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• PhD student in CSTR
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Zhizheng Wu

• Creator of Merlin
• Now with Apple

• Website:   zhizheng.org
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Tutorial coverage

• PART 1 - Text-to-speech, in a nutshell

• PART 2 - Building a system using
• Ossian for the front end
• Merlin for the acoustic model
• WORLD vocoder

• PART 3 - Extensions that are (or could 
easily be) achievable with Merlin
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References

• This tutorial covers the ideas of many 
people, and not just those of the 
presenters

• To keep the slides clear and simple, 
citations are not included

• Instead, there is a brief reading list at 
the end, arranged by topic
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Agenda

Topic Presenter

PART 1 From text to speech Simon King

PART 2

The front end Oliver Watts

Linguistic feature extraction & engineering Srikanth Ronanki

Acoustic feature extraction & engineering Felipe Espic

Regression Zhizheng Wu

Waveform generation Felipe Espic

Recap and conclusion Simon King

PART 3 Extensions Zhizheng Wu
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The classic two-stage pipeline of unit selection

text

Author of the…

Copyright King, Watts, Ronanki, Espic, Wu. Personal use only. No re-use. No redistribution.



linguistic 
specification

The classic two-stage pipeline of unit selection

Front end

text

Author of the… Author   of   the  ...

ao th er ah f dh ax

syl syl syl syl

sil

NN of DT

1 0 0 0

...

...

this is the original Keynote figure - everything is editable (if you un-group) - no good for scaling

Copyright King, Watts, Ronanki, Espic, Wu. Personal use only. No re-use. No redistribution.



linguistic 
specification

The classic two-stage pipeline of unit selection

Front end
Waveform 
generator

text waveform

Author of the… Author   of   the  ...

ao th er ah f dh ax

syl syl syl syl

sil

NN of DT

1 0 0 0

...

...

this is the original Keynote figure - everything is editable (if you un-group) - no good for scaling

Copyright King, Watts, Ronanki, Espic, Wu. Personal use only. No re-use. No redistribution.



The end-to-end problem we want to solve

text
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The end-to-end problem we want to solve

Text-to-Speech

text waveform
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A problem we can actually solve with machine learning
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We can describe the core problem as sequence-to-sequence regression

output sequence
(acoustic features)

input sequence
(linguistic features)
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We can describe the core problem as sequence-to-sequence regression

output sequence
(acoustic features)

input sequence
(linguistic features)

Different lengths, because of 
differing ‘clock rates’
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Orientation

• So far
• set up the problem of  TTS as 

sequence-to-sequence regression 

• Next
• how TTS is done, using a pre-built 

system

• Later
• how to build that system
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• So far
• set up the problem of  TTS as 

sequence-to-sequence regression 

• Next
• how TTS is done, using a pre-built 

system

• Later
• how to build that system

Orientation

this is a deliberately generic 
way to talk about TTS

it will make it easier to 
understand:

• different methods for 
doing regression

• choices of input and output 
features
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Number of inputs and outputs
is not to scale !
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• So far
• set up the problem of  TTS as 

sequence-to-sequence regression 

• Next
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• Later
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Orientation
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• So far
• set up the problem of  TTS as 

sequence-to-sequence regression 

• Next
• how TTS is done, using a pre-built 

system

• Later
• how to build that system

Orientation

a quick run through the 
complete pipeline, from text 
input to waveform output
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• So far
• set up the problem of  TTS as 

sequence-to-sequence regression 

• Next
• how TTS is done, using a pre-built 

system

• Later
• how to build that system

Orientation

a slower, step-by-step run 
through the complete 
pipeline, concentrating on 
how to create a new 
system (for any language)
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Terminology

• Front end

• Regression

• Waveform generator
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• Front end
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• Waveform generator
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linguistic specification

acoustic features

acoustic features
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Terminology

• Linguistic specification

• Linguistic features

• Acoustic features
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• Linguistic specification
• this entire thing

• Linguistic features
• individual elements

• Acoustic features
• sequence of frames

Terminology
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• Text processing
• pipeline architecture
• linguistic specification

• Regression
• duration model
• acoustic model

• Waveform generation
• acoustic features
• signal processing

From text to speech
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linguistic 
specification

Extracting features from text using the front end
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Text processing pipeline

Front end

text
linguistic 

specification

Copyright King, Watts, Ronanki, Espic, Wu. Personal use only. No re-use. No redistribution.



Text processing pipeline

Front end

LTS Phrase 
breakstokenize POS 

tag intonation

text
linguistic 

specification
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Text processing pipeline

Front end

LTS Phrase 
breakstokenize POS 

tag intonation

individually learned 
from labelled data

text
linguistic 

specification
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Text processing pipelineText processing pipeline

Front end

LTS Phrase 
breakstokenize POS 

tag intonation
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Text processing pipeline

Front end

LTS Phrase 
breakstokenize POS 

tag intonation

• Step 1: divide input stream into tokens, which are potential words

• For English and many other languages
• rule based
• whitespace and punctuation are good features

• For some other languages, especially those that don’t use whitespace
• may be more difficult
• other techniques required (out of scope here)

Tokenize & Normalize
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Text processing pipeline

Front end

LTS Phrase 
breakstokenize POS 

tag intonation

• Step 2: classify every token, finding Non-Standard Words that need further processing

Tokenize & Normalize

In 2011, I spent £100 at IKEA on 100 DVD holders.
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Text processing pipeline

Front end

LTS Phrase 
breakstokenize POS 

tag intonation

• Step 2: classify every token, finding Non-Standard Words that need further processing

Tokenize & Normalize

In 2011, I spent £100 at IKEA on 100 DVD holders.

NYER MONEY ASWD NUM LSEQ
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Tokenize & Normalize

Text processing pipeline

Front end

LTS Phrase 
breakstokenize POS 

tag intonation

• Step 3: a set of specialised modules to process NSWs of a each type

2011  NYER   twenty eleven
£100  MONEY  one hundred pounds
IKEA  ASWD   apply letter-to-sound
100   NUM    one hundred
DVD   LSEQ   D. V. D.  dee vee dee
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POS tagging

• Part-of-speech tagger
• Accuracy can be very high
• Trained on annotated text data
• Categories are designed for text, not speech

Text processing pipeline

Front end

LTS Phrase 
breakstokenize POS 

tag intonation
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NPS Affairs
NP Institute
IN at
NP U-Mass
NP Boston,
NP Doctor
NP Ed
NP Beard,
VBZ says
DT the
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IN for
VBP do
PP it
PP yourself
NN lawmaking
VBZ comes
IN from
NNS voters
WP who
VBP feel
VBN frustrated
IN by
PP$ their
JJ elected
NNS officials.
CC But
DT the
NN initiative

POS tagging

• Part-of-speech tagger
• Accuracy can be very high
• Trained on annotated text data
• Categories are designed for text, not speech

Text processing pipeline

Front end

LTS Phrase 
breakstokenize POS 

tag intonation
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• Pronunciation model
• dictionary look-up,  plus

• letter-to-sound model
• But

• need deep knowledge of the 
language to design the phoneme set

• human expert must write dictionary 

Pronunciation / LTS

Text processing pipeline

Front end

LTS Phrase 
breakstokenize POS 

tag intonation
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AEGON  EY1 G AA0 N
AELTUS  AE1 L T AH0 S
AENEAS  AE1 N IY0 AH0 S
AENEID  AH0 N IY1 IH0 D
AEQUITRON  EY1 K W IH0 T R AA0 N
AER  EH1 R
AERIAL  EH1 R IY0 AH0 L
AERIALS  EH1 R IY0 AH0 L Z
AERIE  EH1 R IY0
AERIEN  EH1 R IY0 AH0 N
AERIENS  EH1 R IY0 AH0 N Z
AERITALIA  EH2 R IH0 T AE1 L Y AH0
AERO  EH1 R OW0
AEROBATIC  EH2 R AH0 B AE1 T IH0 K
AEROBATICS  EH2 R AH0 B AE1 T IH0 K S
AEROBIC  EH0 R OW1 B IH0 K
AEROBICALLY  EH0 R OW1 B IH0 K L IY0
AEROBICS  ER0 OW1 B IH0 K S
AERODROME  EH1 R AH0 D R OW2 M
AERODROMES  EH1 R AH0 D R OW2 M Z
AERODYNAMIC  EH2 R OW0 D AY0 N AE1 M IH0 K
AERODYNAMICALLY  EH2 R OW0 D AY0 N AE1 M IH0 K L IY0
AERODYNAMICIST  EH2 R OW0 D AY0 N AE1 M IH0 S IH0 S T
AERODYNAMICISTS  EH2 R OW0 D AY0 N AE1 M IH0 S IH0 S T S
AERODYNAMICISTS(1)  EH2 R OW0 D AY0 N AE1 M IH0 S IH0 S
AERODYNAMICS  EH2 R OW0 D AY0 N AE1 M IH0 K S
AERODYNE  EH1 R AH0 D AY2 N
AERODYNE'S  EH1 R AH0 D AY2 N Z
AEROFLOT  EH1 R OW0 F L AA2 T

• Pronunciation model
• dictionary look-up,  plus

• letter-to-sound model
• But

• need deep knowledge of the 
language to design the phoneme set

• human expert must write dictionary 

Pronunciation / LTS

Text processing pipeline

Front end

LTS Phrase 
breakstokenize POS 

tag intonation
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Linguistic feature engineering
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Terminology

• Flatten

• Encode

• Upsample
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• Flatten

• Encode

• Upsample
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sequence of vectors at acoustic framerate

linguistic specification

sequence of context-dependent phones

sequence of context-dependent phones

sequence of vectors

Copyright King, Watts, Ronanki, Espic, Wu. Personal use only. No re-use. No redistribution.



Flatten & encode: convert linguistic specification to vector sequence

“linguistic timescale”

Author   of   the  ...
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NN of DT

1 0 0 0

...

...

this is the original Keynote figure - everything is editable (if you un-group) - no good for scaling
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Upsample: add duration information

linguistic timescale
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Upsample: add duration information
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• Text processing
• pipeline architecture
• linguistic specification

• Regression
• duration model
• acoustic model

• Waveform generation
• acoustic features
• signal processing

From text to speech

Front end
Waveform 
generator

Statistical 
model
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Acoustic model: a simple “feed forward” neural network
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Acoustic model: a simple “feed forward” neural network
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with an activation function
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Acoustic model: a simple “feed forward” neural network

a weight matrix
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Acoustic model: a simple “feed forward” neural network

a hidden layer
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Acoustic model: a simple “feed forward” neural network
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What is a unit, and what does it do?
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What is a unit, and what does it do?

outp
ut

a non-linear
function

usually called 
the “activation”
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What are all those layers for?

a representation of 
the input a representation of 

the output

learned 
intermediate 

representations

a sequence of non-linear projections
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• Text processing
• pipeline architecture
• linguistic specification
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• Waveform generation
• acoustic features
• signal processing
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Waveform 
generator
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What are the acoustic features?
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“Author of the …”

Front end

LTS Phrase 
breakstokenize POS 

tag intonation

Putting it all together: text-to-speech with a neural network
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Front end

LTS Phrase 
breaks intonation

Putting it all together: text-to-speech with a neural network
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Front end

LTS Phrase 
breaks intonation

Putting it all together: text-to-speech with a neural network

Author   of   the  ...

ao th er ah f dh ax

syl syl syl syl

sil

NN of DT

1 0 0 0

...

...

this is the original Keynote figure - everything is editable (if you un-group) - no good for scaling
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Putting it all together: text-to-speech with a neural network
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Putting it all together: text-to-speech with a neural network

[0 0 1 0 0 1 0 1 1 0 … 0.2  0.0]
[0 0 1 0 0 1 0 1 1 0 … 0.2  0.1]
…
[0 0 1 0 0 1 0 1 1 0 … 0.2  1.0]
[0 0 1 0 0 1 0 1 1 0 … 0.4  0.0]
[0 0 1 0 0 1 0 1 1 0 … 0.4  0.5]
[0 0 1 0 0 1 0 1 1 0 … 0.4  1.0]
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[0 0 1 0 0 1 0 1 1 0 … 1.0  1.0]
[0 0 0 1 1 1 0 1 0 0 … 0.2  0.0]
[0 0 0 1 1 1 0 1 0 0 … 0.2  0.2]
[0 0 0 1 1 1 0 1 0 0 … 0.2  0.4]
…
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What next?

• How to build the system
• A front end for a new language

• Linguistic feature extraction & engineering
• Acoustic feature extraction & engineering

• Regression
• including duration modelling

• Waveform generation
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Agenda

Topic Presenter

PART 1 From text to speech Simon King

PART 2

The front end Oliver Watts

Linguistic feature extraction & engineering Srikanth Ronanki

Acoustic feature extraction & engineering Felipe Espic

Regression Zhizheng Wu

Waveform generation Felipe Espic

Recap and conclusion Simon King

PART 3 Extensions Zhizheng Wu
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The front end

Oliver Watts
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Front end

text

Front end

LTS Phrase 
breaks

linguistic 
specification

tokenize POS 
tag intonation

Copyright King, Watts, Ronanki, Espic, Wu. Personal use only. No re-use. No redistribution.



Front end

text

Front end

LTS Phrase 
breaks

linguistic 
specification

tokenize POS 
tag intonation

individually learned 
from labelled data

Copyright King, Watts, Ronanki, Espic, Wu. Personal use only. No re-use. No redistribution.



Front end

text

Front end

LTS Phrase 
breaks

linguistic 
specification

tokenize POS 
tag intonation

individually learned 
from labelled data

• This is fine where a 
trained front end exists
• Festival

• MaryTTS

• eSpeak
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Front end

text

Front end

LTS Phrase 
breaks

linguistic 
specification

tokenize POS 
tag intonation

individually learned 
from labelled data

• But what can we do if none 
exists, and we have no 
labelled data?

• What can we do without 
labelled data?
• Ossian

• This is fine where a 
trained front end exists
• Festival

• MaryTTS

• eSpeak
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Ossian toolkit

• uses training data, which can be as 
minimal as speech + text
• sentence- or paragraph-aligned

• exploits any additional resources a 
user can find

• provides front-end modules and 
the ‘glue’ for combining them with 
Merlin DNNs

simple4all.org
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Ossian toolkit

text

Front end

LTS Phrase 
breaks

linguistic 
specification

tokenize POS 
tag intonation

• In this section we will:
• Show how Ossian can be used with Merlin to build a Swahili voice without any language-

specific expertise, only transcribed speech 
• Introduce some of the ideas used by Ossian to manage without annotation
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Ossian naive recipe: training data

The only required input is UTF8 text and speech, in 
matched sentence/paragraph size chunks

Khartoum imejitenga na mzozo huo.

