughter
synthesis. Such a task will probably be included in the ongoing dissertation
of Cakmak™. Preliminary tests of the reactive laughter synthesis show that
the quality of the short-term generated output is not noticeably different
from the one synthesised by the original approach. All the controls available
in pHTS can be applied during audio-visual laughter synthesis, allowing
the generation of different laughing styles and facial laughing expressions.
However, objective or subjective tests need to be conducted.

Figure 7.13: Reactive control of laughter intensity of a 3D face model in Blender.

7.2.2  Reactive stylistic walk synthesis

In her work, Tilmanne shows how expressive gait synthesis was introduced
in the HMM-based synthesis framework [67]. The Mockey database [73], a
stylistic gait motion-capture database was used to train eleven styles (proud,
decided, sad, cat-walk, drunk, cool, afraid, tiptoeing, heavy, in a hurry, manly).
Additionally, [101] presents the continuous “style” control of stylistic walk

10 AV-LASYN : Audio-Visual Laughter Synthesis (visited June 2014):
http:/ /tcts.fpms.ac.be/ cakmak/personal/
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synthesis through linear interpolation in the HMM-based synthesis frame-
work. With the eleven gait models, it is possible to compute a “neutral” style
trained on all the styles. Then walk sequences can be generated that display
either one of the styles present in the training database or the neutral one.
The model parameters space is considered as a continuous stylistic space,
where the values corresponding to each recorded style can be interpolated
by means of exaggeration, inhibition and inversion [Chapter 5] and create
new walk style models, that were not initially included in the database. In
this approach the authors enable to browse the complete stylistic walk space.
However, the control of the style and the walk synthesis is still using the stan-
dard non performative parameter generation, that rules out interactive user
exploration.

In order to tackle this lack of user interactivity, the style and gait synthesis
was brought in the pHTS framework. The described full-context gait models
were used in the pHTS framework, using the proposed ST-MLPG without
any reduced-context model retraining [Section 4.1]. We participated in the
development of a reactive gait style exploration application that enables the
user to control and browse the style of the synthesised walk by means of
interpolation in realtime, as presented in [dTA " 13]. The product of the user
controls over motion parameter sequences is also visualised in realtime in
Blender [100]. More specifically, while the application synthesises an infinite
walk sequence (a loop of left and right steps) the user browses the stylistic
space in realtime, through a set of sliders controlling the influence of each
original style by actually setting the interpolation weights of every style,
as illustrated in Figure 7.14. The modified walk trajectories are rendered by
means of a virtual 3D character in Blender in realtime and thus the user has a
direct visual feedback of the input controls. This proof of concept application
opens the doors to many possibilities as the size of motion-capture databases
nowadays explodes and more and more applications seek new possibilities
for exploring motion style or comparing motions.

7.2.3 Reactive singing synthesis
Many similarities exist between speech and singing voice, though the differ-

ences are significant, especially for analysis and modelling. However, HMM-
based Singing Voice Synthesis System (Sinsy) [65] has already been pro-
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Figure 7.14: Reactive control of the style of the synthesised walk by means of inter-
polation visualised in realtime on a virtual 3D character in Blender.

posed. HMM-based singing synthesis works in a similar way compared
to speech. It still uses models for the generation of spectrum, frequencies
and durations. Yet, it is challenging to see the output of models trained on
singing data when using short-term parameter trajectories to synthesise the
final output. Based on the first approach presented for reactive singing syn-
thesis [VAO " 13], [Section 7.1.7] we see that the output is intelligible, with
the correct thythm and without any significant quality degradation when
compared to the offline synthesis approach. It is possible to reactively ma-
nipulate the generated pitch, the vocal tract length, the speed of every frame,
as well as the duration of every state of every model.

We think that using pHTS and an accurate controller such as HANDSKETCH
combined with appropriately trained singing models it would be possible to
artificially synthesise targeted songs in the context of a performance. Such an
attempt would require linguistic pre-processing of the lyrics, so that the song
would be transcribed into phonetic labels. These labels would be clustered
for each sung note of the song. For example take the lyrics of the song and
introduce a special character in the text at the place the singer changes note.
Then tricking the phonetiser to group the decoded phonemes accordingly
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and propagate this grouping to the output of Natural Language Processor
(NLP). Once this grouping is achieved then the performer can add the de-
sired controls over the generated trajectories. That way, a performer could
learn to mimic the pitch contour with the pen and, at the same time, trigger
clusters of labels according to how the lyrics are split into notes in the song.
However, currently there are no assessed evaluation measurements to prove
this assumption.

7.2.4 Incremental speech synthesis

Returning back to speech synthesis, but focusing on the generation of the
phonetic context, we see that in general, TTS systems rely on full pre-specified
utterances that are available beforehand for the synthesis. Such an approach
limits the reactivity and realtime context control of speech synthesis. There
are indeed applications such as reactive dialogue systems and speech de-
vices for disabled people that require in several cases that the phonetic con-
text of the output is incrementally created. While pHTS brings performative
controls and realtime synthesis, it is evident that it still relies on labels with
linguistic context, which are computed offline prior to synthesis. Indeed, the
synthesised context is static, not computed in at runtime. The only reactive
context control is the order in which these pre-computed phonetic labels are
sent to be processed (e. g. randomly shuffling them).

A first attempt to tackle this problem was presented in Section 7.1.1 by
building the RNLP module''. However, this was an empirical approach that
we did not investigate further. In [dTA " 13] we worked on a new realtime
linguistic front-end that allows the continuous incremental creation of the
context-dependent labels. The reason of building a new front-end is that the
current front-ends (e.g. “Festival TTS” system or “MARY-tts”) first assume
that the full utterance is present at analysis time and second they are simply
not fast enough for realtime analysis. Similar to our work in Section 4.2,
the full linguistic context taken into account was reduced and the models
retrained with the new context. The system uses word-sized chunks, so every
time the user completes inputing a word, it is looked up in the CMUDict
0.4 dictionary which provides stress patterns. Then syllables and phones are

Realtime incremental speech synthesis prototype demo (visited June 2014):

https:/ /www.youtube.com/watch?v=KAUv3kTiwWo
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retrieved and the corresponding labels are built. No letter-to-sound rules are
included. The user by typing on a keyboard provides the textual input which
is then reactively converted into appropriate contextual input for synthesis.
Such a task is time demanding though and the user is not able to input
sufficient amount of context to be synthesised in realtime, even while using
simple word prediction. Thus, synthesis was slowed by a factor of 2.5 to
allow a skilled typer to type fast enough. All the controls available in pHTS
can be applied during the use of this new front-end. However, objective or
subjective tests need to be conducted for further evaluation of the system.

7.3 POTENTIAL APPLICATIONS

We have already described various applications of the proposed pHTS frame-
work. However, this is only a fraction of the possible uses of pHTS. Our
work contributes in exploring reactive and expressive controls not only over
voice but also over gait and audio-visual laughter. This opens the doors for
various entertaining applications, such as gaming, animated characters and
interactive avatars, using not only speech but also gait and laughter. Like-
wise, movie dubbing and reactive audiobooks can benefit of our work. Also,
assistive applications for speech-impaired people could use pHTS for re-
altime contextual control, fine tuning and customisation in order to build
reactive personalised voices. Silent speech communication as well as speech
pedagogy and therapy could benefit from this performative approach. The
list goes on with performing art applications and new interfaces for musical
expression. Note that this is not an exhaustive application list.

7.4 DISCUSSION

Here we have gathered different application approaches for reactive text,
speech, singing, audio-visual laughter and gait synthesis. All these proto-
types have different backgrounds and motivations, serving different pur-
poses. Yet their common aspect lies in the performative control of the applied
statistical modelling.

Most of the prototypes focus mainly on the gestural control of prosodic
and contextual speech parameters, demonstrating that prosodic control can
be both meaningful and accurate while contextual controls need further re-
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search. The interpolation among accents is also investigated through an in-
teractive map. Likewise, an application controlling speech synthesis through
the adjustment of the articulators was tested. These latter approaches prove
that even more complex aspects of speech synthesis can be reactively con-
trolled. Furthermore, we have worked on real-world entertaining application
such as reactive audiobooks and Tanukis.

Additionally, prototypes beyond the initial speech framework were pre-
sented. Singing synthesis is one case but we think that audio-visual laugh-
ter and gait synthesis are excellent examples of applying pHTS in different
contexts from the one it was designed for. Especially when it comes to the
realtime control of an animated character. The incremental speech synthesis
system that we implemented as a proof of concept is also an interesting step
towards realtime creation of speech from textual input.