File:    Page: 1 of 1   Printed: Thu Aug 03 12:54:11

12136
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Ossian naive recipe: training data

The only required input is UTF8 text and speech, in 
matched sentence/paragraph size chunks

Khartoum imejitenga na mzozo huo.
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003D 61   = EQUALS SIGN Sm

003E 62   > GREATER-THAN SIGN Sm

003F 63   ? QUESTION MARK Po

0040 64   @ COMMERCIAL AT Po

0041 65   A LATIN CAPITAL LETTER A Lu

0042 66   B LATIN CAPITAL LETTER B Lu

0043 67   C LATIN CAPITAL LETTER C Lu

0044 68   D LATIN CAPITAL LETTER D Lu

0045 69   E LATIN CAPITAL LETTER E Lu

0046 70   F LATIN CAPITAL LETTER F Lu

1200 4608   ሀ ETHIOPIC SYLLABLE HA Lo

1201 4609   ሁ ETHIOPIC SYLLABLE HU Lo

1202 4610   ሂ ETHIOPIC SYLLABLE HI Lo

1203 4611   ሃ ETHIOPIC SYLLABLE HAA Lo

1204 4612   ሄ ETHIOPIC SYLLABLE HEE Lo

1205 4613   ህ ETHIOPIC SYLLABLE HE Lo

1206 4614   ሆ ETHIOPIC SYLLABLE HO Lo

1207 4615   ሇ ETHIOPIC SYLLABLE HOA Lo

1208 4616   ለ ETHIOPIC SYLLABLE LA Lo
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1205 4613   ህ ETHIOPIC SYLLABLE HE Lo

1206 4614   ሆ ETHIOPIC SYLLABLE HO Lo

1207 4615   ሇ ETHIOPIC SYLLABLE HOA Lo

1208 4616   ለ ETHIOPIC SYLLABLE LA Lo
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0042 66   B LATIN CAPITAL LETTER B Lu

0043 67   C LATIN CAPITAL LETTER C Lu

0044 68   D LATIN CAPITAL LETTER D Lu

0045 69   E LATIN CAPITAL LETTER E Lu

0046 70   F LATIN CAPITAL LETTER F Lu

1200 4608   ሀ ETHIOPIC SYLLABLE HA Lo

1201 4609   ሁ ETHIOPIC SYLLABLE HU Lo

1202 4610   ሂ ETHIOPIC SYLLABLE HI Lo

1203 4611   ሃ ETHIOPIC SYLLABLE HAA Lo

1204 4612   ሄ ETHIOPIC SYLLABLE HEE Lo

1205 4613   ህ ETHIOPIC SYLLABLE HE Lo

1206 4614   ሆ ETHIOPIC SYLLABLE HO Lo

1207 4615   ሇ ETHIOPIC SYLLABLE HOA Lo

1208 4616   ለ ETHIOPIC SYLLABLE LA Lo
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Ossian naive recipe: training data

The only required input is UTF8 text and speech, in 
matched sentence/paragraph size chunks

Khartoum imejitenga na mzozo huo.

File:    Page: 1 of 1   Printed: Thu Aug 03 12:54:11

12136

-14412-14
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-10
-8
-6
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-2
0
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4
6
8
10
12

0.2 0.4 0.6 0.8 1.0 1.2 1.4 1.6 1.8 2.0 2.2
time

003D 61   = EQUALS SIGN Sm

003E 62   > GREATER-THAN SIGN Sm

003F 63   ? QUESTION MARK Po

0040 64   @ COMMERCIAL AT Po

0041 65   A LATIN CAPITAL LETTER A Lu

0042 66   B LATIN CAPITAL LETTER B Lu

0043 67   C LATIN CAPITAL LETTER C Lu

0044 68   D LATIN CAPITAL LETTER D Lu

0045 69   E LATIN CAPITAL LETTER E Lu

0046 70   F LATIN CAPITAL LETTER F Lu

1200 4608   ሀ ETHIOPIC SYLLABLE HA Lo

1201 4609   ሁ ETHIOPIC SYLLABLE HU Lo

1202 4610   ሂ ETHIOPIC SYLLABLE HI Lo

1203 4611   ሃ ETHIOPIC SYLLABLE HAA Lo

1204 4612   ሄ ETHIOPIC SYLLABLE HEE Lo

1205 4613   ህ ETHIOPIC SYLLABLE HE Lo

1206 4614   ሆ ETHIOPIC SYLLABLE HO Lo

1207 4615   ሇ ETHIOPIC SYLLABLE HOA Lo

1208 4616   ለ ETHIOPIC SYLLABLE LA Lo

003D 61   = EQUALS SIGN Sm

003E 62   > GREATER-THAN SIGN Sm

003F 63   ? QUESTION MARK Po

0040 64   @ COMMERCIAL AT Po

0041 65   A LATIN CAPITAL LETTER A Lu

0042 66   B LATIN CAPITAL LETTER B Lu

0043 67   C LATIN CAPITAL LETTER C Lu

0044 68   D LATIN CAPITAL LETTER D Lu

0045 69   E LATIN CAPITAL LETTER E Lu

0046 70   F LATIN CAPITAL LETTER F Lu

1200 4608   ሀ ETHIOPIC SYLLABLE HA Lo

1201 4609   ሁ ETHIOPIC SYLLABLE HU Lo

1202 4610   ሂ ETHIOPIC SYLLABLE HI Lo

1203 4611   ሃ ETHIOPIC SYLLABLE HAA Lo

1204 4612   ሄ ETHIOPIC SYLLABLE HEE Lo

1205 4613   ህ ETHIOPIC SYLLABLE HE Lo

1206 4614   ሆ ETHIOPIC SYLLABLE HO Lo

1207 4615   ሇ ETHIOPIC SYLLABLE HOA Lo

1208 4616   ለ ETHIOPIC SYLLABLE LA Lo

ASCII names
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The front end
This XML file does not appear to have any style information associated with it. The document tree is shown
below. 

<utt text="Khartoum imejitenga na mzozo huo." waveform="./wav/pm_n2236.wav"
utterance_name="pm_n2236"/>

File:    Page: 1 of 1   Printed: Thu Aug 03 12:54:11

12136

-14412-14
-12
-10
-8
-6
-4
-2
0
2
4
6
8
10
12

0.2 0.4 0.6 0.8 1.0 1.2 1.4 1.6 1.8 2.0 2.2
time

Text processing pipeline

Front end

LTS Phrase 
breakstokenize POS 

tag intonation
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The front end
This XML file does not appear to have any style information associated with it. The document tree is shown
below. 

<utt text="Khartoum imejitenga na mzozo huo." waveform="./wav/pm_n2236.wav"
utterance_name="pm_n2236"/>

An XML utterance 
structure is created for 
each sentence in the 

training corpus
File:    Page: 1 of 1   Printed: Thu Aug 03 12:54:11

12136

-14412-14
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0.2 0.4 0.6 0.8 1.0 1.2 1.4 1.6 1.8 2.0 2.2
time

Text processing pipeline

Front end

LTS Phrase 
breakstokenize POS 

tag intonation
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The front end
This XML file does not appear to have any style information associated with it. The document tree is shown
below. 

<utt text="Khartoum imejitenga na mzozo huo." waveform="./wav/pm_n2236.wav"
utterance_name="pm_n2236"/>

Text processing pipeline

Front end

LTS Phrase 
breakstokenize POS 

tag intonation
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Tokeniser
This XML file does not appear to have any style information associated with it. The document tree is shown
below. 

<utt text="Khartoum imejitenga na mzozo huo." waveform="./wav/pm_n2236.wav"
utterance_name="pm_n2236" processors_used=",word_splitter">
<token text="_END_" token_class="_END_"/>
<token text="Khartoum" token_class="word"/>
<token text=" " token_class="space"/>
<token text="imejitenga" token_class="word"/>
<token text=" " token_class="space"/>
<token text="na" token_class="word"/>
<token text=" " token_class="space"/>
<token text="mzozo" token_class="word"/>
<token text=" " token_class="space"/>
<token text="huo" token_class="word"/>
<token text="." token_class="punctuation"/>
<token text="_END_" token_class="_END_"/>

</utt>

Text processing pipeline

Front end

LTS Phrase 
breakstokenize POS 

tag intonation
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Tokeniser
This XML file does not appear to have any style information associated with it. The document tree is shown
below. 

<utt text="Khartoum imejitenga na mzozo huo." waveform="./wav/pm_n2236.wav"
utterance_name="pm_n2236" processors_used=",word_splitter">
<token text="_END_" token_class="_END_"/>
<token text="Khartoum" token_class="word"/>
<token text=" " token_class="space"/>
<token text="imejitenga" token_class="word"/>
<token text=" " token_class="space"/>
<token text="na" token_class="word"/>
<token text=" " token_class="space"/>
<token text="mzozo" token_class="word"/>
<token text=" " token_class="space"/>
<token text="huo" token_class="word"/>
<token text="." token_class="punctuation"/>
<token text="_END_" token_class="_END_"/>

</utt>

Unicode character 
properties are used 
to tokenise the text 

with a language-
independent regular 

expression

• Assume UTF-8 input, and rely heavily on it for:
• Tokenisation:

•      ([\p{L}||\p{N}||\p{M}]+)

• ASCII letter representations:
<Token text="आप#" token_class="word" 
safetext="_DEVANAGARILETTERAA__DEVANAGARILETTERPA__
DEVANAGARILETTERKA__DEVANAGARIVOWELSIGNE_"  
has_silence="False" word_vsm_d1="0.402133408685" 
word_vsm_d2="0.00431163244411" ... 
phrase_start="True" phrase_end="False">

Text processing pipeline

Front end

LTS Phrase 
breakstokenize POS 

tag intonation
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Tokeniser
This XML file does not appear to have any style information associated with it. The document tree is shown
below. 

<utt text="Khartoum imejitenga na mzozo huo." waveform="./wav/pm_n2236.wav"
utterance_name="pm_n2236" processors_used=",word_splitter">
<token text="_END_" token_class="_END_"/>
<token text="Khartoum" token_class="word"/>
<token text=" " token_class="space"/>
<token text="imejitenga" token_class="word"/>
<token text=" " token_class="space"/>
<token text="na" token_class="word"/>
<token text=" " token_class="space"/>
<token text="mzozo" token_class="word"/>
<token text=" " token_class="space"/>
<token text="huo" token_class="word"/>
<token text="." token_class="punctuation"/>
<token text="_END_" token_class="_END_"/>

</utt>

Text processing pipeline

Front end

LTS Phrase 
breakstokenize POS 

tag intonation
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Tokeniser
This XML file does not appear to have any style information associated with it. The document tree is shown
below. 

<utt text="Khartoum imejitenga na mzozo huo." waveform="./wav/pm_n2236.wav"
utterance_name="pm_n2236" processors_used=",word_splitter">
<token text="_END_" token_class="_END_"/>
<token text="Khartoum" token_class="word"/>
<token text=" " token_class="space"/>
<token text="imejitenga" token_class="word"/>
<token text=" " token_class="space"/>
<token text="na" token_class="word"/>
<token text=" " token_class="space"/>
<token text="mzozo" token_class="word"/>
<token text=" " token_class="space"/>
<token text="huo" token_class="word"/>
<token text="." token_class="punctuation"/>
<token text="_END_" token_class="_END_"/>

</utt>

Text processing pipeline

Front end

LTS Phrase 
breakstokenize POS 

tag intonation

Unicode is also used to 
classify tokens as words, 
space, and punctuation
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Tokeniser
This XML file does not appear to have any style information associated with it. The document tree is shown
below. 

<utt text="Khartoum imejitenga na mzozo huo." waveform="./wav/pm_n2236.wav"
utterance_name="pm_n2236" processors_used=",word_splitter">
<token text="_END_" token_class="_END_"/>
<token text="Khartoum" token_class="word"/>
<token text=" " token_class="space"/>
<token text="imejitenga" token_class="word"/>
<token text=" " token_class="space"/>
<token text="na" token_class="word"/>
<token text=" " token_class="space"/>
<token text="mzozo" token_class="word"/>
<token text=" " token_class="space"/>
<token text="huo" token_class="word"/>
<token text="." token_class="punctuation"/>
<token text="_END_" token_class="_END_"/>

</utt>

Text processing pipeline

Front end

LTS Phrase 
breakstokenize POS 

tag intonation
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Tokeniser
This XML file does not appear to have any style information associated with it. The document tree is shown
below. 

<utt text="Khartoum imejitenga na mzozo huo." waveform="./wav/pm_n2236.wav"
utterance_name="pm_n2236" processors_used=",word_splitter">
<token text="_END_" token_class="_END_"/>
<token text="Khartoum" token_class="word"/>
<token text=" " token_class="space"/>
<token text="imejitenga" token_class="word"/>
<token text=" " token_class="space"/>
<token text="na" token_class="word"/>
<token text=" " token_class="space"/>
<token text="mzozo" token_class="word"/>
<token text=" " token_class="space"/>
<token text="huo" token_class="word"/>
<token text="." token_class="punctuation"/>
<token text="_END_" token_class="_END_"/>

</utt>

Text processing pipeline

Front end

LTS Phrase 
breakstokenize POS 

tag intonation

✔
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POS tagging?
This XML file does not appear to have any style information associated with it. The document tree is shown
below. 

<utt text="Khartoum imejitenga na mzozo huo." waveform="./wav/pm_n2236.wav"
utterance_name="pm_n2236" processors_used=",word_splitter">
<token text="_END_" token_class="_END_"/>
<token text="Khartoum" token_class="word"/>
<token text=" " token_class="space"/>
<token text="imejitenga" token_class="word"/>
<token text=" " token_class="space"/>
<token text="na" token_class="word"/>
<token text=" " token_class="space"/>
<token text="mzozo" token_class="word"/>
<token text=" " token_class="space"/>
<token text="huo" token_class="word"/>
<token text="." token_class="punctuation"/>
<token text="_END_" token_class="_END_"/>

</utt>

Text processing pipeline

Front end

LTS Phrase 
breakstokenize POS 

tag intonation

✔
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POS tagging?
This XML file does not appear to have any style information associated with it. The document tree is shown
below. 

<utt text="Khartoum imejitenga na mzozo huo." waveform="./wav/pm_n2236.wav"
utterance_name="pm_n2236" processors_used=",word_splitter">
<token text="_END_" token_class="_END_"/>
<token text="Khartoum" token_class="word"/>
<token text=" " token_class="space"/>
<token text="imejitenga" token_class="word"/>
<token text=" " token_class="space"/>
<token text="na" token_class="word"/>
<token text=" " token_class="space"/>
<token text="mzozo" token_class="word"/>
<token text=" " token_class="space"/>
<token text="huo" token_class="word"/>
<token text="." token_class="punctuation"/>
<token text="_END_" token_class="_END_"/>

</utt>

Text processing pipeline

Front end

LTS Phrase 
breakstokenize POS 

tag intonation

✔

High frequency word

Copyright King, Watts, Ronanki, Espic, Wu. Personal use only. No re-use. No redistribution.



POS tagging?
This XML file does not appear to have any style information associated with it. The document tree is shown
below. 

<utt text="Khartoum imejitenga na mzozo huo." waveform="./wav/pm_n2236.wav"
utterance_name="pm_n2236" processors_used=",word_splitter">
<token text="_END_" token_class="_END_"/>
<token text="Khartoum" token_class="word"/>
<token text=" " token_class="space"/>
<token text="imejitenga" token_class="word"/>
<token text=" " token_class="space"/>
<token text="na" token_class="word"/>
<token text=" " token_class="space"/>
<token text="mzozo" token_class="word"/>
<token text=" " token_class="space"/>
<token text="huo" token_class="word"/>
<token text="." token_class="punctuation"/>
<token text="_END_" token_class="_END_"/>

</utt>

Text processing pipeline

Front end

LTS Phrase 
breakstokenize POS 

tag intonation

✔

Mid-frequency word
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POS tagging?
This XML file does not appear to have any style information associated with it. The document tree is shown
below. 