However we see that it is not straightforward to formally evaluate most of
the proposed prototypes, especially those using gestures or body postures in
order to control the generated speech, but we can certainly demonstrate that
interactive manipulation of all the levels of artificial speech production in re-
altime is feasible. There are two aspects here that need further investigation.
The first one is how users are able to influence speech production interac-
tively, how accurate the applied controls are and of course how meaningful
they are for the user. The second aspect is how the result of these controls is
perceived by listeners. Currently, no restriction are imposed as to how and
when modifications could be made, giving variable controls that are not al-
ways meaningful. Setting more restricted patterns to convey the final target,
could probably lead to better controllability. Certainly further research in
this specific area of Human Computer Interaction (HCI) is required.
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Part II shows that by using the short-term parameter generation approach
[Chapter 4] the standard HMM-based speech synthesis framework becomes
performative and therefore allows reactive model interpolation [Chapter 5]
and reactive parameter mapping between different feature spaces [Chap-
ter 6]. However, in order to support user interaction and application designs
[Chapter 7] it is essential to introduce a realtime architecture and multi-
threaded controls.

MaGe/pHTS is an open source library [Section B.3] based on the perfor-
mative HMM-based speech synthesis framework, that unifies our work and
implements the required architectural modifications® for user interactions.
To our current knowledge MAGE/pHTS is the first system for reactive pro-
gramming of HMM-based speech synthesis that allows reactive prosodic
and contextual user control. It has been also in cases that are not related
to speech, such are audio-visual laughter and stylistic gait synthesis and
reconstruction.

1 Modifications have been applied on the HTS-engine version 1.06
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Figure 8.1: MAGE, an open source library for performative HMM-based synthesis.
http://mage.numediart.org/.

In this Chapter we detail the realtime architecture of MAGe/pHTS? that al-
lows reactive user control over the available contextual information, speech
prosody, speaking style and quality. Moreover we present its simple C++
API that allows performative HMM-based synthesis to be easily integrated
into realtime frameworks [102],[103]; to run on various devices and to create
different prototypes Chapter 7. In this Chapter we detail the realtime archi-
tecture of MAGE (Section 8.1) that allows reactive user control (Section 8.2).
Moreover, in Section 8.3, we present the API of the MAGE library and finally
in Section 8.4 we discuss it contributions.

8.1 REALTIME ARCHITECTURE OF MAGE

MAGE integrates multiple threads and queues in the pHTS framework. Each
thread controls a different production level of the artificial speech and there-
fore allows accurate control over that production level. Each queue, which is
actually implemented as a ring buffer [104], is shared between two threads
and ensures correct data exchanges. As illustrated in Figure 8.2, MAGE uses
three main threads: the label thread, the parameter generation thread and the au-
dio generation thread while three queues are shared between paired-threads:
the label queue, the parameter queue and the sample queue. There is also another
queue, called model queue and is used within the parameter generation thread.

2 For the sake of brevity, further on when using MAGE we imply MaGe/pHTS
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Figure 8.2: Reactive parameter generation using multiple threads and queues in
MAGE.

The label thread controls the input sequence of the phonetic labels, by push-
ing the received phonetic labels onto the label queue. Then, the parameter gen-
eration thread reads from the label queue one phonetic label at a time. For that
single label the corresponding models are retrieved and every state is passed
to the model queue. From there the corresponding speech parameters are gen-
erated (sequences of spectral and excitation parameters including first and
second derivatives of the static features), which are locally-maximized using
by default only the current phonetic label/model (and if available, the two
previous ones), as explained in Section 4.1. However, it is possible to change
the size of the sliding window by means of configuration parameters. The
generated speech parameters (e. g. envelope, pitch, etc.) are stored in the pa-
rameter queue. Finally, the audio generation thread generates the actual speech
samples corresponding to the input phonetic label and stores them in the
sample queue so that the system’s audio thread will access them and deliver
them to the user’s audio system.
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8.2 REACTIVE CONTROLS

Accessing and controlling every thread has a different impact over the syn-
thesised speech. Also the delay in applying any received user controls may
vary from a single sample to a phonetic labels depended on the thread han-
dling the control. For example controlling the interpolation scheme has a
different latency than shifting the generated pitch trajectory. Extended de-
scription of the controls and respectively the delays are given below.

8.2.1 Awvailable controls

The label thread is responsible for the contextual control of the system. Indeed,
the context of the targeted output can be easily manipulated in realtime by
simply controlling the order in which the available phonemes for processing
will be input into the system. Note here that reactive contextual control still
requires a lot of research in order to find the best set of contextual factors to
be used for training as well as for the realtime building of the labels.

The parameter generation thread can reactively modify the way the available
models are used for the parameter sequence generation [3], [Section 4.1]. In
other words, user controls such as reactive model interpolation (with differ-
ent interpolation weights among the various feature streams), state duration
manipulation or mapping between different feature spaces (i. e. how a given
stream influences another [Chapter 6]) can be applied on the current pho-
netic label through this thread. These controls are slightly less reactive than
those applied in the audio generation thread, since they are dependent on the
current label and not the current frame or sample but still this is not perceiv-
able by the user.

Finally, the audio generation thread reactively manipulates the vocoding of
every sample, resulting in prosody and voice quality controls for manipulat-
ing pitch, speed, volume and vocal tract length. The controls are applied to
every sample separately and thus, they are much more reactive and accurate.

We see that the delay in applying any received user control can be as long
as one phonetic label for the label thread and the parameter generation thread
while it can be as short as a single speech sample for the audio generation
thread. Figure 8.3 illustrates how the different production levels of the gener-
ated speech can be influenced by the user controls.
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Figure 8.3: User can apply controls on every thread manipulating the generated
speech over the different production levels.

8.2.2  Regular expressions

Apart from rather simple controls such as control of the sequence of the in-
put labels or straightforward reactive model interpolation or prosody and
voice quality on the currently generated output, MAGE supports more com-
plex controls by using regular expressions [105]. In HTS and consequently
in pHTS, every phonetic label, in addition to phoneme information, con-
tains various linguistic contexts (e.g. stress, pitch accent, tone, etc.) [Sec-
tion A.2]. Given regular expressions describing the format of the input labels
[Section A.1] the user is able to “query” and apply certain controls condition-
ally. This can be done on every production level of the artificial speech3. For
example, for the contextual control that occurs in the label thread, if the cur-
rent phoneme identity is “pau” then skip the synthesis of this label, which
leads to absence of pauses in the output. Similarly, for model control that
occurs in the parameter generation thread, if the current syllable is stressed
then interpolate speaking style i with speaking style j using interpolation

3 This is an easter egg footnote - if you are reading this then you may ask for chocolate
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weight vector y. A last example for the actual sample manipulation that oc-
curs in the audio generation thread, if the next phoneme identity is “0” and
the previous syllable stressed then increase the generated pitch by 50%.

8.2.3 Logging user actions

Working with reactive controls on HMM-based synthesis gives very interest-
ing results and it is important that these results can be reproduced, either
on-the-fly in a performance but also “offline” as a “playback” of the initially
applied controls. In the first case, the reproduction of an effect depends on
the performer but in the second case it depends on the system. In order to
tackle this, we introduce a simple logging system in MAGE. When enabled, it
records the different user controls (e. g. labels, pitch, interpolation weights,
etc.) with a timestamp corresponding to the index of the current sample. It
also records the generated feature trajectories with the applied modifications.
Such a logging system also serves the purpose of detecting and explaining
unexpected situations, which are frequently present in reactive applications.
Depending on many factors (e. g. thread priority and delay, process schedul-
ing, etc.), the application time of a control might be different than its input
time. Thus, when such a timing mismatch occurs it is rather difficult to repro-
duce it, find where and why it happened and actually fix it. Hence, logging
the user controls helps in solving and understanding such situations.

Moreover, logging the applied controls can also be used in the context of
“Analysis-by-Performance” [106]. Analysis-by-Performance is an approach
studying the gestural behaviour of a performer while imitating a certain
sound effect by means of an appropriate digital musical instrument. By
observing and studying the gestures of a performer, while imitating a cer-
tain task or effect, e. g. mimicking vibrato, converting natural to expressive
speech, reacting to sound changes in the environment, etc. can bring new
insights and lead to new production models.

8.2.4 Introducing a state queue

As we have seen until now, the available phonetic labels are streamed, the
corresponding context-dependent HMMs (generally 5-states for each model
in standard HTS) are retrieved and within a sliding window our parameters
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are generated. But what happens if we do not want to retrieve our state se-
quence from the HMMs themselves? Why should a user be obliged to only
push left-to-right HMMs into the model queue and, from there, compute
the duration of each state and the sequence of corresponding observations?
What if the synthesis target comes not in form of labels but in form of states
(e.g. generated from a recognition system)? One example case where such
control were needed is presented in [TdR " 14], where the lower-body dimen-
sions of a walking sequence is “reconstructed” from the upper-body gestures
in realtime.

Therefore, we added a state queue into MAGE as an alternative to the model
queue. While the model queue is usually filled with sequences of states corre-
sponding to models selected to match the labels in the label queue, the state
queue is fed directly with one state at a time. Each state corresponds to one
frame of observations and, as such, has a duration of one. If the system must
remain in a state for N frames, that state is simply pushed in the queue N
times. This enables arbitrary patterns and number of states for the HMMs
and thus overcomes the limiting effect of the model queue.

As for the short-term computation of observation frames from the state
queue, it is achieved almost as for the model queue. The most significant differ-
rence is that one can set M, the number of frames to be computed whereas
in the model queue the frames are computed for one complete model at a
time, and the number of frames generated, (3; (as definded in Equation 4.3),
is equal to the duration of that model. The context for the short-term param-
eter computation is set in the same fashion as for the model queue, except that
the user sets a number of states to be considered before and after instead of
a number of models. This notably allows to always use a constant amount of
contextual information, for instance 17 states in the past and 3 states in the
future of the M states that correspond to the M frames to be computed. This
contrasts with the model queue for which the amount of contextual informa-
tion is the sum of the durations of each model used as context and thus can
change at every step. Using the state queue with M = 1, one can even make
the computation for one state at a time. In other words, one can generate
one frame at a time, while still using surrounding states as the context for
the short-term parameter computation.

Specifically in [TdR " 14], every time a state is generated by the recognition
process and passed to the system, it is then pushed into the internal state
queue. Each element of the state queue corresponds to an analysis frame (i.e.
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of the upper part of the body that has been recognised) and for which we
are going to use the state models to synthesise a set of features (i. e. for the
lower part of the body). The states present in the state queue can be divided
into three groups:

e past states (Qp): the first P state models in the queue (i.e. the oldest
models) correspond to frames of features that have already been com-
puted in previous iteration(s)

e current states(Qc): the next C state models corresponds to frames of
features that will be computed with the current iteration

o future states (Qf): the last F state models corresponds to frames of
features that will be computed in upcoming iteration(s)

Qp and Qf give some contextual information around Q¢ necessary to
compute the C current frames in a smooth continuity with the past and
future frames and, as such, large values of P and F ensure a better recon-
struction. However, increasing P and F also increases the cost of computing
the current set of features. Besides, each “future” state in the queue actually
corresponds to a frame of input features that has already been recorded and
recognised. Thus, using F future states creates a delay of F frames between
the time a set of features (i. e. from the upper part of the body) is input in
the system and the time its corresponding set of features is output (i. e. lower
body) . Also note that state sequences recognised a few seconds in the past
have generally no impact on the result of the computation of the current
features, therefore overly large values of P are unnecessary.

In the case at hand [TdR" 14], we want to minimise the delay between
the input and the output to be as reactive as possible. Therefore, we set
P =20 and F = 0 to set the state queue at a zero-frame delay. As for C, the
relatively low frame rate in gesture recognition allows us to make the whole
computation one frame at a time and we set C = 1. Note however that for
higher frame rate (or more computationally expensive cases) we may need
to compute blocks of several frames per iteration (C > 1) instead.

8.3 C++ API

MAGE is a C++ library that can be easily integrated to various realtime pro-
gramming frameworks, such as openFrameworks [102], iOS [107], SuperCol-
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lider [98], Pure Data [103] and Max/MSP [108]. It can be used to build stan-
dalone performative applications or applications that have an interface and
communicates via OSC messages [109] with the synthesis part of a different
application implementing MAGE. In this Section we describe how MAGE is in-
tegrated in these realtime programming schemes by using just the provided
API. This comprehensive API implements high level control functions that
are easy to understand. An external C++ application can access it directly by
including the mage.h and calling its functions appropriately.

The following example illustrates a simple use case of the API. Note that
every function and class of MAGE belongs to the namespace MAGE. More so-
phisticated examples can be found in [AMW].

#include "mage.h"
using namespace MAGE;

Mage *mage = new Mage();
mage->addEngine( "slt", "slt.conf" );

mage->setAlpha(0.42);
mage->setPitch(50, MAGE::shift);

float * buffer = new float[bsize];
for( int k = 0; k < bsize; k++ )
buffer[k] = mage->popSamples();

delete[] buffer;
delete mage;

In details, an instance of MAGE class is created and a voice model (trained
with standard HTS) is loaded using a key name and a configuration file.
Then a series of various controls can be applied, for example changing the
value of the vocal tract length or shifting the generated pitch. Then, the
generated speech samples are delivered to the audio thread of the system.
Finally, before exiting the application the allocated memory is deallocated
and the synthesis application is terminated.

The applications described in Chapter 7 are actual examples of C++ pro-
grams embedding and using MAGE directly through its API. More details of
integrating MAGE in different realtime programming schemes can be found
in Appendix B.
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8.4 DISCUSSION

The current version of MAGE only integrates a fraction of the various tech-
niques that have been developed for the standard HMM-based speech syn-
thesis system. It would be interesting to build an “umbrella” that will bring
together techniques such as adaptation [39], other interpolation approaches
[40], [Chapter 5], articulatory control* [60], [61], [Chapter 6] etc., in the per-
formative framework of MAGE. So far, all these developed techniques could
be applied sequentially, one at a time, but we hypothesise that being able
to reactively apply them and combine them over the acoustic output, will
increase the potential of speech synthesis. All the knowledge built around
HTS until today will be also usable in a performative way, thereby adding
another parameter in the speech production equation: the user. Engaging
the user in the speech production process will bring new insights in our per-
ception of artificial speech. It will broaden the set of possible real life and
scientific applications [Chapter 7].

Integrating this unified platform and building various application sets,
will enable the reactive creation of desired voice identity and speaking style
or expressions, that were not initially included in the database. Users can
participate and contribute to this unified platform, engage to applications
and have a different experience when it comes to artificial speech. Even with
predefined phonetic labels, a performer can transform passive listening to
an interactive experience. Thus, the creativity and imagination of the per-
former will be expressed even on a static context and if desired, the reactive
participation of the audience can be included.

4 Not available in the public version of MAGE
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This document has presented several innovative research areas in perfor-
mative HMM-based synthesis. For each of these areas, a significant contri-
bution to the state-of-the-art has been brought during this PhD thesis. This
Chapter concludes this thesis work. The structure of Section 9.1 follows the
five main axes presented in the Introduction and detailed in Part II and
Part I1I. Finally, Section 9.2 presents possible future works in this area.

9.1 CONCLUSIONS

We can see that statistical parametric synthesis offers a wide range of tech-
niques to control and improve generated output. However, there is still much
to do in the field, many ideas to be fully explored and still many more to
be conceived. Exploring these new ideas, that might even come from diverse
research fields, may bring solutions to bridge the gap between natural and
synthesised output and its meaningful control.

Performative HMM-based synthesis (pHTS) is an approach that was in-
spired from the statistical parametric speech synthesis. It enables the cre-
ative involvement of the user/performer during the production of artificial
speech. Indeed, pHTS led to the development of an open source library,
MacGe/pHTS that allows interactive control on every level of the speech (or
gait, or audio-visual laughter) production, making it easy to create various
control interfaces and applications.
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The project has focused mainly on creating a performative framework that
will make HMM-based synthesis accessible to different fields, such as per-
forming arts, musical instrument design, avatar control, etc., as opposite to
speech only. Additionally, by providing a user-friendly API the user base is
not limited only to speech experts but it is broadened also to artists, perform-
ers, linguists, etc. At the same time, the goal of our work is to provide an
output quality that is perceptually identical to the one of the original system,
or at least whose degradation cannot be perceived by the subjects.