<utt text="Khartoum imejitenga na mzozo huo." waveform="./wav/pm_n2236.wav"
utterance_name="pm_n2236" processors_used=",word_splitter">
<token text="_END_" token_class="_END_"/>
<token text="Khartoum" token_class="word"/>
<token text=" " token_class="space"/>
<token text="imejitenga" token_class="word"/>
<token text=" " token_class="space"/>
<token text="na" token_class="word"/>
<token text=" " token_class="space"/>
<token text="mzozo" token_class="word"/>
<token text=" " token_class="space"/>
<token text="huo" token_class="word"/>
<token text="." token_class="punctuation"/>
<token text="_END_" token_class="_END_"/>

</utt>

Text processing pipeline

Front end

LTS Phrase 
breakstokenize POS 

tag intonation

✔

Mzozo often preceded by na
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POS tagging?
This XML file does not appear to have any style information associated with it. The document tree is shown
below. 

<utt text="Khartoum imejitenga na mzozo huo." waveform="./wav/pm_n2236.wav"
utterance_name="pm_n2236" processors_used=",word_splitter">
<token text="_END_" token_class="_END_"/>
<token text="Khartoum" token_class="word"/>
<token text=" " token_class="space"/>
<token text="imejitenga" token_class="word"/>
<token text=" " token_class="space"/>
<token text="na" token_class="word"/>
<token text=" " token_class="space"/>
<token text="mzozo" token_class="word"/>
<token text=" " token_class="space"/>
<token text="huo" token_class="word"/>
<token text="." token_class="punctuation"/>
<token text="_END_" token_class="_END_"/>

</utt>

Text processing pipeline

Front end

LTS Phrase 
breakstokenize POS 

tag intonation

✔
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Distributional word vectors as Part Of Speech (POS) tag substitutesConstruction of a Word Space
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Distributional word vectors as Part Of Speech (POS) tag substitutesConstruction of a Word Space
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Count of the house
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Distributional word vectors as Part Of Speech (POS) tag substitutesConstruction of a Word Space
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Count of house some
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Distributional word vectors as Part Of Speech (POS) tag substitutesConstruction of a Word Space
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Large, noisy 
representation of house
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Distributional word vectors as Part Of Speech (POS) tag substitutesConstruction of a Word Space
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Compact and denoised 
representation of house
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Word vectors as a substitute for POS tags
This XML file does not appear to have any style information associated with it. The document tree is shown
below. 

<utt text="Khartoum imejitenga na mzozo huo." waveform="./wav/pm_n2236.wav"
utterance_name="pm_n2236" processors_used=",word_splitter">
<token text="_END_" token_class="_END_"/>
<token text="Khartoum" token_class="word"/>
<token text=" " token_class="space"/>
<token text="imejitenga" token_class="word"/>
<token text=" " token_class="space"/>
<token text="na" token_class="word"/>
<token text=" " token_class="space"/>
<token text="mzozo" token_class="word"/>
<token text=" " token_class="space"/>
<token text="huo" token_class="word"/>
<token text="." token_class="punctuation"/>
<token text="_END_" token_class="_END_"/>

</utt>

Text processing pipeline

Front end

LTS Phrase 
breakstokenize POS 

tag intonation

✔
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Word vectors as a substitute for POS tags
This XML file does not appear to have any style information associated with it. The document tree is shown
below. 

<utt text="Khartoum imejitenga na mzozo huo." waveform="./wav/pm_n2236.wav"
utterance_name="pm_n2236" processors_used=",word_splitter">
<token text="_END_" token_class="_END_"/>
<token text="Khartoum" token_class="word"/>
<token text=" " token_class="space"/>
<token text="imejitenga" token_class="word"/>
<token text=" " token_class="space"/>
<token text="na" token_class="word"/>
<token text=" " token_class="space"/>
<token text="mzozo" token_class="word"/>
<token text=" " token_class="space"/>
<token text="huo" token_class="word"/>
<token text="." token_class="punctuation"/>
<token text="_END_" token_class="_END_"/>

</utt>

Text processing pipeline

Front end

LTS Phrase 
breakstokenize POS 

tag intonation

mzazi     0.08456  0.07621  0.14389 -0.07572 -0.09360  0.03679  0.27597  0.04235 -0.09033  0.02766
mzee      0.48536  0.09108 -0.07778  0.03072  0.00748 -0.02230  0.24474  0.05092  0.03497 -0.28689
mzigo     0.24160  0.29423  0.09761  0.02281 -0.04059  0.05159  0.46449  0.17537 -0.31633 -0.20783
mziki     0.17319  0.18797  0.24167 -0.11501 -0.08971  0.07838  0.24463  0.12671  0.10141 -0.08566
mzima     0.15011  0.14782  0.13433 -0.05193 -0.11554 -0.06322 -0.02389 -0.10135 -0.12618 -0.23784
mzinga    0.54811  0.76613 -0.32598  0.33071  0.09245 -0.03485  0.59557  0.11588 -0.05061 -0.67112
mzio      0.16126  0.12330  0.25776 -0.12686 -0.16921  0.07771  0.67486  0.16286 -0.65269  0.18344
mzito     0.40942  0.31533 -0.16860  0.09701  0.04872  0.03306  0.13220  0.08224 -0.02024 -0.18612
mzizi     0.54811  0.76613 -0.32598  0.33071  0.09245 -0.03485  0.59557  0.11588 -0.05061 -0.67112
mzozo     0.15992  0.10262  0.16153 -0.00017 -0.10119  0.01991  0.43208  0.11103 -0.07448 -0.32394
mzungu    0.38154 -0.18574  0.01520 -0.03129 -0.07841 -0.01443  0.00773  0.11492 -0.04452 -0.12006
mzunguko  0.14774  0.13449  0.19579  0.06808 -0.10110 -0.00544  0.54405  0.11343 -0.05208 -0.65662
mzuri     0.15253  0.14582  0.06494  0.00261  0.01506  0.05783  0.08532  0.07523 -0.05475 -0.21018
n         0.62711 -0.43579 -0.04566 -0.15129  0.09354 -0.06195 -0.01784 -0.01039  0.01116 -0.02674
na        0.30476  0.07495 -0.11402 -0.02129  0.12608 -0.06760  0.03450 -0.01452  0.03151  0.00944
naam      0.73705 -0.32054  0.20758 -0.46735  0.53408 -0.54708 -0.05391  0.18557  0.07378 -0.00079
naamini   0.29768 -0.17173  0.01184 -0.06204 -0.06307  0.04229  0.10430  0.02932 -0.16171  0.09565
nacho     0.46656  0.46190 -0.23377  0.05100  0.12386  0.16630 -0.06094 -0.08215 -0.01370 -0.01461
nadhani   0.37699 -0.07810 -0.07401 -0.04728  0.10633 -0.06242  0.01266 -0.01627  0.02249  0.00675
nadharia  0.16468  0.22734 -0.15582  0.06906  0.05112 -0.01140  0.03663 -0.01030  0.02368  0.03267

✔

Copyright King, Watts, Ronanki, Espic, Wu. Personal use only. No re-use. No redistribution.



Word vectors as a substitute for POS tags
This XML file does not appear to have any style information associated with it. The document tree is shown
below. 

<utt text="Khartoum imejitenga na mzozo huo." waveform="./wav/pm_n2236.wav"
utterance_name="pm_n2236" processors_used=",word_splitter">
<token text="_END_" token_class="_END_"/>
<token text="Khartoum" token_class="word"/>
<token text=" " token_class="space"/>
<token text="imejitenga" token_class="word"/>
<token text=" " token_class="space"/>
<token text="na" token_class="word"/>
<token text=" " token_class="space"/>
<token text="mzozo" token_class="word"/>
<token text=" " token_class="space"/>
<token text="huo" token_class="word"/>
<token text="." token_class="punctuation"/>
<token text="_END_" token_class="_END_"/>

</utt>

Text processing pipeline

Front end

LTS Phrase 
breakstokenize POS 

tag intonation

✔

mzazi     0.08456  0.07621  0.14389 -0.07572 -0.09360  0.03679  0.27597  0.04235 -0.09033  0.02766
mzee      0.48536  0.09108 -0.07778  0.03072  0.00748 -0.02230  0.24474  0.05092  0.03497 -0.28689
mzigo     0.24160  0.29423  0.09761  0.02281 -0.04059  0.05159  0.46449  0.17537 -0.31633 -0.20783
mziki     0.17319  0.18797  0.24167 -0.11501 -0.08971  0.07838  0.24463  0.12671  0.10141 -0.08566
mzima     0.15011  0.14782  0.13433 -0.05193 -0.11554 -0.06322 -0.02389 -0.10135 -0.12618 -0.23784
mzinga    0.54811  0.76613 -0.32598  0.33071  0.09245 -0.03485  0.59557  0.11588 -0.05061 -0.67112
mzio      0.16126  0.12330  0.25776 -0.12686 -0.16921  0.07771  0.67486  0.16286 -0.65269  0.18344
mzito     0.40942  0.31533 -0.16860  0.09701  0.04872  0.03306  0.13220  0.08224 -0.02024 -0.18612
mzizi     0.54811  0.76613 -0.32598  0.33071  0.09245 -0.03485  0.59557  0.11588 -0.05061 -0.67112
mzozo     0.15992  0.10262  0.16153 -0.00017 -0.10119  0.01991  0.43208  0.11103 -0.07448 -0.32394
mzungu    0.38154 -0.18574  0.01520 -0.03129 -0.07841 -0.01443  0.00773  0.11492 -0.04452 -0.12006
mzunguko  0.14774  0.13449  0.19579  0.06808 -0.10110 -0.00544  0.54405  0.11343 -0.05208 -0.65662
mzuri     0.15253  0.14582  0.06494  0.00261  0.01506  0.05783  0.08532  0.07523 -0.05475 -0.21018
n         0.62711 -0.43579 -0.04566 -0.15129  0.09354 -0.06195 -0.01784 -0.01039  0.01116 -0.02674
na        0.30476  0.07495 -0.11402 -0.02129  0.12608 -0.06760  0.03450 -0.01452  0.03151  0.00944
naam      0.73705 -0.32054  0.20758 -0.46735  0.53408 -0.54708 -0.05391  0.18557  0.07378 -0.00079
naamini   0.29768 -0.17173  0.01184 -0.06204 -0.06307  0.04229  0.10430  0.02932 -0.16171  0.09565
nacho     0.46656  0.46190 -0.23377  0.05100  0.12386  0.16630 -0.06094 -0.08215 -0.01370 -0.01461
nadhani   0.37699 -0.07810 -0.07401 -0.04728  0.10633 -0.06242  0.01266 -0.01627  0.02249  0.00675
nadharia  0.16468  0.22734 -0.15582  0.06906  0.05112 -0.01140  0.03663 -0.01030  0.02368  0.03267

✔

Copyright King, Watts, Ronanki, Espic, Wu. Personal use only. No re-use. No redistribution.



Letters as a substitute for phonemes

Early Chinese character

Faber[8] categorizes phonographic writing by two levels, linearity and
coding:

logographic, e.g. Chinese, Ancient Egyptian
phonographic

syllabically linear
syllabically coded, e.g. Kana, Akkadian
segmentally coded, e.g. Hebrew, Syriac, Arabic,
Ethiopian, Amharic, Devanagari

segmentally linear
complete (alphabet), e.g. Greco-Latin, Cyrillic
defective, e.g. Ugaritic, Phoenician, Aramaic, Old South
Arabian, Old Hebrew

Classification by Daniels
Type Each symbol represents Example

Logographic morpheme Chinese characters
Syllabic syllable or mora Japanese kana
Alphabetic phoneme (consonant or vowel) Latin alphabet
Abugida phoneme (consonant+vowel) Indian Devan!gar"
Abjad phoneme (consonant) Arabic alphabet
Featural phonetic feature Korean hangul

Logographic writing systems

Main article: Logogram

A logogram is a single written character
which represents a complete grammatical
word. Most Chinese characters are classified
as logograms.

As each character represents a single word (or,
more precisely, a morpheme), many
logograms are required to write all the words
of language. The vast array of logograms and

Map credit: Wikipedia by JWB
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“Letter to sound”This XML file does not appear to have any style information associated with it. The document tree is shown
below. 

<utt text="Khartoum imejitenga na mzozo huo." waveform="./wav/pm_n2236.wav"

utterance_name="pm_n2236"

processors_used=",word_splitter,segment_adder,feature_dumper,acoustic_feature_extractor"

acoustic_stream_names="mgc,lf0,bap" acoustic_stream_dims="60,1,5">

<token text="_END_" token_class="_END_">...</token>

<token text="Khartoum" token_class="word">...</token>

<token text=" " token_class="space">

<segment pronunciation="_POSS_PAUSE_"/>

</token>

<token text="imejitenga" token_class="word">...</token>

<token text=" " token_class="space">...</token>

<token text="na" token_class="word">...</token>

<token text=" " token_class="space">...</token>

<token text="mzozo" token_class="word">...</token>

<token text=" " token_class="space">...</token>

<token text="huo" token_class="word">

<segment pronunciation="h"/>

<segment pronunciation="u"/>

<segment pronunciation="o"/>

</token>

<token text="." token_class="punctuation">

<segment pronunciation="_PROB_PAUSE_"/>

</token>

<token text="_END_" token_class="_END_">...</token>

</utt>

Text processing pipeline

Front end

LTS Phrase 
breakstokenize POS 

tag intonation

✔ ✔

Copyright King, Watts, Ronanki, Espic, Wu. Personal use only. No re-use. No redistribution.



“Letter to sound”This XML file does not appear to have any style information associated with it. The document tree is shown
below. 

<utt text="Khartoum imejitenga na mzozo huo." waveform="./wav/pm_n2236.wav"

utterance_name="pm_n2236"

processors_used=",word_splitter,segment_adder,feature_dumper,acoustic_feature_extractor"

acoustic_stream_names="mgc,lf0,bap" acoustic_stream_dims="60,1,5">

<token text="_END_" token_class="_END_">...</token>

<token text="Khartoum" token_class="word">...</token>

<token text=" " token_class="space">

<segment pronunciation="_POSS_PAUSE_"/>

</token>

<token text="imejitenga" token_class="word">...</token>

<token text=" " token_class="space">...</token>

<token text="na" token_class="word">...</token>

<token text=" " token_class="space">...</token>

<token text="mzozo" token_class="word">...</token>

<token text=" " token_class="space">...</token>

<token text="huo" token_class="word">

<segment pronunciation="h"/>

<segment pronunciation="u"/>

<segment pronunciation="o"/>

</token>

<token text="." token_class="punctuation">

<segment pronunciation="_PROB_PAUSE_"/>

</token>

<token text="_END_" token_class="_END_">...</token>

</utt>

Text processing pipeline

Front end

LTS Phrase 
breakstokenize POS 

tag intonation

✔ ✔

003D 61   = EQUALS SIGN Sm

003E 62   > GREATER-THAN SIGN Sm

003F 63   ? QUESTION MARK Po

0040 64   @ COMMERCIAL AT Po

0041 65   A LATIN CAPITAL LETTER A Lu

0042 66   B LATIN CAPITAL LETTER B Lu

0043 67   C LATIN CAPITAL LETTER C Lu

0044 68   D LATIN CAPITAL LETTER D Lu

0045 69   E LATIN CAPITAL LETTER E Lu

0046 70   F LATIN CAPITAL LETTER F Lu

1200 4608   ሀ ETHIOPIC SYLLABLE HA Lo

1201 4609   ሁ ETHIOPIC SYLLABLE HU Lo

1202 4610   ሂ ETHIOPIC SYLLABLE HI Lo

1203 4611   ሃ ETHIOPIC SYLLABLE HAA Lo

1204 4612   ሄ ETHIOPIC SYLLABLE HEE Lo

1205 4613   ህ ETHIOPIC SYLLABLE HE Lo

1206 4614   ሆ ETHIOPIC SYLLABLE HO Lo

1207 4615   ሇ ETHIOPIC SYLLABLE HOA Lo

1208 4616   ለ ETHIOPIC SYLLABLE LA Lo

Most naive case: treat 
letters as “phones”

Copyright King, Watts, Ronanki, Espic, Wu. Personal use only. No re-use. No redistribution.



“Letter to sound”This XML file does not appear to have any style information associated with it. The document tree is shown
below. 

<utt text="Khartoum imejitenga na mzozo huo." waveform="./wav/pm_n2236.wav"

utterance_name="pm_n2236"

processors_used=",word_splitter,segment_adder,feature_dumper,acoustic_feature_extractor"

acoustic_stream_names="mgc,lf0,bap" acoustic_stream_dims="60,1,5">

<token text="_END_" token_class="_END_">...</token>

<token text="Khartoum" token_class="word">...</token>

<token text=" " token_class="space">

<segment pronunciation="_POSS_PAUSE_"/>

</token>

<token text="imejitenga" token_class="word">...</token>

<token text=" " token_class="space">...</token>

<token text="na" token_class="word">...</token>

<token text=" " token_class="space">...</token>

<token text="mzozo" token_class="word">...</token>

<token text=" " token_class="space">...</token>

<token text="huo" token_class="word">

<segment pronunciation="h"/>

<segment pronunciation="u"/>

<segment pronunciation="o"/>

</token>

<token text="." token_class="punctuation">

<segment pronunciation="_PROB_PAUSE_"/>

</token>

<token text="_END_" token_class="_END_">...</token>

</utt>

Initial guess at 
position of pauses

Text processing pipeline

Front end

LTS Phrase 
breakstokenize POS 

tag intonation

✔ ✔

003D 61   = EQUALS SIGN Sm

003E 62   > GREATER-THAN SIGN Sm

003F 63   ? QUESTION MARK Po

0040 64   @ COMMERCIAL AT Po

0041 65   A LATIN CAPITAL LETTER A Lu

0042 66   B LATIN CAPITAL LETTER B Lu

0043 67   C LATIN CAPITAL LETTER C Lu

0044 68   D LATIN CAPITAL LETTER D Lu

0045 69   E LATIN CAPITAL LETTER E Lu

0046 70   F LATIN CAPITAL LETTER F Lu

1200 4608   ሀ ETHIOPIC SYLLABLE HA Lo

1201 4609   ሁ ETHIOPIC SYLLABLE HU Lo

1202 4610   ሂ ETHIOPIC SYLLABLE HI Lo

1203 4611   ሃ ETHIOPIC SYLLABLE HAA Lo

1204 4612   ሄ ETHIOPIC SYLLABLE HEE Lo

1205 4613   ህ ETHIOPIC SYLLABLE HE Lo

1206 4614   ሆ ETHIOPIC SYLLABLE HO Lo

1207 4615   ሇ ETHIOPIC SYLLABLE HOA Lo

1208 4616   ለ ETHIOPIC SYLLABLE LA Lo

Most naive case: treat 
letters as “phones”

Copyright King, Watts, Ronanki, Espic, Wu. Personal use only. No re-use. No redistribution.



“Letter to sound”This XML file does not appear to have any style information associated with it. The document tree is shown
below. 

<utt text="Khartoum imejitenga na mzozo huo." waveform="./wav/pm_n2236.wav"

utterance_name="pm_n2236"

processors_used=",word_splitter,segment_adder,feature_dumper,acoustic_feature_extractor"

acoustic_stream_names="mgc,lf0,bap" acoustic_stream_dims="60,1,5">

<token text="_END_" token_class="_END_">...</token>

<token text="Khartoum" token_class="word">...</token>

<token text=" " token_class="space">

<segment pronunciation="_POSS_PAUSE_"/>

</token>

<token text="imejitenga" token_class="word">...</token>

<token text=" " token_class="space">...</token>

<token text="na" token_class="word">...</token>

<token text=" " token_class="space">...</token>

<token text="mzozo" token_class="word">...</token>

<token text=" " token_class="space">...</token>

<token text="huo" token_class="word">

<segment pronunciation="h"/>

<segment pronunciation="u"/>

<segment pronunciation="o"/>

</token>

<token text="." token_class="punctuation">

<segment pronunciation="_PROB_PAUSE_"/>

</token>

<token text="_END_" token_class="_END_">...</token>

</utt>

Initial guess at 
position of pauses

Text processing pipeline

Front end

LTS Phrase 
breakstokenize POS 

tag intonation

✔✔ ✔

003D 61   = EQUALS SIGN Sm

003E 62   > GREATER-THAN SIGN Sm

003F 63   ? QUESTION MARK Po

0040 64   @ COMMERCIAL AT Po

0041 65   A LATIN CAPITAL LETTER A Lu

0042 66   B LATIN CAPITAL LETTER B Lu

0043 67   C LATIN CAPITAL LETTER C Lu

0044 68   D LATIN CAPITAL LETTER D Lu

0045 69   E LATIN CAPITAL LETTER E Lu

0046 70   F LATIN CAPITAL LETTER F Lu

1200 4608   ሀ ETHIOPIC SYLLABLE HA Lo

1201 4609   ሁ ETHIOPIC SYLLABLE HU Lo

1202 4610   ሂ ETHIOPIC SYLLABLE HI Lo

1203 4611   ሃ ETHIOPIC SYLLABLE HAA Lo

1204 4612   ሄ ETHIOPIC SYLLABLE HEE Lo

1205 4613   ህ ETHIOPIC SYLLABLE HE Lo

1206 4614   ሆ ETHIOPIC SYLLABLE HO Lo

1207 4615   ሇ ETHIOPIC SYLLABLE HOA Lo

1208 4616   ለ ETHIOPIC SYLLABLE LA Lo

Most naive case: treat 
letters as “phones”

Copyright King, Watts, Ronanki, Espic, Wu. Personal use only. No re-use. No redistribution.



Forced alignment & silence detectionThis XML file does not appear to have any style information associated with it. The document tree is shown
below. 

<utt text="Khartoum imejitenga na mzozo huo." waveform="./wav/pm_n2236.wav"
utterance_name="pm_n2236"
processors_used=",word_splitter,segment_adder,feature_dumper,acoustic_feature_extractor,aligner"
acoustic_stream_names="mgc,lf0,bap" acoustic_stream_dims="60,1,5" start="0" end="4245">
<token text="_END_" token_class="_END_" start="0" end="1115">...</token>
<token text="Khartoum" token_class="word" start="1115" end="1755">...</token>
<token text=" " token_class="space" start="1755" end="1860">
<segment pronunciation="sil" start="1755" end="1860">...</segment>

</token>
<token text="imejitenga" token_class="word" start="1860" end="2560">...</token>
<token text=" " token_class="space"/>
<token text="na" token_class="word" start="2560" end="2660">...</token>
<token text=" " token_class="space"/>
<token text="mzozo" token_class="word" start="2660" end="2975">...</token>
<token text=" " token_class="space"/>
<token text="huo" token_class="word" start="2975" end="3325">
<segment pronunciation="h" start="2975" end="3000">
<state start="2975" end="2980"/>
<state start="2980" end="2985"/>
<state start="2985" end="2990"/>
<state start="2990" end="2995"/>
<state start="2995" end="3000"/>

</segment>
<segment pronunciation="u" start="3000" end="3155">...</segment>
<segment pronunciation="o" start="3155" end="3325">...</segment>

</token>
<token text="." token_class="punctuation" start="3325" end="4245">...</token>
<token text="_END_" token_class="_END_"/>

</utt>
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Text processing pipeline

Front end

LTS Phrase 
breakstokenize POS 

tag intonation

✔ ✔✔
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Forced alignment & silence detectionThis XML file does not appear to have any style information associated with it. The document tree is shown
below. 

<utt text="Khartoum imejitenga na mzozo huo." waveform="./wav/pm_n2236.wav"
utterance_name="pm_n2236"
processors_used=",word_splitter,segment_adder,feature_dumper,acoustic_feature_extractor,aligner"
acoustic_stream_names="mgc,lf0,bap" acoustic_stream_dims="60,1,5" start="0" end="4245">
<token text="_END_" token_class="_END_" start="0" end="1115">...</token>
<token text="Khartoum" token_class="word" start="1115" end="1755">...</token>
<token text=" " token_class="space" start="1755" end="1860">
<segment pronunciation="sil" start="1755" end="1860">...</segment>

</token>
<token text="imejitenga" token_class="word" start="1860" end="2560">...</token>
<token text=" " token_class="space"/>
<token text="na" token_class="word" start="2560" end="2660">...</token>
<token text=" " token_class="space"/>
<token text="mzozo" token_class="word" start="2660" end="2975">...</token>
<token text=" " token_class="space"/>
<token text="huo" token_class="word" start="2975" end="3325">
<segment pronunciation="h" start="2975" end="3000">
<state start="2975" end="2980"/>
<state start="2980" end="2985"/>
<state start="2985" end="2990"/>
<state start="2990" end="2995"/>
<state start="2995" end="3000"/>

</segment>
<segment pronunciation="u" start="3000" end="3155">...</segment>
<segment pronunciation="o" start="3155" end="3325">...</segment>

</token>
<token text="." token_class="punctuation" start="3325" end="4245">...</token>
<token text="_END_" token_class="_END_"/>

</utt>
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Silent segments detected

Text processing pipeline

Front end

LTS Phrase 
breakstokenize POS 

tag intonation

✔ ✔✔
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Forced alignment & silence detectionThis XML file does not appear to have any style information associated with it. The document tree is shown
below. 

<utt text="Khartoum imejitenga na mzozo huo." waveform="./wav/pm_n2236.wav"
utterance_name="pm_n2236"
processors_used=",word_splitter,segment_adder,feature_dumper,acoustic_feature_extractor,aligner"
acoustic_stream_names="mgc,lf0,bap" acoustic_stream_dims="60,1,5" start="0" end="4245">
<token text="_END_" token_class="_END_" start="0" end="1115">...</token>
<token text="Khartoum" token_class="word" start="1115" end="1755">...</token>
<token text=" " token_class="space" start="1755" end="1860">
<segment pronunciation="sil" start="1755" end="1860">...</segment>

</token>
<token text="imejitenga" token_class="word" start="1860" end="2560">...</token>
<token text=" " token_class="space"/>
<token text="na" token_class="word" start="2560" end="2660">...</token>
<token text=" " token_class="space"/>
<token text="mzozo" token_class="word" start="2660" end="2975">...</token>
<token text=" " token_class="space"/>
<token text="huo" token_class="word" start="2975" end="3325">
<segment pronunciation="h" start="2975" end="3000">
<state start="2975" end="2980"/>
<state start="2980" end="2985"/>
<state start="2985" end="2990"/>
<state start="2990" end="2995"/>
<state start="2995" end="3000"/>

</segment>
<segment pronunciation="u" start="3000" end="3155">...</segment>
<segment pronunciation="o" start="3155" end="3325">...</segment>

</token>
<token text="." token_class="punctuation" start="3325" end="4245">...</token>
<token text="_END_" token_class="_END_"/>

</utt>
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Subphone state timings added

Text processing pipeline

Front end

LTS Phrase 
breakstokenize POS 

tag intonation

✔ ✔✔
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PhrasingThis XML file does not appear to have any style information associated with it. The document tree is shown
below. 

<utt text="Khartoum imejitenga na mzozo huo." waveform="./wav/pm_n2236.wav"
utterance_name="pm_n2236"
processors_used=",word_splitter,segment_adder,feature_dumper,acoustic_feature_extractor,aligner,pause_predictor,phrase_maker"
acoustic_stream_names="mgc,lf0,bap" acoustic_stream_dims="60,1,5" start="0" end="4245">
<token text="_END_" token_class="_END_" start="0" end="1115">...</token>
<phrase>
<token text="Khartoum" token_class="word" start="1115" end="1755">...</token>

</phrase>
<token text=" " token_class="space" start="1755" end="1860">
<segment pronunciation="sil" start="1755" end="1860">...</segment>

</token>
<phrase>
<token text="imejitenga" token_class="word" start="1860" end="2560">...</token>
<token text=" " token_class="space"/>
<token text="na" token_class="word" start="2560" end="2660">...</token>
<token text=" " token_class="space"/>
<token text="mzozo" token_class="word" start="2660" end="2975">...</token>
<token text=" " token_class="space"/>
<token text="huo" token_class="word" start="2975" end="3325">
<segment pronunciation="h" start="2975" end="3000">
<state start="2975" end="2980"/>
<state start="2980" end="2985"/>
<state start="2985" end="2990"/>
<state start="2990" end="2995"/>
<state start="2995" end="3000"/>

</segment>
<segment pronunciation="u" start="3000" end="3155">...</segment>
<segment pronunciation="o" start="3155" end="3325">...</segment>

</token>
</phrase>
<token text="." token_class="punctuation" start="3325" end="4245">...</token>
<token text="_END_" token_class="_END_"/>

</utt>

Text processing pipeline

Front end

LTS Phrase 
breakstokenize POS 

tag intonation

✔ ✔✔
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PhrasingThis XML file does not appear to have any style information associated with it. The document tree is shown
below. 

<utt text="Khartoum imejitenga na mzozo huo." waveform="./wav/pm_n2236.wav"
utterance_name="pm_n2236"
processors_used=",word_splitter,segment_adder,feature_dumper,acoustic_feature_extractor,aligner,pause_predictor,phrase_maker"
acoustic_stream_names="mgc,lf0,bap" acoustic_stream_dims="60,1,5" start="0" end="4245">
<token text="_END_" token_class="_END_" start="0" end="1115">...</token>
<phrase>
<token text="Khartoum" token_class="word" start="1115" end="1755">...</token>

</phrase>
<token text=" " token_class="space" start="1755" end="1860">
<segment pronunciation="sil" start="1755" end="1860">...</segment>

</token>
<phrase>
<token text="imejitenga" token_class="word" start="1860" end="2560">...</token>
<token text=" " token_class="space"/>
<token text="na" token_class="word" start="2560" end="2660">...</token>
<token text=" " token_class="space"/>
<token text="mzozo" token_class="word" start="2660" end="2975">...</token>
<token text=" " token_class="space"/>
<token text="huo" token_class="word" start="2975" end="3325">
<segment pronunciation="h" start="2975" end="3000">
<state start="2975" end="2980"/>
<state start="2980" end="2985"/>
<state start="2985" end="2990"/>
<state start="2990" end="2995"/>
<state start="2995" end="3000"/>

</segment>
<segment pronunciation="u" start="3000" end="3155">...</segment>
<segment pronunciation="o" start="3155" end="3325">...</segment>

</token>
</phrase>
<token text="." token_class="punctuation" start="3325" end="4245">...</token>
<token text="_END_" token_class="_END_"/>

</utt>

Silences treated as proxy for 
prosodic phrase breaks, and 

phrasing structure added

Text processing pipeline

Front end

LTS Phrase 
breakstokenize POS 

tag intonation

✔ ✔✔

Copyright King, Watts, Ronanki, Espic, Wu. Personal use only. No re-use. No redistribution.