Besides Chapter 1 and Part I, dedicated to introduction and to state-of-the-
art of statistical parametric speech synthesis, five novel contributions related
to interactive HMM-based synthesis are presented in Chapter 4 to Chapter 8.

e pHTS, a novel method for performative HMM-based speech synthesis;

e [nteractive model interpolation, using interpolation methods in the pro-
posed performative framework;

e [nteractive articulatory control, controlling interactively the generated
speech through the articulators themselves;

o Real-world applications, a collection of interactive applications based on
our work, for speech and beyond speech fields;

o MAGE/pHTS: performative HMM-based synthesis library®, an open source
library that unifies our work and allows others to access and use it;

The first contribution, pHTS, is a new method that extends the original
HTS system, so that controls over the various production levels can be al-
most instantly applied [Chapter 4]. It combines quality and controllability. It
takes advantage of all the existing knowledge built around HTS, while pro-
viding controls over the frames, models or phonetic labels. This significantly
reduces the accessible time scale, so that users have instant feedback of their
controls. After cross-validating the four possible systems [Table 1.1], in a set
of four test cases [Figure 4.4], we have obtained very interesting results, in-
dicating that the reduced-context synthesis has a quality equivalent to the

The name MAGE comes actually from the names of the people that actively contributed in the creation
of the library at its birth: Maria, Alexis, Geoffrey - indeed a great inspiring team!
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original systems, and only the reduced-context training actually degrades
the final quality. In other words, that means that in cases where interactivity
is required, pHTS can be used in the place of HTS.

The second contribution has been the application of interpolation meth-
ods, initially developed for the traditional HMM-based speech synthesis
system, in the interactive framework of pHTS [Chapter 5]. By using more
complex model transformations, than just pitch, speed, volume, vocal tract
length and state duration, we obtain far more interesting results. We are
able to interactively combine models and generate new styles not initially in-
cluded in the recorded database, while the output is being generated. Based
on this property, it is possible to change the speaking style, speaker identity,
emotion, accent, etc., on the continuous scale independently on every pho-
netic label as the speech signal is being synthesised and heard by the user.
It was also shown that we were able to apply our work on reactive large-
scale interpolation scheme as well as to browse the stylistic space of gait and
visual laughter synthesis.

The third contribution consists in studying the effect of integrating ar-
ticulatory features in the interactive framework of pHTS [Chapter 6]. This
enables us to reactively control the generated speech through the articula-
tors themselves. The interesting property of this approach it that it gives a
“physical” or “intuitive” meaning to the user, rather than using “abstract”
vocoder parameters. However, this approach exhibits poorer quality than
the one encountered with the original system. One of the possible reasons
might be that the articulatory features require larger estimation window,
thus distortions are introduced which are then reflected in the final speech
output through the articulatory-to-acoustic mapping. Moreover, the conver-
sion from LSPs to MGCs, might also be the reason for additional errors.
Another issue that rises here is the high complexity of control parameters
(i. e. articulators, but not limited to). Nevertheless, we have obtained interest-
ing results, where users do not actually stress the small quality degradation.
Even though the controls seem rather straightforward, at the end it is very
demanding and difficult for the user to achieve a certain target. However,
users tend to enjoy the challenge of controlling the system and its resulting
output when driven to extreme states.

With our fourth contribution, we have tried to develop not only proofs of
concept but also actual applications [Chapter 7]. We developed several pro-
totypes related to speech, most of which focus mainly on the gestural con-
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trol of prosodic and contextual speech parameters. Additionally, we demon-
strate various other applications that enable more complex controls of the
artificial speech, such as accent and articulatory controls. Besides these ex-
perimental applications demonstrating the feasibility and principles of per-
formative HMM-based speech synthesis, we present also Reactive Audiobooks
and Tanukis, which are targeted as real-world applications. Moreover, pro-
totypes beyond the initial speech framework were developed. We showed
that controlling the audio-visual laughter and stylistic gait of an animated
character in realtime is not only possible but also a lot of fun. We see that dif-
ferent disciplines can benefit from our work, since performative HMM-based
synthesis can be used for many applications, either academic or commercial.

The fifth and last contribution is the creation of MAGE/pHTS, an open
source library for performative HMM-based synthesis that unifies the work
presented in this thesis [Chapter 8]. The design and structure of MAGe/pHTS
is so flexible, that almost any new advances of the HMM-based speech syn-
thesis framework can be easily integrated in the proposed performative sys-
tem, while preserving the accurate control on all production levels and the
quality of the initial system. The principle of this library is its accessibility,
being open source and combined with an easy API, anyone can access it and
use it in order to develop or test novel application ideas. Figure 9.1 gives a
short summary of research achievements of this thesis.

To conclude this PhD, we would like to recall the importance of interac-
tivity in speech synthesis. It is an essential social signal and dynamic phe-
nomenon, transmitting various information (e.g. social, verbal, emotional,
etc.) and is influenced constantly from fast-changing environmental factors
(e. g. speaker’s mood, feedback from a listener/speaker, etc.). Thus, the main
motivation of this work was to advance the state-of-the-art in HMM-based
synthesis, and to interactively involve performers in this synthesis process.
Moreover, we believe that interactive control can improve the naturalness of
generated output by studying the complex user controls in human commu-
nication. There are many challenging tasks to be tackled still, but we hope
that this dissertation has contributed in promoting new ideas and will help
others to bring forward even more interesting questions.
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Figure 9.1: Short summary of the research achievements of this thesis.

9.2 FUTURE WORK

As with every work, and certainly when a new idea, method or solution is
proposed, there is always room for improvement and continuation towards
its advancement and completion®. It becomes evident that further evalua-
tion of the system is required. More objective and subjective tests must be
conducted, using different methods, experimental conditions and protocols.
This will enable us to have a wider and more concrete view of the final qual-
ity of the system. Besides, user studies are essential for a complete evalua-
tion of the proposed applications. They will show us how users manipulate

While writing this dissertation, we were also able to incorporate plenty new features in MaGe/pHTS,
leading to a new version. New examples are being constructed and the documentation is being improved.
Additionally, all the source code of the applications presented here will be publicly available in the near
future with the release of the new version of MaGe/pHTS
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a given feature space, how skilled a user should be and how an application
can be improved in order to facilitate better user interaction.

In the near future we would like to improve the current realtime system
architecture so that we will be able to integrate more aspects of the HMM-
based synthesis state-of-the-art in the proposed performative framework.
This will allow us to propose different controls over the speech production
levels as well as new realtime application designs. We should highlight here
that comprehensive system- and application- wise evaluation is essential.

Apart from a structured roadmap, it is substantial to envision other pos-
sibilities, directions and paths. We believe that a leap forward will come
by using game thinking and game mechanics in non-game contexts so that
users can help us solve synthesis problems. Gamification has been studied
and applied in several domains, targeting to engage, teach or entertain users
so that the perceived ease of use of information systems can be improved.
The gamification of HMM-based synthesis, making it part of the everyday
life of the user/performer in an interesting, fun, enjoyable or even competi-
tive fashion, could bring very interesting insights in the speech community.
Creating such applications with crowdsourcing aspects will help us not only
tackle several existing problems and improve the existing technology, but
also form new questions to pursuit.
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In this Appendix you will find detailed information regarding the HTS

system [4].

A.1 TLABEL FORMAT

pl " p2—p3+p4d=p5@p6_p7 /A:al_a2_a3

/B:bl—b2—b3@b4—b5&b6—b7#68 —b92$b10—b11!b12—-b13;b14—-Db15|bl6

/C:cl+c2+c3/D:d1_d2/E:el+e2@e3+ ed &e5+ e6 #e7 + e8
J/F:f1_f2/G:g1_g2/H:hl =h2"h3=h4 |h5 /1:11_12 /] :j1 +j2—33

p1 | the phoneme identity before the previous phoneme

p2 | the previous phoneme identity

p3 | the current phoneme identity

p4 | the next phoneme identity

p5 | the phoneme after the next phoneme identity

p6 | position of the current phoneme identity in the current syllable (forward)

p7 | position of the current phoneme identity in the current syllable (backward)

a1 | whether the previous syllable stressed or not (o: not stressed, 1: stressed)

a2 | whether the previous syllable accented or not (o: not accented, 1: accented)