PhrasingThis XML file does not appear to have any style information associated with it. The document tree is shown
below. 

<utt text="Khartoum imejitenga na mzozo huo." waveform="./wav/pm_n2236.wav"
utterance_name="pm_n2236"
processors_used=",word_splitter,segment_adder,feature_dumper,acoustic_feature_extractor,aligner,pause_predictor,phrase_maker"
acoustic_stream_names="mgc,lf0,bap" acoustic_stream_dims="60,1,5" start="0" end="4245">
<token text="_END_" token_class="_END_" start="0" end="1115">...</token>
<phrase>
<token text="Khartoum" token_class="word" start="1115" end="1755">...</token>

</phrase>
<token text=" " token_class="space" start="1755" end="1860">
<segment pronunciation="sil" start="1755" end="1860">...</segment>

</token>
<phrase>
<token text="imejitenga" token_class="word" start="1860" end="2560">...</token>
<token text=" " token_class="space"/>
<token text="na" token_class="word" start="2560" end="2660">...</token>
<token text=" " token_class="space"/>
<token text="mzozo" token_class="word" start="2660" end="2975">...</token>
<token text=" " token_class="space"/>
<token text="huo" token_class="word" start="2975" end="3325">
<segment pronunciation="h" start="2975" end="3000">
<state start="2975" end="2980"/>
<state start="2980" end="2985"/>
<state start="2985" end="2990"/>
<state start="2990" end="2995"/>
<state start="2995" end="3000"/>

</segment>
<segment pronunciation="u" start="3000" end="3155">...</segment>
<segment pronunciation="o" start="3155" end="3325">...</segment>

</token>
</phrase>
<token text="." token_class="punctuation" start="3325" end="4245">...</token>
<token text="_END_" token_class="_END_"/>

</utt>

Silences treated as proxy for 
prosodic phrase breaks, and 

phrasing structure added

Train a statistical model 
to predict breaks based 
on surrounding words’ 

vectors and punctuation 

Text processing pipeline

Front end

LTS Phrase 
breakstokenize POS 

tag intonation

✔ ✔✔
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PhrasingThis XML file does not appear to have any style information associated with it. The document tree is shown
below. 

<utt text="Khartoum imejitenga na mzozo huo." waveform="./wav/pm_n2236.wav"
utterance_name="pm_n2236"
processors_used=",word_splitter,segment_adder,feature_dumper,acoustic_feature_extractor,aligner,pause_predictor,phrase_maker"
acoustic_stream_names="mgc,lf0,bap" acoustic_stream_dims="60,1,5" start="0" end="4245">
<token text="_END_" token_class="_END_" start="0" end="1115">...</token>
<phrase>
<token text="Khartoum" token_class="word" start="1115" end="1755">...</token>

</phrase>
<token text=" " token_class="space" start="1755" end="1860">
<segment pronunciation="sil" start="1755" end="1860">...</segment>

</token>
<phrase>
<token text="imejitenga" token_class="word" start="1860" end="2560">...</token>
<token text=" " token_class="space"/>
<token text="na" token_class="word" start="2560" end="2660">...</token>
<token text=" " token_class="space"/>
<token text="mzozo" token_class="word" start="2660" end="2975">...</token>
<token text=" " token_class="space"/>
<token text="huo" token_class="word" start="2975" end="3325">
<segment pronunciation="h" start="2975" end="3000">
<state start="2975" end="2980"/>
<state start="2980" end="2985"/>
<state start="2985" end="2990"/>
<state start="2990" end="2995"/>
<state start="2995" end="3000"/>

</segment>
<segment pronunciation="u" start="3000" end="3155">...</segment>
<segment pronunciation="o" start="3155" end="3325">...</segment>

</token>
</phrase>
<token text="." token_class="punctuation" start="3325" end="4245">...</token>
<token text="_END_" token_class="_END_"/>

</utt>

Silences treated as proxy for 
prosodic phrase breaks, and 

phrasing structure added

Train a statistical model 
to predict breaks based 
on surrounding words’ 

vectors and punctuation 

Text processing pipeline

Front end

LTS Phrase 
breakstokenize POS 

tag intonation

✔✔ ✔✔
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This XML file does not appear to have any style information associated with it. The document tree is shown
below. 

<utt text="Khartoum imejitenga na mzozo huo." waveform="./wav/pm_n2236.wav"
utterance_name="pm_n2236"
processors_used=",word_splitter,segment_adder,feature_dumper,acoustic_feature_extractor,aligner,pause_predictor,phrase_maker"
acoustic_stream_names="mgc,lf0,bap" acoustic_stream_dims="60,1,5" start="0" end="4245">
<token text="_END_" token_class="_END_" start="0" end="1115">...</token>
<phrase>
<token text="Khartoum" token_class="word" start="1115" end="1755">...</token>

</phrase>
<token text=" " token_class="space" start="1755" end="1860">
<segment pronunciation="sil" start="1755" end="1860">...</segment>

</token>
<phrase>
<token text="imejitenga" token_class="word" start="1860" end="2560">...</token>
<token text=" " token_class="space"/>
<token text="na" token_class="word" start="2560" end="2660">...</token>
<token text=" " token_class="space"/>
<token text="mzozo" token_class="word" start="2660" end="2975">...</token>
<token text=" " token_class="space"/>
<token text="huo" token_class="word" start="2975" end="3325">
<segment pronunciation="h" start="2975" end="3000">
<state start="2975" end="2980"/>
<state start="2980" end="2985"/>
<state start="2985" end="2990"/>
<state start="2990" end="2995"/>
<state start="2995" end="3000"/>

</segment>
<segment pronunciation="u" start="3000" end="3155">...</segment>
<segment pronunciation="o" start="3155" end="3325">...</segment>

</token>
</phrase>
<token text="." token_class="punctuation" start="3325" end="4245">...</token>
<token text="_END_" token_class="_END_"/>

</utt>

Linguistic feature engineering: flatten using XPATHS

Copyright King, Watts, Ronanki, Espic, Wu. Personal use only. No re-use. No redistribution.



This XML file does not appear to have any style information associated with it. The document tree is shown
below. 

<utt text="Khartoum imejitenga na mzozo huo." waveform="./wav/pm_n2236.wav"
utterance_name="pm_n2236"
processors_used=",word_splitter,segment_adder,feature_dumper,acoustic_feature_extractor,aligner,pause_predictor,phrase_maker"
acoustic_stream_names="mgc,lf0,bap" acoustic_stream_dims="60,1,5" start="0" end="4245">
<token text="_END_" token_class="_END_" start="0" end="1115">...</token>
<phrase>
<token text="Khartoum" token_class="word" start="1115" end="1755">...</token>

</phrase>
<token text=" " token_class="space" start="1755" end="1860">
<segment pronunciation="sil" start="1755" end="1860">...</segment>

</token>
<phrase>
<token text="imejitenga" token_class="word" start="1860" end="2560">...</token>
<token text=" " token_class="space"/>
<token text="na" token_class="word" start="2560" end="2660">...</token>
<token text=" " token_class="space"/>
<token text="mzozo" token_class="word" start="2660" end="2975">...</token>
<token text=" " token_class="space"/>
<token text="huo" token_class="word" start="2975" end="3325">
<segment pronunciation="h" start="2975" end="3000">
<state start="2975" end="2980"/>
<state start="2980" end="2985"/>
<state start="2985" end="2990"/>
<state start="2990" end="2995"/>
<state start="2995" end="3000"/>

</segment>
<segment pronunciation="u" start="3000" end="3155">...</segment>
<segment pronunciation="o" start="3155" end="3325">...</segment>

</token>
</phrase>
<token text="." token_class="punctuation" start="3325" end="4245">...</token>
<token text="_END_" token_class="_END_"/>

</utt>

Linguistic feature engineering: flatten using XPATHS

l_segment = ./ancestor::segment/preceding::segment[1]/attribute::pronunciation = o
c_segment = ./ancestor::segment/attribute::pronunciation = h
length_current_word = count(ancestor::token/descendant::segment) = 3
till_phrase_end_in_words = count_Xs_till_end_Y('token[@token_class=\"word\"]', 'phrase') = 0

etc…
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This XML file does not appear to have any style information associated with it. The document tree is shown
below. 

<utt text="Khartoum imejitenga na mzozo huo." waveform="./wav/pm_n2236.wav"
utterance_name="pm_n2236"
processors_used=",word_splitter,segment_adder,feature_dumper,acoustic_feature_extractor,aligner,pause_predictor,phrase_maker"
acoustic_stream_names="mgc,lf0,bap" acoustic_stream_dims="60,1,5" start="0" end="4245">
<token text="_END_" token_class="_END_" start="0" end="1115">...</token>
<phrase>
<token text="Khartoum" token_class="word" start="1115" end="1755">...</token>

</phrase>
<token text=" " token_class="space" start="1755" end="1860">
<segment pronunciation="sil" start="1755" end="1860">...</segment>

</token>
<phrase>
<token text="imejitenga" token_class="word" start="1860" end="2560">...</token>
<token text=" " token_class="space"/>
<token text="na" token_class="word" start="2560" end="2660">...</token>
<token text=" " token_class="space"/>
<token text="mzozo" token_class="word" start="2660" end="2975">...</token>
<token text=" " token_class="space"/>
<token text="huo" token_class="word" start="2975" end="3325">
<segment pronunciation="h" start="2975" end="3000">
<state start="2975" end="2980"/>
<state start="2980" end="2985"/>
<state start="2985" end="2990"/>
<state start="2990" end="2995"/>
<state start="2995" end="3000"/>

</segment>
<segment pronunciation="u" start="3000" end="3155">...</segment>
<segment pronunciation="o" start="3155" end="3325">...</segment>

</token>
</phrase>
<token text="." token_class="punctuation" start="3325" end="4245">...</token>
<token text="_END_" token_class="_END_"/>

</utt>

phrase phrase

imejitenga mzozo huonaKhartoum

h u o

statestate statestate state

Linguistic feature engineering: flatten using XPATHS

l_segment = ./ancestor::segment/preceding::segment[1]/attribute::pronunciation = o
c_segment = ./ancestor::segment/attribute::pronunciation = h
length_current_word = count(ancestor::token/descendant::segment) = 3
till_phrase_end_in_words = count_Xs_till_end_Y('token[@token_class=\"word\"]', 'phrase') = 0

etc…
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Linguistic feature engineering: flatten using XPATHS
l_segment = ./ancestor::segment/preceding::segment[1]/attribute::pronunciation            = o 
c_segment = ./ancestor::segment/attribute::pronunciation                                  = h 
length_current_word = count(ancestor::token/descendant::segment)                          = 3 
till_phrase_end_in_words = count_Xs_till_end_Y('token[@token_class=\"word\"]', 'phrase')  = 0 

                                     etc…

phrase phrase

imejitenga mzozo huonaKhartoum

h u o

statestate statestate state
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Linguistic feature engineering: flatten using XPATHS
l_segment = ./ancestor::segment/preceding::segment[1]/attribute::pronunciation            = o 
c_segment = ./ancestor::segment/attribute::pronunciation                                  = h 
length_current_word = count(ancestor::token/descendant::segment)                          = 3 
till_phrase_end_in_words = count_Xs_till_end_Y('token[@token_class=\"word\"]', 'phrase')  = 0 

                                     etc…

phrase phrase

imejitenga mzozo huonaKhartoum

h u o

statestate statestate state
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Linguistic feature engineering: flatten using XPATHS
l_segment = ./ancestor::segment/preceding::segment[1]/attribute::pronunciation            = o 
c_segment = ./ancestor::segment/attribute::pronunciation                                  = h 
length_current_word = count(ancestor::token/descendant::segment)                          = 3 
till_phrase_end_in_words = count_Xs_till_end_Y('token[@token_class=\"word\"]', 'phrase')  = 0 

                                     etc…

phrase phrase

imejitenga mzozo huonaKhartoum

h u o

statestate statestate state
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Design choices: front end

• letters or phonemes or letter 
embeddings

• syllabification
• various choices for word vectors

• To improve this naive front end, add
• text normalisation
• letter-to-sound rules
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Orientation

• Defining the problem of  TTS
• sequence-to-sequence regression

• Input
• linguistic features

• Output
• acoustic features
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Orientation

• Defining the problem of  TTS
• sequence-to-sequence regression

• Input
• linguistic features

• Output
• acoustic features
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• Defining the problem of  TTS
• sequence-to-sequence regression

• Input
• linguistic features

• Output
• acoustic features

Orientation

can choose any regression 
model that we like, but first 
we need to prepare input & 
output features

to start with, let’s assume the 
regression is performed
• frame-by-frame 
• at acoustic framerate
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• Defining the problem of  TTS
• sequence-to-sequence regression

• Input
• linguistic features

• Output
• acoustic features

Orientation

Requirements
• vector sequence
• at acoustic framerate
• aligned with acoustic features
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Agenda

Topic Presenter

PART 1 From text to speech Simon King

PART 2

The front end Oliver Watts

Linguistic feature extraction & engineering Srikanth Ronanki

Acoustic feature extraction & engineering Felipe Espic

Regression Zhizheng Wu

Waveform generation Felipe Espic

Recap and conclusion Simon King

PART 3 Extensions Zhizheng Wu
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Linguistic feature extraction & engineering

Srikanth Ronanki
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Feature extraction + feature engineering

linguistic 
specification

Front end

text

Author of the… Author   of   the  ...

ao th er ah f dh ax

syl syl syl syl

sil

NN of DT

1 0 0 0

...

...

this is the original Keynote figure - everything is editable (if you un-group) - no good for scaling
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Feature extraction + feature engineering

linguistic 
specificationtext

feature 
extraction

feature 
engineering

Author of the… Author   of   the  ...

ao th er ah f dh ax

syl syl syl syl

sil

NN of DT

1 0 0 0

...

...

this is the original Keynote figure - everything is editable (if you un-group) - no good for scaling
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Linguistic feature engineering

sil~sil-sil+ao=th@x_x/A:0_0_0/B:x-x-x@x-x&x-x#x-x$...
sil~sil-ao+th=er@1_2/A:0_0_0/B:1-1-2@1-2&1-7#1-4$...
sil~ao-th+er=ah@2_1/A:0_0_0/B:1-1-2@1-2&1-7#1-4$...
ao~th-er+ah=v@1_1/A:1_1_2/B:0-0-1@2-1&2-6#1-4$...
th~er-ah+v=dh@1_2/A:0_0_1/B:1-0-2@1-1&3-5#1-3$...
er~ah-v+dh=ax@2_1/A:0_0_1/B:1-0-2@1-1&3-5#1-3$...
ah~v-dh+ax=d@1_2/A:1_0_2/B:0-0-2@1-1&4-4#2-3$...
v~dh-ax+d=ey@2_1/A:1_0_2/B:0-0-2@1-1&4-4#2-3$...

[0 0 1 0 0 1 0 1 1 0 … 0.2  0.0]
[0 0 1 0 0 1 0 1 1 0 … 0.2  0.1]
…
[0 0 1 0 0 1 0 1 1 0 … 0.2  1.0]
[0 0 1 0 0 1 0 1 1 0 … 0.4  0.0]
[0 0 1 0 0 1 0 1 1 0 … 0.4  0.5]
[0 0 1 0 0 1 0 1 1 0 … 0.4  1.0]
…
[0 0 1 0 0 1 0 1 1 0 … 1.0  1.0]
[0 0 0 1 1 1 0 1 0 0 … 0.2  0.0]
[0 0 0 1 1 1 0 1 0 0 … 0.2  0.2]
[0 0 0 1 1 1 0 1 0 0 … 0.2  0.4]
…

•Run the front end 
•obtain linguistic specification 

•Flatten linguistic specification 
•attach contextual information to phones 

Sequence of context-dependent phones 

•Encode as mostly-binary features 

•Upsample using duration information 

Frame sequence 

•Add fine-grained positional information

Author   of   the  ...

ao th er ah f dh ax

syl syl syl syl

sil

NN of DT

1 0 0 0

...

...

this is the original Keynote figure - everything is editable (if you un-group) - no good for scaling
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Linguistic feature engineering

sil~sil-sil+ao=th@x_x/A:0_0_0/B:x-x-x@x-x&x-x#x-x$...
sil~sil-ao+th=er@1_2/A:0_0_0/B:1-1-2@1-2&1-7#1-4$...
sil~ao-th+er=ah@2_1/A:0_0_0/B:1-1-2@1-2&1-7#1-4$...
ao~th-er+ah=v@1_1/A:1_1_2/B:0-0-1@2-1&2-6#1-4$...
th~er-ah+v=dh@1_2/A:0_0_1/B:1-0-2@1-1&3-5#1-3$...
er~ah-v+dh=ax@2_1/A:0_0_1/B:1-0-2@1-1&3-5#1-3$...
ah~v-dh+ax=d@1_2/A:1_0_2/B:0-0-2@1-1&4-4#2-3$...
v~dh-ax+d=ey@2_1/A:1_0_2/B:0-0-2@1-1&4-4#2-3$...

[0 0 1 0 0 1 0 1 1 0 … 0.2  0.0]
[0 0 1 0 0 1 0 1 1 0 … 0.2  0.1]
…
[0 0 1 0 0 1 0 1 1 0 … 0.2  1.0]
[0 0 1 0 0 1 0 1 1 0 … 0.4  0.0]
[0 0 1 0 0 1 0 1 1 0 … 0.4  0.5]
[0 0 1 0 0 1 0 1 1 0 … 0.4  1.0]
…
[0 0 1 0 0 1 0 1 1 0 … 1.0  1.0]
[0 0 0 1 1 1 0 1 0 0 … 0.2  0.0]
[0 0 0 1 1 1 0 1 0 0 … 0.2  0.2]
[0 0 0 1 1 1 0 1 0 0 … 0.2  0.4]
…

•Run the front end 
•obtain linguistic specification 

•Flatten linguistic specification 
•attach contextual information to phones 

Sequence of context-dependent phones 

•Encode as mostly-binary features 

•Upsample using duration information 

Frame sequence 

•Add fine-grained positional information

Author   of   the  ...

ao th er ah f dh ax

syl syl syl syl

sil

NN of DT

1 0 0 0

...

...

this is the original Keynote figure - everything is editable (if you un-group) - no good for scaling
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Linguistic feature engineering

sil~sil-sil+ao=th@x_x/A:0_0_0/B:x-x-x@x-x&x-x#x-x$...
sil~sil-ao+th=er@1_2/A:0_0_0/B:1-1-2@1-2&1-7#1-4$...
sil~ao-th+er=ah@2_1/A:0_0_0/B:1-1-2@1-2&1-7#1-4$...
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Linguistic feature engineering: flatten to context-dependent phones

sil~sil-sil+ao=th@x_x/A:0_0_0/B:x-x-x@x-x&x-x#x-x$...
sil~sil-ao+th=er@1_2/A:0_0_0/B:1-1-2@1-2&1-7#1-4$...
sil~ao-th+er=ah@2_1/A:0_0_0/B:1-1-2@1-2&1-7#1-4$...
ao~th-er+ah=v@1_1/A:1_1_2/B:0-0-1@2-1&2-6#1-4$...
th~er-ah+v=dh@1_2/A:0_0_1/B:1-0-2@1-1&3-5#1-3$...
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next, encode each context-dependent phone as a vector
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sil~ao-th+er=ah@2_1/A:0_0_0/B:1-1-2@...

     1 sil
     2 aa
     3 ae
     4 ah
     5 ao
     6 aw
     7 ay
     8 b 
     9 ch
    10 d 
    11 dh
    12 eh
    13 er
    14 ey
    15 f 
    16 g 
    17 hh
    18 ih
    19 iy
    20 jh
    21 k 
    22 l 
    23 m 
    24 n 
    25 ng
    26 ow
    27 oy
    28 p 
    29 r 
    30 s 
    31 sh
    32 t 
    33 th
    34 uh
    35 uw
    36 v 
    37 w 
    38 y 
    39 z 
    40 zh

Example: encode one quinphone using 1-of-40 binary codes
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sil~ao-th+er=ah@2_1/A:0_0_0/B:1-1-2@...

     1 sil
     2 aa
     3 ae
     4 ah
     5 ao
     6 aw
     7 ay
     8 b 
     9 ch
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    14 ey
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    17 hh
    18 ih
    19 iy
    20 jh
    21 k 
    22 l 
    23 m 
    24 n 
    25 ng
    26 ow
    27 oy
    28 p 
    29 r 
    30 s 
    31 sh
    32 t 
    33 th
    34 uh
    35 uw
    36 v 
    37 w 
    38 y 
    39 z 
    40 zh

Example: encode one quinphone using 1-of-40 binary codes

1000000000000000000000000000000000000000
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sil~ao-th+er=ah@2_1/A:0_0_0/B:1-1-2@...

     1 sil
     2 aa
     3 ae
     4 ah
     5 ao
     6 aw
     7 ay
     8 b 
     9 ch
    10 d 
    11 dh
    12 eh
    13 er
    14 ey
    15 f 
    16 g 
    17 hh
    18 ih
    19 iy
    20 jh
    21 k 
    22 l 
    23 m 
    24 n 
    25 ng
    26 ow
    27 oy
    28 p 
    29 r 
    30 s 
    31 sh
    32 t 
    33 th
    34 uh
    35 uw
    36 v 
    37 w 
    38 y 
    39 z 
    40 zh

Example: encode one quinphone using 1-of-40 binary codes

1000000000000000000000000000000000000000
0000100000000000000000000000000000000000
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sil~ao-th+er=ah@2_1/A:0_0_0/B:1-1-2@...

     1 sil
     2 aa
     3 ae
     4 ah
     5 ao
     6 aw
     7 ay
     8 b 
     9 ch
    10 d 
    11 dh
    12 eh
    13 er
    14 ey
    15 f 
    16 g 
    17 hh
    18 ih
    19 iy
    20 jh
    21 k 
    22 l 
    23 m 
    24 n 
    25 ng
    26 ow
    27 oy
    28 p 
    29 r 
    30 s 
    31 sh
    32 t 
    33 th
    34 uh
    35 uw
    36 v 
    37 w 
    38 y 
    39 z 
    40 zh

Example: encode one quinphone using 1-of-40 binary codes

1000000000000000000000000000000000000000
0000100000000000000000000000000000000000
0000000000000000000000000000000010000000
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sil~ao-th+er=ah@2_1/A:0_0_0/B:1-1-2@...

     1 sil
     2 aa
     3 ae
     4 ah
     5 ao
     6 aw
     7 ay
     8 b 
     9 ch
    10 d 
    11 dh
    12 eh
    13 er
    14 ey
    15 f 
    16 g 
    17 hh
    18 ih
    19 iy
    20 jh
    21 k 
    22 l 
    23 m 
    24 n 
    25 ng
    26 ow
    27 oy
    28 p 
    29 r 
    30 s 
    31 sh
    32 t 
    33 th
    34 uh
    35 uw
    36 v 
    37 w 
    38 y 
    39 z 
    40 zh

Example: encode one quinphone using 1-of-40 binary codes

1000000000000000000000000000000000000000
0000100000000000000000000000000000000000
0000000000000000000000000000000010000000
0000000000001000000000000000000000000000
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sil~ao-th+er=ah@2_1/A:0_0_0/B:1-1-2@...

     1 sil
     2 aa
     3 ae
     4 ah
     5 ao
     6 aw
     7 ay
     8 b 
     9 ch
    10 d 
    11 dh
    12 eh
    13 er
    14 ey
    15 f 
    16 g 
    17 hh
    18 ih
    19 iy
    20 jh
    21 k 
    22 l 
    23 m 
    24 n 
    25 ng
    26 ow
    27 oy
    28 p 
    29 r 
    30 s 
    31 sh
    32 t 
    33 th
    34 uh
    35 uw
    36 v 
    37 w 
    38 y 
    39 z 
    40 zh

Example: encode one quinphone using 1-of-40 binary codes

1000000000000000000000000000000000000000
0000100000000000000000000000000000000000
0000000000000000000000000000000010000000
0000000000001000000000000000000000000000
0001000000000000000000000000000000000000
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1000000000000000000000000000000000000000
0000100000000000000000000000000000000000
0000000000000000000000000000000010000000
0000000000001000000000000000000000000000
0001000000000000000000000000000000000000

Example: encode one quinphone using 1-of-40 binary codes
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00001000000000000000000000000000000000000000000000000000000000000000000010000000

0000000000001000000000000000000000000000
0001000000000000000000000000000000000000

etc…

Example: encode one quinphone using 1-of-40 binary codes
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                          .
                          .
sil~sil-ao+th=er@1_2/A:0_0_0/B:1-1-2@1-2&1-7#1-4$...
sil~ao-th+er=ah@2_1/A:0_0_0/B:1-1-2@1-2&1-7#1-4$…
                          .
                          .

Linguistic feature engineering
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Linguistic feature engineering

.

.

.

.

[0 0 1 0 0 1 0 1 1 0 … ]
[0 0 0 1 1 1 0 1 0 0 … ]
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Linguistic feature engineering

[0 0 1 0 0 1 0 1 1 0 … ]

[0 0 0 1 1 1 0 1 0 0 … ]
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Linguistic feature engineering: upsample to acoustic framerate

[0 0 1 0 0 1 0 1 1 0 … ]
[0 0 1 0 0 1 0 1 1 0 … ]
[0 0 1 0 0 1 0 1 1 0 … ]
[0 0 1 0 0 1 0 1 1 0 … ]
[0 0 1 0 0 1 0 1 1 0 … ]
[0 0 1 0 0 1 0 1 1 0 … ]
[0 0 0 1 1 1 0 1 0 0 … ]
[0 0 0 1 1 1 0 1 0 0 … ]
[0 0 0 1 1 1 0 1 0 0 … ]
[0 0 0 1 1 1 0 1 0 0 … ]
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Linguistic feature engineering

[0 0 1 0 0 1 0 1 1 0 …    ]
[0 0 1 0 0 1 0 1 1 0 …    ]
[0 0 1 0 0 1 0 1 1 0 …    ]
[0 0 1 0 0 1 0 1 1 0 …    ]
[0 0 1 0 0 1 0 1 1 0 …    ]
[0 0 1 0 0 1 0 1 1 0 …    ]
[0 0 0 1 1 1 0 1 0 0 …    ]
[0 0 0 1 1 1 0 1 0 0 …    ]
[0 0 0 1 1 1 0 1 0 0 …    ]
[0 0 0 1 1 1 0 1 0 0 …    ]
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Linguistic feature engineering: add within-phone positional features

[0 0 1 0 0 1 0 1 1 0 … 0.0]
[0 0 1 0 0 1 0 1 1 0 … 0.2]
[0 0 1 0 0 1 0 1 1 0 … 0.4]
[0 0 1 0 0 1 0 1 1 0 … 0.6]
[0 0 1 0 0 1 0 1 1 0 … 0.8]
[0 0 1 0 0 1 0 1 1 0 … 1.0]
[0 0 0 1 1 1 0 1 0 0 … 0.0]
[0 0 0 1 1 1 0 1 0 0 … 0.3]
[0 0 0 1 1 1 0 1 0 0 … 0.6]
[0 0 0 1 1 1 0 1 0 0 … 1.0]
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Linguistic feature engineering: add within-phone positional features

[0 0 1 0 0 1 0 1 1 0 … 0.0]
[0 0 1 0 0 1 0 1 1 0 … 0.2]
[0 0 1 0 0 1 0 1 1 0 … 0.4]
[0 0 1 0 0 1 0 1 1 0 … 0.6]
[0 0 1 0 0 1 0 1 1 0 … 0.8]
[0 0 1 0 0 1 0 1 1 0 … 1.0]
[0 0 0 1 1 1 0 1 0 0 … 0.0]
[0 0 0 1 1 1 0 1 0 0 … 0.3]
[0 0 0 1 1 1 0 1 0 0 … 0.6]
[0 0 0 1 1 1 0 1 0 0 … 1.0]

a phone
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Linguistic feature engineering: add within-phone positional features

[0 0 1 0 0 1 0 1 1 0 … 0.0]
[0 0 1 0 0 1 0 1 1 0 … 0.2]
[0 0 1 0 0 1 0 1 1 0 … 0.4]
[0 0 1 0 0 1 0 1 1 0 … 0.6]
[0 0 1 0 0 1 0 1 1 0 … 0.8]
[0 0 1 0 0 1 0 1 1 0 … 1.0]
[0 0 0 1 1 1 0 1 0 0 … 0.0]
[0 0 0 1 1 1 0 1 0 0 … 0.3]
[0 0 0 1 1 1 0 1 0 0 … 0.6]
[0 0 0 1 1 1 0 1 0 0 … 1.0]

a phone
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 Where exactly do the durations come from?
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During system building (training)

• the training data must be aligned

• this is almost always done using forced 
alignment techniques borrowed from 
automatic speech recognition

• Exception: true sequence-to-sequence 
models may not require such alignments

Duration

For text-to-speech synthesis

• from a duration model

• learned from force-aligned speech (the 
same data as the acoustic model)

• Exception: sometimes we might copy 
durations from a held-out natural 
example of the same utterance
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 Where exactly do the durations come from?
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02_prepare_labels.sh
# alignments can be state-level (like HTS) or phone-level
if [ "$Labels" == "state_align" ]
    ./scripts/run_state_aligner.sh $wav_dir $inp_txt $lab_dir $global_config_file 

elif [ "$Labels" == "phone_align" ]
    ./scripts/run_phone_aligner.sh $wav_dir $inp_txt $lab_dir $global_config_file 

# the alignments will be used to train the duration model later
cp -r $lab_dir/label_$Labels $duration_data_dir 

# and to upsample the linguistic features to acoustic frame rate
# when training the acoustic model
cp -r $lab_dir/label_$Labels $acoustic_data_dir
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run_state_aligner.sh
# do prepare full-contextual labels without timestamps
echo "preparing full-contextual labels using Festival frontend..."
bash ${WorkDir}/scripts/prepare_labels_from_txt.sh $inp_txt $lab_dir $global_config_file $train

# do forced alignment using HVite from HTK
python $aligner/forced_alignment.py

aligner = ForcedAlignment()
aligner.prepare_training(file_id_list_name, wav_dir, lab_dir, work_dir, multiple_speaker)
aligner.train_hmm(7, 32)
aligner.align(work_dir, lab_align_dir)

forced_alignment.py
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Design choices: linguistic features

• Features
• traditional front end (e.g., Festival)
• data-driven features (e.g., Ossian)
• best of both worlds?
• ‘raw text’ (possibly normalised)

• Feature engineering
• positional features as 1-of-K or numerical
• sparse (1-of-K) vs dense (embeddings)
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What next?