a3 | the number of phonemes in the previous syllable
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b1 whether the current syllable stressed or not (o: not stressed, 1: stressed)
b2 whether the current syllable accented or not (o: not accented, 1: accented)
b3 the number of phonemes in the current syllable
bg position of the current syllable in the current word (forward)
bs position of the current syllable in the current word (backward)
b6 position of the current syllable in the current phrase (forward)
by position of the current syllable in the current phrase (backward)
b8 the number of stressed syllables before the current syllable in the current phrase
bg the number of stressed syllables after the current syllable in the current phrase
bio | the number of accented syllables before the current syllable in the current phrase
bi1 | the number of accented syllables after the current syllable in the current phrase
bi2 | the number of syllables from the previous stressed syllable to the current syllable
b13 | the number of syllables from the current syllable to the next stressed syllable
b1g4 | the number of syllables from the previous accented syllable to the current syllable
b1i5 | the number of syllables from the current syllable to the next accented syllable
b16 | name of the vowel of the current syllable
c1 whether the next syllable stressed or not (o: not stressed, 1: stressed)
c2 whether the next syllable accented or not (o: not accented, 1: accented)
c3 the number of phonemes in the next syllable
di gpos (guess part-of-speech) of the previous word
d2 the number of syllables in the previous word
e1 gpos (guess part-of-speech) of the current word
e2 the number of syllables in the current word
e3 position of the current word in the current phrase (forward)
e4 position of the current word in the current phrase (backward)
e5 the number of content words before the current word in the current phrase
e6 the number of content words after the current word in the current phrase
ey the number of words from the previous content word to the current word
e8 the number of words from the current word to the next content word
f1 gpos of next word
f2 the number of syllables in next word
g1 the number of syllables in the previous phrase
g2 the number of words in the previous phrase
h1 the number of syllables in the current phrase
h2 the number of words in the current phrase
h3 position of the current phrase in this utterance (forward)
hg | position of the current phrase in this utterance (backward)
hs TOBI endtone of the current phrase
i1 the number of syllables in the next phrase
i2 the number of words in the next phrase
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j1 | the number of syllables in this utterance
j2 | the number of words in this utterance

j3 | the number of phrases in this utterance

A.2 CONTEXTUAL FACTORS

By default in HTS, the contextual factors taken into account for training of
the HMMs [4] are listed below :

e phoneme
- {preceding, current, succeeding} phonemes *
— position of current phoneme in current syllable

e syllable
- number of phonemes at {preceding, current, succeeding} syllable
— accent of {preceding, current, succeeding} syllable
- stress of {preceding, current, succeeding} syllable
— position of current syllable in current word
- number of {preceding, succeeding} stressed syllables in current phrase
— number of {preceding, succeeding} accented syllables in current phrase
— number of syllables {from previous, to next} stressed syllable
— number of syllables {from previous, to next} accented syllable
- vowel within current syllable

e word

guess at part of speech of {preceding, current, succeeding} word

number of syllables in {preceding, current, succeeding} word

position of current word in current phrase

number of {preceding, succeeding} content words in current phrase

number of words {from previous, to next} content word

e phrase
— number of syllables in preceding, current, succeeding phrase
- position in major phrase
— ToBI? endtone of current phrase
e utterance
— number of syllables in current utterance

1 The two preceding and the two succeeding phonemes of the current phoneme are taken into account
2 Tones and Break Indices
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A.3 SINGING CONTEXTUAL FACTORS

Additional contextual factors taken into account for training of the HMMs
for singing [2] are listed below :

e syllable

— the position of the current syllable within the current musical note and
phrase

e musical note

musical tone, key, beat, tempo, length, and dynamics of preceding, cur-
rent, and succeeding musical notes

— the position of the current musical note within the current phrase
- tied and slurred flags

- distance between the current musical note and the preceding/succeed-
ing accent and staccato

— the position of the current musical note within the current crescendo
and decrescendo

e song
— number in the song
— number of musical notes in the song

— number of phrases in the song

A.4 DECISION TREE EXAMPLE

This decision tree corresponds to a standard HTS training. It is the third
state tree for the mel-cepstrum coefficients (“mcp_s3”). It has 212 nodes, in-
dexed from 0 to 211, pointed out with a hyphen (’-"). In the left-hand column
there is the ordered list of nodes with its corresponding questions. For each
node, in the right-hand side, there are the instructions to go on down the
tree. They will either lead to the following node (i. e. from the node 0, if the
current phoneme is in a vowel it then goes to node —1, if not, it goes to node
—6) or to an indexed final leaf (i.e. “mgc_s3_1", pointing to the 1st cell of
the probability matrix).
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{

o}
-1
-2
-3
-4
5
-6
-7
-8
9
-10
-11
-12
-13
-14
-15
-16
-17
-18

C-Vowel
C-Voiced_Consonant
C-Continuent
C-Consonant

C-r

C-Nasal

C-ay
C-Fortis_Consonant
C-Syl_High_Vowel
C-Glide
C-Front_Vowel
C-Front_Stop

C-hh

C-dh

C-Syl_er

C-uw

L-Phrase_ Num-Words==0
C-Negative_Strident
C-Syl_ey

C-Central
C-Unrounded_Vowel
C-Syl_ow

C-Syl_ax

C-m

L-Fricative

C-Syl_iy

C-k

C-Fricative

C-Back

C-Central

L-Nasal

Cp

A4 DECISION TREE EXAMPLE
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C-jh
C-Word_GPOS==cc
L-1

L-Vowel
C-Central_Vowel
C-Central

C-Front

Cy

R-Vowel

L-Nasal

C-Stop

L-silences

L-1

Seg_Fw<=1
L-Central_Fricative
L-m

L-Consonant
L-Fricative
L-Syllabic_Consonant
L-silences
C-Central
L-Front_Vowel
L-Vowel

L-Nasal
L-Long_Vowel

L-n

Ln
L-Voiced_Consonant
L-Coronal_Consonant
L-Vowel

L-r

L-1

R-r

L-Nasal

-112
“mgc_s3_2"
75
“mgc_s3_3"
-61
“mgc_s3_5"
“mgc_s3_6"

”mgC_SB_IA‘.”
-86

-144

-125

-81
“mgc_s3_4"
73

-113
“mgc_s3_7"
-182

-156

-191

-82

-203
“mgc_s3_8"
“mgc_s3_9”
-64

-179

-85

-194

-66
“mgc_s3_10"
“mgc_s3_11"
-142

79

-193
“mgc_s3_12"
“mgc_s3_13"
-114

-207



L-Front
L-Unrounded_Vowel
Seg_Bw==1
L-Central_Fricative
R-z

L-No_Continuent
R-Nasal

L-Nasal

L-silences
L-Unrounded_Vowel
L-Central_Fricative
L-Non_Anterior
Seg_Fw==1
L-Negative_Strident
L-Consonant
L-Unrounded_Vowel
L-Neigther_F_or_L
Seg_Bw==1
L-Voiced_Consonant
R-Central_Fricative
L-Back_Stop

L-Nasal

L-Vowel
C-Coronal_Consonant
LL-Reduced_Vowel
L-Long_Vowel
L-Fronting_Vowel
L-Unvoiced_Consonant
L-pau
R-Unvoiced_Consonant
L-Fortis_Consonant
L-Coronal_Consonant
L-Fricative

L-1

“mgc_s3_16"

-148
-106
-151
-100
-105
-108

-196
-157
-132
-122
-175
-95

-128

-107

”I‘ngC_S3_27”

-180

“mgc_s3_28"

-187
-92

”mgC_S3_31”

-163
-189
-111
-186
-116
-103

-152
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“mgc_s3_15"
-153

-137
“mgc_s3_17"
“mgc_s3_18"
-133
“mgc_s3_19”
-146
“mgc_s3_20"
-208

-209
“mgc_s3_21"
-120
“mgc_s3_22"
-201

-172

98

-110
“mgc_s3_23"
“mgc_s3_24"
“mgc_s3_25"
“mgc_s3_26"
-123

-173
“mgc_s3_29”
-138
“mgc_s3_30"
“mgc_s3_32"
“mgc_s3_33"
“mgc_s3_34"
“mgc_s3_35"
“mgc_s3_36"
“mgc_s3_37"
“mgc_s3_38"
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-100
-101
-102
-103
-104
-105
-106
-107
-108
-109
-110
-111
-112
-113
-114
-115
-116
-117
-118
-119
-120
-121
-122
-123
-124
-125
-126
-127
-128
-129
-130
-131
-132

-133

C-Syl_ah

L-Nasal
L-Anterior_Consonant
L-Liquid

R-IVowel
L-Short_Vowel

L-1

L-Central_Stop
L-Central_Fricative
L-Nasal
R-Central_Fricative
L-Phrase_ Num-Words<=1
L-Fricative
R-Phrase_Num-Syls==1
L-m
L-Central_Fricative

L-er

L-pau

L-t
Pos_C-Syl_in_C-Phrase(Bw)==1
Pos_C-Syl_in_C-Word(Fw)<=1
R-Syl_Num-Segs==0
R-Nasal

L-ih

C-Syl_Stress==0
L-Syl_Num-Segs==0
R-Neigther_F or_L

L-m

L-TVowel
L-Fronting_Vowel
L-Front_Consonant
L-Central_Fricative
L-Non_Coronal
L-Unvoiced_Stop

“mgc_s3_39”
-178
-141
“mgc_s3_42"
“mgc_s3_44"
“mgc_s3_46"
-126
-136
-130
-121
-119
“mgc_s3_51"
-184
“mgc_s3_54"
“mgc_s3_56"
“mgc_s3_58"
-150
“mgc_s3_61"
-140
-124
-169
“mgc_s3_66"
-147
“mgc_s3_69”
“mgc_s3_71”
-204
-174
-139
-129
-165
“143
-155
“mgc_s3_79"
“145

-131
“mgc_s3_40"
“mgc_s3_41"
-164

“mgc_s3_43"
“mgc_s3_45"
“mgc_s3_47"
“mgc_s3_48"
-177

“mgc_s3_49”
“mgc_s3_50"
-134

“mgc_s3_52"
“mgc_s3_53"
“mgc_s3_55"
“mgc_s3_57"
“mgc_s3_59"
“mgc_s3_60"
“mgc_s3_62"
“mgc_s3_63"
“mgc_s3_64"
“mgc_s3_65"
“mgc_s3_67"
“mgc_s3_68"
“mgc_s3_70”
“mgc_s3_72"
-185

“mgc_s3_73"
“mgc_s3_74"
“mgc_s3_75"
“mgc_s3_76"
“mge_s3_77"
“mgc_s3_78”

“mgc_s3_80"



-134
-135
-136
-137
-138
-139
-140
-141
-142
“143
“144
-145
-146
-147
-148
-149
-150
-151
-152
-153
-154
-155
-156
-157
-158
-159
-160
-161
-162
-163
-164
-165
-166
-167

Pos_C-Syl_in_C-Phrase(Fw)<=5
C-Syl_Central_Vowel
L-r

L-Neigther_F_or_L
L-Front

L-r
L-Voiced_Consonant
L-Unvoiced_Consonant
L-Voiced_Fricative

L-r
L-Unrounded_Vowel
LL-1
Pos_C-Syl_in_C-Phrase(Bw)==1
L-Coronal_Consonant
L-Vowel

L-Liquid

L-m

L-No_Continuent
L-Liquid

L-Central
L-Syl_Num-Segs==0
L-Neigther F_or_L

L-s

C-Syl_AVowel

L-dh

L-eh
L-Affricate_Consonant
L-pau
L-Word_Num-Syls==0
L-Liquid
L-Anterior_Consonant
L-er
Pos_C-Syl_in_C-Phrase(Bw)==1
Ln

A4 DECISION TREE EXAMPLE

“mgc_s3_81"
“mgc_s3_83"
-149

-158
“mgc_s3_87"
-167

-154

-183
“mgc_s3_92"
-162
“mgc_s3_95"
“mgc_s3_97”
“mgc_s3_99”
“mgc_s3_101"
“mgc_s3_103"
-206

-192

-210
“mgc_s3_108"
“mgc_s3_110"
“mgc_s3_112"
-170
“mgc_s3_115"
“mgc_s3_117"
“mgc_s3_119”
-168

-190
“mgc_s3_123"
“mgc_s3_125"
“mgc_s3_127"
“mgc_s3_129"
-166
“mgc_s3_132"

-176

-200
“mgc_s3_82"
“mgc_s3_84"
“mgc_s3_85"
“mgc_s3_86"
“mgc_s3_88"
“mgc_s3_89”
“mgc_s3_90”
“mgc_s3_91”
“mgc_s3_93”
“mgc_s3_94"
“mgc_s3_96”
“mgc_s3_98”

7

“mgc_s3_100"
“mgc_s3_102"
“mgc_s3_104"
“mgc_s3_105"
“mgc_s3_106"
“mgc_s3_107"
“mgc_s3_109”
“mgc_s3_111"
“mgc_s3_113"
“mgc_s3_114"
“mgc_s3_116"
“mgc_s3_118”
“mgc_s3_120"
“mgc_s3_121"
“mgc_s3_122"
“mgc_s3_124"
“mgc_s3_126"
“mgc_s3_128"
“mgc_s3_130"
“mgc_s3_131"

“mgC_S3_133”
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-168
-169
-170
-171
-172
-173
-174
-175
-176
-177
-178
-179
-180
-181
-182
-183
-184
-185
-186
-187
-188
-189
-190
-191
-192
-193
-194
-195
-196
-197
-198
-199
-200

-201

L-Vowel

L-g

L-k

R-pau

L-iy
L-Positive_Strident
L-Unvoiced_Stop
L-No_Continuent
L-y
R-Syl_Num-Segs==0
L-Low_Vowel
LL-dh
L-Consonant

L-r

L-Unrounded_Vowel

L-aw
L-pau
R-Glide
L-Nasal
L-ng

L-Coronal_Consonant
L-Anterior_Consonant
R-Phrase_ Num-Words<=2

LL-Short_Vowel
L-Rounded_Vowel
L-Fronting_Vowel
L-Front
L-Not_Affricate
L-Nasal

R-Nasal

LL-Nasal
L-Central_Stop
L-aa

Seg_Bw<=1

“mgc_s3_135"
“mgc_s3_137"
-188

-198

“mgc_s3_141"
“mgc_s3_143"
-181

“mgc_s3_146"
-199

“mgc_s3_149”
“mgc_s3_151"
“mgc_s3_153"
“mgc_s3_155"
195

“mgc_s3_158"
“mgc_s3_160"
“mgc_s3_162"
“mgc_s3_164"
“mgc_s3_166"
“mgc_s3_168"
“mgc_s3_170"
“mgc_s3_172"
“mgc_s3_174"
“mgc_s3_176"
“mgc_s3_178"
“mgc_s3_180"
“mgc_s3_182"
“mgc_s3_184"
-197

“mgc_s3_187"
“mgc_s3_189"
“mgc_s3_191”
“mgc_s3_193"
-202

“mgc_s3_134"
“mgc_s3_136"
“mgc_s3_138"
“mgc_s3_139”
“mgc_s3_140"
“mgc_s3_142"
“mgc_s3_144"
“mgc_s3_145"
“mgc_s3_147"
“mgc_s3_148"
“mgc_s3_150"
“mgc_s3_152"
“mgc_s3_154"
“mgc_s3_156"
“mgc_s3_157"
“mgc_s3_159”
“mgc_s3_161"
“mgc_s3_163"
“mgc_s3_165"
“mgc_s3_167"
“mgc_s3_169”
“mgc_s3_171"
“mgc_s3_173"
“mgc_s3_175"
“mgce_s3_177"
“mgc_s3_179"
“mgc_s3_181"
“mgc_s3_183"
“mgc_s3_185"
“mgc_s3_186"
“mgc_s3_188"
“mgc_s3_190”
“mgc_s3_192”

llmgc_53_194”



-202 L-Central_Fricative “mgc_s3_196” “mgc_s3_195"
-203 L-s “mgc_s3_198” “mgc_s3_197"
-204 L-Non_Coronal “mgc_s3_200” “mgc_s3_199”
-205 L-r “mgc_s3_202" “mgc_s3_201"
-206 L-pau “mgc_s3_204" “mgc_s3_203"
-207 L “mgc_s3_206" “mgc_s3_205"
-208 Num-Syl_from_prev-StressedSyl<=0 “mgc_s3_208" “mgc_s3_207"
-209 L-Negative_Strident “mgc_s3_210” “mgc_s3_209"
-210 L-UVowel “mgc_s3_211”7 -211

-211  R-Front_Vowel “mgc_s3_213” “mgc_s3_212"

A5 QUESTION FILE EXAMPLE

A.5 QUESTION FILE EXAMPLE

Be aware this is only a little portion of the example questions file. This very
same list is repeated 5 times, changing the prefix “LL-” which stands for
left-left and makes reference to the phoneme before the previous one. There
are four other different labels “L-”, “C-”, “R-” and “RR-", for the previous,
current, next, and after the next phoneme respectively. Besides, these are
only questions concerning phonetic features. There are many other ques-
tions within the file related to all the other phoneme features appearing in
the label file and listed in Section A.1.