• We’ve prepared the input features

• Next
• the output features

• After that
• regression from input to output
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Orientation

• Defining the problem of  TTS
• sequence-to-sequence regression

• Input
• linguistic features

• Output
• acoustic features
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Orientation

• Defining the problem of  TTS
• sequence-to-sequence regression

• Input
• linguistic features

• Output
• acoustic features
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• Defining the problem of  TTS
• sequence-to-sequence regression

• Input
• linguistic features

• Output
• acoustic features

Orientation

Requirements
• can be extracted from the waveform
• suitable for modelling
• can reconstruct the waveform
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Agenda

Topic Presenter

PART 1 From text to speech Simon King

PART 2

The front end Oliver Watts

Linguistic feature extraction & engineering Srikanth Ronanki

Acoustic feature extraction & engineering Felipe Espic

Regression Zhizheng Wu

Waveform generation Felipe Espic

Recap and conclusion Simon King

PART 3 Extensions Zhizheng Wu
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Acoustic feature extraction & engineering

Felipe Espic

Copyright King, Watts, Ronanki, Espic, Wu. Personal use only. No re-use. No redistribution.



• Phoneme /a:/

Why we use acoustic feature extraction - waveform
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• Phoneme /a:/

Why we use acoustic feature extraction - magnitude spectrum
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• Phoneme /a:/

Why we use acoustic feature extraction - magnitude spectrum
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Terminology

• Spectral Envelope

• F0

• Aperiodic energy
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Terminology

• Spectral Envelope

• F0

• Aperiodic energy
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Terminology

• Spectral Envelope

• F0

• Aperiodic energy
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Terminology

• Spectral Envelope

• F0

• Aperiodic energy

F0
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Terminology

• Spectral Envelope

• F0

• Aperiodic energy
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• Developed by Masanori Morise since 2009

• Free and Open Source (modified BSD licence)

• Speech Features:
• Spectral Envelope (estimated using CheapTrick)
• F0 (estimated using DIO)
• Band aperiodicities (estimated using D4C)

A typical vocoder: WORLD
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• Hanning window length 3 T0 

WORLD: spectral envelope estimation

Copyright King, Watts, Ronanki, Espic, Wu. Personal use only. No re-use. No redistribution.



• Hanning window length 3 T0 

WORLD: spectral envelope estimation

Power is temporally 
stable
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WORLD: spectral envelope estimation
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• Apply a moving average filter
• length (2/3) F0

WORLD: spectral envelope estimation
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• Apply another moving average filter
• length 2 F0

WORLD: spectral envelope estimation
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• SpEnv = q0 logSp(F) + q1 logSp(F+F0)+q1 logSp(F-F0)

• actually done in the cepstral domain

• illustrated here in the spectral domain

WORLD: spectral envelope estimation
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WORLD: F0 estimation
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• The ratio between aperiodic and 
periodic energy, averaged over 
certain frequency bands

• i.e., total power / sine wave power

• In the example, this ratio is 
• lowest in band a 

• more in band b 

• highest in band c

WORLD: band aperiodicities
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• The ratio between aperiodic and 
periodic energy, averaged over 
certain frequency bands

• i.e., total power / sine wave power

• In the example, this ratio is 
• lowest in band a 

• more in band b 

• highest in band c

WORLD: band aperiodicities

ba c
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Author   of   the  ...
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Statistical 
model

linguistic 
specification

Acoustic feature extraction

text waveformacoustic features

feature 
extraction

feature 
extraction

Author of the…
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Acoustic feature extraction & engineering

waveformacoustic features
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Acoustic feature extraction & engineering

waveform
raw vocoder 

features

feature 
engineering

acoustic features

feature 
extraction
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Acoustic feature engineering

raw vocoder 
features

acoustic features
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Acoustic feature engineering

raw vocoder 
features

acoustic features

Acoustic feature engineering
need to explain mel cep as feature 
engineering

raw vocoder 
features

acoustic features

Acoustic feature engineering
need to explain mel cep as feature 
engineering

raw vocoder 
features

acoustic features
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Acoustic feature engineering
need to explain m

el cep as feature 
engineering
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Type Static Δ ΔΔ Static Δ ΔΔ Static Δ ΔΔ Static

Dim 60 x 3 = 180 5 x 3 = 15 1 x 3 = 3 1

Interpolated log(F0) 
(dim=1)

Spectral Envelope 
(dim=fft_len/2)

Band aperiodicities 
(dim=5)

F0 
(dim=1)

Raw 
Features

Mel-Cepstrum 
(dim=60)

log(F0) 
(dim=1)

Normalisation

voicing 
decision
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Acoustic feature engineering

Type Static Δ ΔΔ Static Δ ΔΔ Static Δ ΔΔ Static

Dim 60 x 3 = 180 5 x 3 = 15 1 x 3 = 3 1

Interpolated log(F0) 
(dim=1)

Spectral Envelope 
(dim=fft_len/2)

Band aperiodicities 
(dim=5)

F0 
(dim=1)

Raw 
Features

Mel-Cepstrum 
(dim=60)

log(F0) 
(dim=1)

Normalisation

voicing 
decision
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Acoustic feature engineering

Type Static Δ ΔΔ Static Δ ΔΔ Static Δ ΔΔ Static

Dim 60 x 3 = 180 5 x 3 = 15 1 x 3 = 3 1

Interpolated log(F0) 
(dim=1)

Spectral Envelope 
(dim=fft_len/2)

Band aperiodicities 
(dim=5)

F0 
(dim=1)

Raw 
Features

Mel-Cepstrum 
(dim=60)

log(F0) 
(dim=1)

Normalisation

voicing 
decision
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Acoustic feature engineering

Type Static Δ ΔΔ Static Δ ΔΔ Static Δ ΔΔ Static

Dim 60 x 3 = 180 5 x 3 = 15 1 x 3 = 3 1

Interpolated log(F0) 
(dim=1)

Spectral Envelope 
(dim=fft_len/2)

Band aperiodicities 
(dim=5)

F0 
(dim=1)

Raw 
Features

Mel-Cepstrum 
(dim=60)

log(F0) 
(dim=1)

Normalisation

voicing 
decision
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Acoustic feature engineering

Type Static Δ ΔΔ Static Δ ΔΔ Static Δ ΔΔ Static

Dim 60 x 3 = 180 5 x 3 = 15 1 x 3 = 3 1

Interpolated log(F0) 
(dim=1)

Spectral Envelope 
(dim=fft_len/2)

Band aperiodicities 
(dim=5)

F0 
(dim=1)

Raw 
Features

Mel-Cepstrum 
(dim=60)

log(F0) 
(dim=1)

Normalisation

voicing 
decision
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Acoustic feature engineering

Type Static Δ ΔΔ Static Δ ΔΔ Static Δ ΔΔ Static

Dim 60 x 3 = 180 5 x 3 = 15 1 x 3 = 3 1

Interpolated log(F0) 
(dim=1)

Spectral Envelope 
(dim=fft_len/2)

Band aperiodicities 
(dim=5)

F0 
(dim=1)

Raw 
Features

Mel-Cepstrum 
(dim=60)

log(F0) 
(dim=1)

Normalisation

voicing 
decision
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Acoustic feature engineering

Type Static Δ ΔΔ Static Δ ΔΔ Static Δ ΔΔ Static

Dim 60 x 3 = 180 5 x 3 = 15 1 x 3 = 3 1

Interpolated log(F0) 
(dim=1)

Spectral Envelope 
(dim=fft_len/2)

Band aperiodicities 
(dim=5)

F0 
(dim=1)

Raw 
Features

Mel-Cepstrum 
(dim=60)

log(F0) 
(dim=1)

Normalisation

voicing 
decision
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03_prepare_acoustic_features.sh
python ${MerlinDir}/misc/scripts/vocoder/${Vocoder,,}/
extract_features_for_merlin.py ${MerlinDir} ${wav_dir} ${feat_dir} $SamplingFreq 
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# tools directory
world = os.path.join(merlin_dir, "tools/bin/WORLD")
sptk  = os.path.join(merlin_dir, "tools/bin/SPTK-3.9")

if fs == 16000:
    nFFTHalf = 1024
    alpha = 0.58

elif fs == 48000:
    nFFTHalf = 2048
    alpha = 0.77

mcsize=59

world_analysis_cmd = "%s %s %s %s %s" % (os.path.join(world, 'analysis'), \
                                         filename,
                                         os.path.join(f0_dir, file_id + '.f0'), \
                                         os.path.join(sp_dir, file_id + '.sp'), \
                                         os.path.join(bap_dir, file_id + '.bapd'))
os.system(world_analysis_cmd)

### convert f0 to lf0 ###
sptk_x2x_da_cmd = "%s +da %s > %s" % (os.path.join(sptk, 'x2x'), \
                                      os.path.join(f0_dir, file_id + '.f0'), \

extract_features_for_merlin.py
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sptk_x2x_da_cmd = "%s +da %s > %s" % (os.path.join(sptk, 'x2x'), \
                                      os.path.join(f0_dir, file_id + '.f0'), \
                                      os.path.join(f0_dir, file_id + '.f0a'))
os.system(sptk_x2x_da_cmd)

sptk_x2x_af_cmd = "%s +af %s | %s > %s " % (os.path.join(sptk, 'x2x'), \
                                            os.path.join(f0_dir, file_id + '.f0a'), \
                                            os.path.join(sptk, 'sopr') + ' -magic 0.0 -LN -MAGIC 
-1.0E+10', \
                                            os.path.join(lf0_dir, file_id + '.lf0'))
os.system(sptk_x2x_af_cmd)

### convert sp to mgc ###
sptk_x2x_df_cmd1 = "%s +df %s | %s | %s >%s" % (os.path.join(sptk, 'x2x'), \
                                                os.path.join(sp_dir, file_id + '.sp'), \
                                                os.path.join(sptk, 'sopr') + ' -R -m 32768.0', \
                                                os.path.join(sptk, 'mcep') + ' -a ' + str(alpha) + 
' -m ' + str(
                                                    mcsize) + ' -l ' + str(
                                                    nFFTHalf) + ' -e 1.0E-8 -j 0 -f 0.0 -q 3 ', \
                                                os.path.join(mgc_dir, file_id + '.mgc'))
os.system(sptk_x2x_df_cmd1)

### convert bapd to bap ###
sptk_x2x_df_cmd2 = "%s +df %s > %s " % (os.path.join(sptk, "x2x"), \
                                        os.path.join(bap_dir, file_id + ".bapd"), \
                                        os.path.join(bap_dir, file_id + '.bap'))
os.system(sptk_x2x_df_cmd2)

extract_features_for_merlin.py
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Design choices: acoustic features

• fixed framerate or pitch synchronous
• cepstrum or spectrum
• linear or warped frequency (e.g., Mel)
• order
• interpolate F0
• phase modelling
• no:  e.g., Tacotron
• yes:  e.g., Espic, Valentini-Botinhao, King, 

Interspeech 2017
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Orientation

• Defining the problem of  TTS
• sequence-to-sequence regression

• Input
• linguistic features

• Output
• acoustic features
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• Defining the problem of  TTS
• sequence-to-sequence regression

• Input
• linguistic features

• Output
• acoustic features

Orientation

✔

✔
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Agenda

Topic Presenter

PART 1 From text to speech Simon King

PART 2

The front end Oliver Watts

Linguistic feature extraction & engineering Srikanth Ronanki

Acoustic feature extraction & engineering Felipe Espic

Regression Zhizheng Wu

Waveform generation Felipe Espic

Recap and conclusion Simon King

PART 3 Extensions Zhizheng Wu
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What next?

• we spent a lot of time preparing 
the input and output features

• but that reflects the reality of building 
a DNN-based system

• Next
• actually doing the regression !
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Regression

Zhizheng Wu
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Feed-forward

• Conceptually straightforward
• For each input frame 

• perform regression to 
corresponding output features

• To provide wider input context, 
could simply stack several frames 
together
• although, remember that the 

linguistic features already span 
several timescales

Copyright King, Watts, Ronanki, Espic, Wu. Personal use only. No re-use. No redistribution.



Recurrent (naive version)

• Pass some of the outputs (or hidden 
layer activations) forwards in time, 
typically to the next time step

• A kind of memory

• Provides “infinite” left context

• (could also pass information 
backwards in time)

t-1 t t+1
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Recurrent

t-1

t

t+1
• Simple recurrence is equivalent to a 

very deep network

• To train this network, we have to 
backpropagate the derivative of the 
the errors (the gradient) through all 
of the layers
• “backpropagation through time”

• Suffers from the “vanishing 
gradient” problem, for long 
sequences

Copyright King, Watts, Ronanki, Espic, Wu. Personal use only. No re-use. No redistribution.



Long short-term memory (a 
type of recurrence)

• Solves the vanishing gradient 
problem by using “gates” to control 
the flow of information

• Conceptually
• Special LSTM units
• learn when to remember

• remember information for any 
number of time steps

• learn when to forget

t
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• Solves the vanishing gradient 
problem by using “gates” to control 
the flow of information

• Conceptually
• Special LSTM units
• learn when to remember

• remember information for any 
number of time steps

• learn when to forget

20/07/2017, 09)50

Page 1 of 1https://upload.wikimedia.org/wikipedia/commons/5/53/Peephole_Long_Short-Term_Memory.svg

Long short-term memory (a 
type of recurrence)

Figure from Alex Graves, Abdel-rahman Mohamed, and Geoffrey Hinton. 
“Speech recognition with deep recurrent neural networks” ICASSP 2013, 

redrawn as SVG by Eddie Antonio Santos 
Copyright King, Watts, Ronanki, Espic, Wu. Personal use only. No re-use. No redistribution.