QS “LL-Vowel” {aa“‘ ae™,ah™,a0™,aw™*,ax™,axr™

AAAAA

ayA* eh™ el™,em™ en™*
QS “LL-Consonant” {bA*,chA*,dA*,dhA*,dxA*,fA*,gA*,hhA*,hvA*,]hA*,kA*,lA*,mA*,nA*,
nx™,ng™,p™,1™*,s™ sh™ t™ th™ v™,w™,y™,z™, zh™}

bA* dAx- dx™* gme kA*,pA* tA*}

m™,n™,en™,ng™}

ch™,dh™ % hh™ hv™* s™* sh™ th™ v**,z™*,zh"*}

el™ hh™ 1™ 1™ w™* yA*}

ae™ b™ eh™ em™ {**,ih™ix™,iy™ m™,p™ v, w™}
ah™,ao0™,axr™,d™*,dh™,dx™*,el™ en™*,er™ 1™ n™* ™%,
™A th™, 2™, zh ™}

{aa™,ax™,ch™,g™ hh™ jh™ k™ ng™,ow™,sh™,uh™, uw™,y™*}

QS “LL-Stop” {
QS “LL-Nasal” {
QS “LL-Fricative” {
QS “LL-Liquid” {
QS “LL-Front” {ae
QS “LL-Central” {ah

QS “LL-Back”
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QS “LL-Front_Vowel”

QS “LL-Central_Vowel”
QS “LL-Back_Vowel”

QS “LL-Long_Vowel”

QS “LL-Short_Vowel”

QS “LL-Dipthong_Vowel”

{ae™,eh™ ey™,ih™,iy™}
{aa
{
{
{
{aw
QS “LL-Front_Start_Vowel” {aw ,axr™ ,ey *1
{ay
{
{ae
{aa
{
{

aa ,ah *,ao ,axr™*er™}

ao™,aw” elA* em™,en™ en™,iy™, ow™, uw™}
aa™,ah™,ax™,ay™,eh™,ey™ ih™,ix™,0y™,uh™}

aw™ axr’¥, ayA*,elA*,emA*,enA*,erA*,eyA* oy™*}

QS “LL-Fronting_Vowel”
QS “LL-High_Vowel”

QS “LL-Medium_Vowel”
QS “LL-Low_Vowel”

QS “LL-Rounded_Vowel”
QS “LL-Unrounded_Vowel”

ih™ix™* iyA*,uhA*,uwA*}

ae ,ah ,ax™*,axr™,eh™ el ™ .em™ en™, er™ ey™,ow™}
aa™,ae™,ah™,a0™,aw™,ay™,0y™*}

ao™,ow™,0y™*,uh™, uw™,w"}
aa™,ae™,ah™,aw™,ax™, axr™,ay™*,eh™, el™ em™
en™,er™ ey™ hh™ ih™,ix™ iy™ 1" 1™,y ™}

QS “LL-Reduced_Vowel”

QS “LL-IVowel”

QS “LL-EVowel”

QS “LL-AVowel”

QS “LL-OVowel”

QS “LL-UVowel”

QS “LL-Unvoiced_Consonant”
QS “LL-Voiced_Consonant”

ax™,axr™,ix™*}

ehA* eyA*}

aa™,ae™,aw™,axr™,ay™, er™}
ao™,ow™,0y™*}

ah™,ax™ el™ em™,en™,uh™,uw™}
ch™ £ hh™ k™ p™,s™,sh™ t™* th™*)
b™,d™*,dh™,dx™,el™,em™ en™,g™ jh™,

I, m™,n™,ng™ ™ v™*,w™,y™

{
{ih
{
{aa
{
{
{
{

QS “LL-Front_Consonant” {b™* em™ *,m™,p™* v, w™*}

P
QS “LL-Central_Consonant” {d™*,dh™,dx™ el™,en™ 1™ ,n™* r™* 8™ t™* th™,z™*,zh™*}
QS “LL-Back_Consonant” {ch™,g™* hh™ jh™* K™ ng™*,sh™,y"*}

g /) g y

QS “LL-Fortis_Consonant” {ch™ £ k™, p™,s™,sh™ t™* th™}
QS “LL-Lenis_Consonant” {b™*,d™*,dh™*,e™* jh™* v™*,z™*,zh"*}

g
QS “LL-Neigther_F_or_L” {el™ em™,en™ hh™ 1™ m™ n™ ng™* r™* w™ y™*}

g g y

QS “LL-Coronal_Consonant” {ch™,d™,dh™,dx™ el™,en™ jh™ 1™* n™ 1™,
s™*,sh™ t™* th™*,z™*,zh™*}

QS “LL-Non_Coronal” {b™*,em™ £*,g™ hh™ k™, m™ ng™,p™ v w™ y™}

QS “LL-Anterior_Consonant” {b™*,d™*,dh™,dx™*,el™*,em™,en™* £%,1™*, m™*,n"™*,

A% QA% A% A% A% A% A%
P AT AN v w2



QS “LL-Non_Anterior”
QS “LL-Continuent”

QS “LL-No_Continuent”
QS “LL-Positive_Strident”
QS “LL-Negative_Strident”
QS “LL-Neutral_Strident”

QS “LL-Glide”

QS “LL-Syllabic_Consonant”
QS “LL-Voiced_Stop”

QS “LL-Unvoiced_Stop”

QS “LL-Front_Stop”

QS “LL-Central_Stop”

QS “LL-Back_Stop”

QS “LL-Voiced_Fricative”
QS “LL-Unvoiced_Fricative”
QS “LL-Front_Fricative”

QS “LL-Central_Fricative”
QS “LL-Back_Fricative”

QS “LL-Affricate_Consonant”
QS “LL-Not_Affricate”

QS “LL-silences”

QS “LL-aa”

QS “LL-ae”

QS “LL-ah”

QS “LL-a0”

QS “LL-aw”

QS “LL-ax”

QS “LL-axr”

QS “LL-ay”

QS “LL-b”

QS “LL-ch”

QS “LL-d”

A5 QUESTION FILE EXAMPLE

{ch x-,gme hhA*,]hA* kA*,ngA* o ShA*,yA*,ZhA*}
{dh™.el™,em™,en™ ** hh™ 1™ m™ n™ ng™ r™,
s™,sh™ th™ v™ w™, y™,z™*,zh™}
{b™,ch™,d™ g™ jh™ K™*,p™ 1™}

{ch™,jh™ 5™ sh™,z™,zh™*)

{dh™* £*,hh™ th™ v"*}

{b™*,d™ el™,em™ en™,g™* k™ I, m™

N g™ p Wy

(hh™* 1% el ™ r "y, W)

{axr™,el™ em™,en™* er™*}

b, dA*lgA*}

{p™ k™

{b™,p™}

{d™

gk

{jh™,dh™*,v™,z™*,zh™}

{ch™ % 8™ sh™ th™*}

{t,v

{dh™*,s™,th™*,z"*}

{ch™ jh™,sh™*,zh™*}

{ch™ jh™}

{dh™* £* s™* sh™* th™* v™*,2™*,zh"*}

{pau™ h#™* brth™*}

{aa™}
{ae™}
{ah™}
{a0™}
{aw™}

{

{

{

{b

{

{d®

ax}

ch™}
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QS “LL-dh”
QS “LL-dx”
QS “LL-eh”
QS “LL-el”
QS “LL-em”
QS “LL-en”
QS “LL-er”
QS “LL-ey”
QS “LL-{”
QS “LL-g”
QS “LL-hh”
QS “LL-hv”
QS “LL-ih”
QS “LL-iy”
QS “LL+h”
QS “LL-k”
QS “LL-1”
QS “LL-m”
QS “LL-n"
QS “LL-nx”
QS “LL-ng”
QS “LL-ow”
QS “LL-oy”
QS “LL-p”
QS “LL-r”
QS “LL-s”
QS “LL-sh”
QS “LL-t”
QS “LL-th”
QS “LL-uh”
QS “LL-uw”
QS “LL-v”
QS “LL-w”
QS “LL-y”



QS “LL-z”
QS “LL-zh”
QS “LL-pau”
QS “LL-h#”
QS “LL-brth”

A5 QUESTION FILE EXAMPLE
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This Appendix contains detailed information regarding the integrations of
MaGe/pHTS, related links and license.

B.1 INTEGRATIONS OF MAGE

In this Section we describe the integration of MAGE as a Pure data & Max
MSP object as well as an openFrameworks & iOS application, by using just
the provided API.

B.1.1 Pure data & Max MSP object (mage~)

The mage~ external object is implemented with one input and one output.
The input is used to receive control messages from the user, whereas the out-
put gives raw speech samples. It starts and initialises the three MAGE threads,
as described in Section 8.1. It also creates and initialises all the functions in
order to receive and apply the user inputs. Basically, there are two kinds of
controls in mage~ that can be reactively applied to affect the synthesised
output. First, the reactive manipulation of the context, that can be applied
on the phoneme level. Second, the reactive control over the voice quality,
prosody and speaker identity, that can be applied either on the phoneme
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level or on the sample level, depending on the nature of the control and the
thread that applies it.

In details, the available controls in the mage~ object for context manipula-
tion are:

label alice.lab
labelfill
labelnext
labelinsert 10
labelreplace 54
labelswitch 7

where the message label alice.lab loads a list of phonetic labels from the
label file alice.lab and labelfill sends all the loaded labels into the mage~
object so that the processing will start, using one label at a time allowing
the user to focus on other controls and not only on the contextual control of
the voice. Similarly, labelnext sends a label from that list to MAGE and goes
to the next label of the list. labelinsert N sends the N" label of the list to
MAGE, labelreplace N sends the N" label of the list to MAGE and makes
labelnext jump to its next label. labelswitch N sends the N'" label of the
list and makes labelnext point to label N 4 1. If a command reaches the end
of the list, it loops back to the start.

Additionally, some examples of the available controls in the mage~ object
for voice quality, prosody and model manipulation are:

reset

alpha 0.42

speed 2 scale
pitchshift 128
interpolate awb 0.75
interpolate slt 0.25

where the message reset when received resets the mage~ object to its de-
fault values. alpha sets the value of the vocal tract length parameter to 0.42.
speed 2 scale multiplies the current speed of the speech output by two.
pitchshift 128 shifts / adds 128 Hz to the currently produced pitch tra-
jectory. interpolate awb 0.75 sets the interpolation weight of the speaker
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“awb” to 75% and respectively interpolate slt 0.25 sets the interpolation
weight of the speaker “slt” to 25%. Here we see that, we can reactively
change the speaker identity by switching gradually and mixing between
two voices (i.e. from 100% awb to 100% slt). The usage of the messages is
presented in Figure B.1.

______ set pitch value - - - - - - ----setinterpolation weights - - - -
9 9 19 ? )
21§fﬁ?v?’??‘te $1 fftChSCOIe-{%<VAr_,P‘tChShlft $1 1pterpolate slt $1 )Enterpolate awb $1
mage~
dac~
dac~
----control alpha, speed & volume - - - -
S =  —s @ control context ------
4 P @ Tabel ./inouts/labels/alice@l.lab
alpha $1 speed $1 volume $1 I -
== IR e ey Labelfill
mage~ zlabelnext $1
dac~ (—1
Labelinsert $1
""" reset synthesis - - - - - - llabelreplace 42
Teset Ilabelswitch -1
mage~ Tnage..
dac~ dac~

Figure B.1: Context, voice quality, prosody and model control in mage~.

B.1.2 openFrameworks, iOS

Another approach to MAGE integration using the above described controls
is to create an openFrameworks or iOS application based on one of the
several examples distributed with the source code [AMW"]. These small
control examples illustrate the various ways through which MAGE parame-
ters can be modified while the speech is synthesised. Besides, a more com-
plete example is available as ofOscControl which, when started, launches
the MAGE threads and permits to control each parameter of the speech syn-
thesis through OSC messages sent from any kind of interface supporting
OSC protocol.
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B.2 MAGE DEMO LINKS

e MAGE Platform for Performative Speech Synthesis
(http://mage.numediart.org/ )

e HandSketch demo
(https://vimeo.com/39558917 )

FaceOSC demo
(https://vimeo.com/39567236 )

Interactive accent map demo
(https://vimeo.com/51985913)

Reactive generation of articulatory features demo
(https://vimeo.com/67404386 )

Reactive interpolation of hypo- / hyper- articulated speech demo
(https://vimeo.com/53605118 )

Altering speech synthesis prosody through real time natural gestural
control demo
(http://vimeo.com/72305725)

Talking guitar live demo
(https://vimeo.com/100508133)

B.3 LICENSE

MAGE / pHTS ( the performative HMM-based speech synthesis system ) is free
software : you can redistribute it and/or modify it under the terms of the
GNU General Public License as published by the Free Software Foundation,
either version 3 of the license, or any later version.

MAGEe / pHTS is distributed in the hope that it will be useful, but WITH-
OUT ANY WARRANTY; without even the implied warranty of MERCHANTABIL-
ITY or FITNESS FOR A PARTICULAR PURPOSE. See the GNU General Public
License for more details.

You should have received a copy of the GNU General Public License along
with MAGe / pHTS. If not, see http://www.gnu.org/licenses.



Copyright 2011 University of Mons :
Numediart Institute for New Media Art (www.numediart.org)
Acapela Group (www.acapela-group.com)

Developed by :
Maria Astrinaki, Alexis Moinet, Geoffrey Wilfart,
Nicolas d”Alessandro and Thierry Dutoit

B.3 LICENSE

179






RELATED PROJECTS

Contents
c.1 Speech synthesis projects . . . .. ... ... ... ... L L oL 181
C2  Speechcorpuses . . ........ ... ... ... 182
c.3 Otherspeechrelatedlinks . . . ... ........ ... ... ... ...... 182
c.4 Beyond speechprojects . . ... ........... ... .. ... . ... ... 183
c5 Funlinks .. ... ... .. ... 183

In this Appendix there are some information for several interesting syn-
thesis projects, mainly regarding speech synthesis but not limited to.

C.1 SPEECH SYNTHESIS PROJECTS

¢ HMM-based Speech Synthesis System
(http://hts.sp.nitech.ac.jp/)

e HMM-based singing voice synthesis system

(http://www.sinsy.jp/)

The Voicebank project

(http://www.smart-mnd.org/voicebank/about/home.html)

Creative Speech Technology (CreST) Network

(http://crestnetwork.org.uk/index.php)

Ultrax Speech project

(http://www.ultrax-speech.org/)

Ultrax Speech project : Produce an animated 2D representation of

the vocal tract (http://homepages.inf.ed.ac.uk/korin/ultraxis2012/)
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C.2 SPEECH CORPUSES

International dialects of English archive
(http://www.dialectsarchive.com/globalmap )

CSTR VCTK Corpus : English Multi-speaker Corpus
for the CSTR Voice Cloning Toolkit
(http://homepages.inf.ed.ac.uk/jyamagis/page3/page58/page58.html )

CSTR NAM TIMIT Plus corpus
(http://homepages.inf.ed.ac.uk/jyamagis/page3/page57/page57.html )

The speech accent archive
(http://accent.gmu.edu/ )

C.3 OTHER SPEECH RELATED LINKS

TED Talk “Roger Ebert: Remaking my voice”
(http://www.ted.com/talks/roger_ebert_remaking_my_voice.html)

Dialect quiz shows where others talk like you do
(http://spark.rstudio.com/jkatz/DialectQuiz/ )

The International Dialects of English Archive

(http://www.dialectsarchive.com/ )

An average voice is beautiful, say scientists
(http://phys.org/news183666976.html )

Hearing Voices
(http://www.wnyc.org/story/224328-hearing-voices/)

Overtone singing with X-ray
(http://vimeo.com/20237275)

HANDSKETCH
(‘http://handsketch.net/)



C.4 BEYOND SPEECH PROJECTS

C.4 BEYOND SPEECH PROJECTS

Tanukis demo
(http://vimeo.com/76850234)

Audio-visual Laughter Synthesis
(http://tcts.fpms.ac.be/~cakmak/personal/)

Examples of synthesized walks
(http://tcts.fpms.ac.be/~tilmanne/ )

C.5 FUN LINKS

29 Celebrity Impressions, 1 Original Song - Rob Cantor
(https://www.youtube.com/watch?v=k6PxMRUgmbA )

Funny French Guy Learning American Accent
(https://www.youtube.com/watch?v=zeV0ag5z2-0)

The Italian Man Who Went to Malta
(https://www.youtube.com/watch?v=m9tyqeIfY00 )

Burnistoun Voice Recognition Elevator
(https://www.youtube.com/watch?v=QGQHzIQ1jV0 )

Jamie Costa’s Vine Impressions of Robin Williams
(https://www.youtube.com/watch?v=VKQsI1lyQFwE )
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