Orientation

• Feed-forward architecture
• no memory
• “Simple” recurrent neural networks
• vanishing gradient problem
• LSTM unit solves vanishing gradient 

problem (other unit types are available!)
• But 

• inputs and outputs at same frame rate

• need an external ‘clock’ or alignment 
mechanism to ‘upsample’ the inputs
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• Next step is to integrate the alignment mechanism into the network itself
• Now, length of input sequence may be different to length of output sequence

• For example
• input: sequence of context-dependent phones
• output: acoustic frames (for the vocoder)

• Conceptually
• read in the entire input sequence; memorise it using a fixed-length representation 

• given that representation, write the output sequence

Sequence-to-sequence

Copyright King, Watts, Ronanki, Espic, Wu. Personal use only. No re-use. No redistribution.



Sequence-to-sequence (just conceptually)

• The encoder

• A recurrent network that 
“reads” the entire input 
sequence and “summarises” 
or “memorises” it using a 
fixed-length representation

t-1 t t+1
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Encoder
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Encoder
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Encoder

Decoder
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• Basic model, as presented, has no alignment between input and output
• Get better performance by adding “attention” 

• decoder has access to the input sequence
• decoder typically also has access to its own output at previous time step

• Alignment is like ASR. Doing ASR with vocoder features does not work well!

• so, we expect better performance by using ASR-style acoustic features (just for the 
alignment part of the model)

• This is as far as we want to go in this tutorial, regarding different DNN topologies for TTS
• The field is fast moving

Alignment in sequence-to-sequence models
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04_prepare_conf_files.sh

./scripts/submit.sh ${MerlinDir}/src/run_merlin.py $duration_conf_file

05_train_duration_model.sh

echo "preparing config files for acoustic, duration models..."
./scripts/prepare_config_files.sh $global_config_file

echo "preparing config files for synthesis..."
./scripts/prepare_config_files_for_synthesis.sh $global_config_file

Copyright King, Watts, Ronanki, Espic, Wu. Personal use only. No re-use. No redistribution.



[DEFAULT]

Merlin: <path to Merlin root directory>

TOPLEVEL: <path where experiments are created>

[Paths]

# where to place work files
work: <path where data, log, models and generated data are stored and created>

# where to find the data
data: %(work)s/data

# where to find intermediate directories
inter_data: %(work)s/inter_module

# list of file basenames, training and validation in a single list
file_id_list: %(data)s/file_id_list.scp
test_id_list: %(data)s/test_id_list.scp

in_mgc_dir: %(data)s/mgc
in_bap_dir: %(data)s/bap
in_lf0_dir: %(data)s/lf0

config files

Copyright King, Watts, Ronanki, Espic, Wu. Personal use only. No re-use. No redistribution.



# where are my tools
sptk:  %(Merlin)s/tools/bin/SPTK-3.9
straight: %(Merlin)s/tools/bin/straight
world: %(Merlin)s/tools/bin/WORLD

[Labels]
enforce_silence: False
silence_pattern: ['*-sil+*']
# options: state_align or phone_align
label_type: state_align
label_align: <path to labels>
question_file_name: <path to questions set>

add_frame_features: True

# options: full, coarse_coding, minimal_frame, state_only, frame_only, none
subphone_feats: full

[Outputs]
# dX should be 3 times X
mgc    : 60
dmgc   : 180
bap    : 1
dbap   : 3
lf0    : 1
dlf0   : 3

[Waveform]
test_synth_dir: None

config files
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add_frame_features: True

# options: full, coarse_coding, minimal_frame, state_only, frame_only, none
subphone_feats: full

[Outputs]
# dX should be 3 times X
mgc    : 60
dmgc   : 180
bap    : 1
dbap   : 3
lf0    : 1
dlf0   : 3

[Waveform]
test_synth_dir: None
# options: WORLD or STRAIGHT
vocoder_type: WORLD
samplerate: 16000
framelength: 1024
# Frequency warping coefficient used to compress the spectral envelope into MGC (or MCEP)
fw_alpha: 0.58
minimum_phase_order: 511
use_cep_ap: True

[Architecture]
switch_to_keras: False
hidden_layer_size  : [1024, 1024, 1024, 1024, 1024, 1024]
hidden_layer_type  : ['TANH', 'TANH', 'TANH', 'TANH', 'TANH', 'TANH']

config files
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framelength: 1024
# Frequency warping coefficient used to compress the spectral envelope into MGC (or MCEP)
fw_alpha: 0.58
minimum_phase_order: 511
use_cep_ap: True

[Architecture]
switch_to_keras: False
hidden_layer_size  : [1024, 1024, 1024, 1024, 1024, 1024]
hidden_layer_type  : ['TANH', 'TANH', 'TANH', 'TANH', 'TANH', 'TANH']

model_file_name: feed_forward_6_tanh

#if RNN or sequential training is used, please set sequential_training to True.
sequential_training : False

dropout_rate : 0.0
batch_size   : 256

# options: -1 for exponential decay, 0 for constant learning rate, 1 for linear decay
lr_decay      : -1 
learning_rate : 0.002

# options: sgd, adam, rprop
optimizer : sgd

warmup_epoch    : 10
training_epochs : 25

[Streams]

config files
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train_file_number: 50
valid_file_number: 5
test_file_number : 5
#buffer size of each block of data to
buffer_size: 200000

[Processes]

# Main processes

AcousticModel : True
GenTestList : False

# sub-processes

NORMLAB  : True
MAKECMP  : True
NORMCMP  : True

TRAINDNN : True
DNNGEN   : True

GENWAV   : True
CALMCD   : True

config files
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06_train_acoustic_model.sh
./scripts/submit.sh ${MerlinDir}/src/run_merlin.py $acoustic_conf_file

Copyright King, Watts, Ronanki, Espic, Wu. Personal use only. No re-use. No redistribution.



07_run_merlin.sh
inp_txt=$1
test_dur_config_file=$2
test_synth_config_file=$3

echo "preparing full-contextual labels using Festival frontend..."
lab_dir=$(dirname $inp_txt)
./scripts/prepare_labels_from_txt.sh $inp_txt $lab_dir $global_config_file

echo "synthesizing durations..."
./scripts/submit.sh ${MerlinDir}/src/run_merlin.py $test_dur_config_file

echo "synthesizing speech..."
./scripts/submit.sh ${MerlinDir}/src/run_merlin.py $test_synth_config_file

Copyright King, Watts, Ronanki, Espic, Wu. Personal use only. No re-use. No redistribution.



Design choices: acoustic model

• Straightforward, if the input and 
output sequences are the same 
length and aligned

• feedforward
• recurrent (e.g. LSTM) layer(s)
• Less straightforward, for unaligned 

input and output sequences
• sequence-to-sequence
• The only practical limitation is 

what your chosen backend can 
do (e.g., Theano, Tensorflow)

Copyright King, Watts, Ronanki, Espic, Wu. Personal use only. No re-use. No redistribution.



Orientation

• What is the output of the regression?
• acoustic features
• not a speech waveform

so there is one more step

• Generating the waveform
• input is the acoustic features
• output is the speech waveform

Copyright King, Watts, Ronanki, Espic, Wu. Personal use only. No re-use. No redistribution.
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Waveform generation

Felipe Espic
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From acoustic features back to raw vocoder features

Spectral Envelope 
(dim=fft_len/2)

F0 
(dim=1)

Raw 
Features

Band aperiodicities 
(dim=5)

log(F0) 
(dim=1)

Smoothing (MLPG)

De-normalisation

Feat Mel-Cepstrum Band aperiodicities Interpolated log(F0) voicing

Type Static Δ ΔΔ Static Δ ΔΔ Static Δ ΔΔ Static
Dim 60 x 3 = 180 5 x 3 = 15 1 x 3 = 3 1

Spectral Expansion
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• Computation of pulse locations

• Voiced segments: create one pulse every fundamental period,  T0
• calculate T0 from F0, which has been predicted by the acoustic model

• Unvoiced segments:  fixed rate    T0 = 5ms

WORLD: periodic excitation using a pulse train

Copyright King, Watts, Ronanki, Espic, Wu. Personal use only. No re-use. No redistribution.



WORLD: obtain spectral envelope at exact pulse locations, by interpolation

pulse location

Frequency (Hz)

Magnitude 
spectrum (dB)

0

5k

frame n

frame n+1
Time
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WORLD: obtain spectral envelope at exact pulse locations, by interpolation

pulse location

Frequency (Hz)

Magnitude 
spectrum (dB)

interpolated spectrum
at pulse location

0

5k

frame n

frame n+1
Time
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WORLD: reconstruct periodic and aperiodic magnitude spectra
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WORLD: generate waveform

Minimum 
Phase  

Construction

PSOLANoise 
Gen FFT IFFT

Aperiodic 
Magnitude 
Spectrum

Periodic 
Magnitude 
Spectrum

Aperiodic 
Complex 
Spectrum

Periodic 
Complex 
Spectrum

Aperiodic 
Impulse 

Response

Periodic 
Impulse 

Response

Minimum 
Phase  

Construction
IFFT

Synthesised
Speech
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Design choices: waveform generation

• fixed framerate or pitch synchronous
• may be different from what you 

used in acoustic feature extraction
• cepstrum or spectrum
• source
• pulse/noise or mixed or sampled
• phase
• synthetic (e.g., pulse train + 

minimum phase filter)  or

• predict using acoustic model

Copyright King, Watts, Ronanki, Espic, Wu. Personal use only. No re-use. No redistribution.



Agenda

Topic Presenter

PART 1 From text to speech Simon King

PART 2

The front end Oliver Watts

Linguistic feature extraction & engineering Srikanth Ronanki

Acoustic feature extraction & engineering Felipe Espic

Regression Zhizheng Wu

Waveform generation Felipe Espic

Recap and conclusion Simon King

PART 3 Extensions Zhizheng Wu
Copyright King, Watts, Ronanki, Espic, Wu. Personal use only. No re-use. No redistribution.



Recap & conclusion

Simon King
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Extensions

Zhizheng Wu
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• Hybrid speech synthesis
• make acoustic feature predictions with Merlin, then select units with Festival

• Voice conversion
• input speech, instead of text
• training data is aligned input and output speech (instead of phone labels and speech)

• Speaker adaptation
• augmenting the input
• adapting hidden layers
• transforming the output

Extensions
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Classical unit selection (drawn here with phone units) - target and join costs
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Classical unit selection (drawn here with phone units) - target and join costs
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Classical unit selection (drawn here with phone units) - target and join costs
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Independent Feature Formulation (IFF) target cost
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Acoustic Space Formulation (ASF) target cost
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Acoustic Space Formulation (ASF) target cost
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acoustic
features

Hybrid speech synthesis is like
unit selection with an Acoustic Space Formulation target cost

waveform
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acoustic
features

Hybrid speech synthesis is like
unit selection with an Acoustic Space Formulation target cost

speech
database

waveform

Copyright King, Watts, Ronanki, Espic, Wu. Personal use only. No re-use. No redistribution.



“partial 
synthesis”

Hybrid speech synthesis is like
unit selection with an Acoustic Space Formulation target cost

speech
database

waveform
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Hybrid speech synthesis is like
Statistical Parametric Speech Synthesis, with a replacement for the vocoder

waveform

acoustic
features
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Hybrid speech synthesis is like
Statistical Parametric Speech Synthesis, with a replacement for the vocoder

vocoder

waveform

acoustic
features
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Hybrid speech synthesis is like
Statistical Parametric Speech Synthesis, with a replacement for the vocoder

speech database

waveform

acoustic
features
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Hybrid speech synthesis is like
Statistical Parametric Speech Synthesis, with a replacement for the vocoder

waveform
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Hybrid speech synthesis is like
Statistical Parametric Speech Synthesis, with a replacement for the vocoder

waveform

any features
you like !
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Hybrid speech synthesis is like
Statistical Parametric Speech Synthesis, with a replacement for the vocoder

bottleneck
features

Acoustic features

Linguistic features
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Hybrid speech synthesis
with a mixture density network for both target and join costs
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Hybrid speech synthesis
with a mixture density network for both target and join costs

Acoustic and prosodic 
feature distribution

Linguistic features

See Interspeech poster
 Thu-P-9-4-12
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• Hybrid speech synthesis
• make acoustic feature predictions with Merlin, then select units with Festival

• Voice conversion
• input speech, instead of text
• training data is aligned input and output speech (instead of phone labels and speech)

• Speaker adaptation
• augmenting the input
• adapting hidden layers
• transforming the output

Extensions
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• Manipulate source speaker’s voice to sound like target without changing language content

Voice Conversion
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• Manipulate source speaker’s voice to sound like target without changing language content

Voice Conversion

Voice 
conversion
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Voice Conversion using a neural network

Copyright King, Watts, Ronanki, Espic, Wu. Personal use only. No re-use. No redistribution.



Voice Conversion using a neural network

Copyright King, Watts, Ronanki, Espic, Wu. Personal use only. No re-use. No redistribution.



Voice Conversion using a neural network

?
Need solutions for :
• acoustic feature extraction and engineering
• alignment between input and output
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input waveform

Acoustic feature extraction & engineering for both input and output
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input waveform

Acoustic feature extraction & engineering for both input and output

raw vocoder 
features

feature 
engineering

input 
acoustic features

feature 
extraction
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output waveform

Acoustic feature extraction & engineering for both input and output
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output waveform
raw vocoder 

features

feature 
engineering

output 
acoustic features

feature 
extraction

Acoustic feature extraction & engineering for both input and output
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Alignment of input and output

• extract acoustic features from 
waveforms

• use Dynamic Time Warping (DTW)

Figure from T. K. Vintsyuk “Speech discrimination by dynamic 
programming", Cybernetics 4(1) pp 52–57, January 1968
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number  of poss ib le  combinat ions of l - 1 a r rows  of 
which q - 1 a r e  oblique 

C q - I  N (l, q) = l--l. (10) 

For  example,  for the o f t en - r equ i r ed  set  of values l = 
= 20 a n d q =  12 we ob ta inN(20 ,12)  = 75 582. For  the 
rea l i za t ion  of recogni t ion  c r i t e r i a  (6), (8), and (9) it 
is hardly p rac t i cab le  to scan such a l a rge  number  of 
s tandards in o r d e r  to de t e rmine  the probabil i ty  that 
X l will  belong to one c lass .  
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We a re  in te res ted  in var ious  methods of d i rec ted  
s e a r c h  among the s tandards of the c l a s se s ,  which 
quickly lead to a synthesis  of the p e r m i s s i b l e  s tandard 
of the c lass  n e a r e s t  to the unknown sequence X l in the 
sense  of the c r i t e r i a  (6), (8), and (9). 

We shall  show that the p rob lem of finding the n e a r -  
es t  p e r m i s s i b l e  s tandard of a c lass  is reduced to one 
of the p rob lems  in ma themat ica l  p rogramming ,  i . e . ,  
to the problem of finding the shor t e s t  path in a graph. 

We r ep l ace  the digits i = 1, 2 . . . . .  l of the b ranch -  
ing scheme  of d imensions  (l, q) by points.  We ass ign  
to each point a pair  of subscr ip ts  ij.  The f i r s t  sub- 
sc r ip t  i is de te rmined  by the number  of the ve r t i c a l  
column whose digit  is r ep laced  by the point. The s e c -  
ond subscr ip t  j is equal to the rep laced  digit  of the 
branching scheme.  

We ass ign to each a r row of the branching scheme 
which goes into the point ij the dis tance d ~ = ] x~ - -  ~h 12, ii i 
if we want to r e a l i z e  the recogni t ion  c r i t e r i o n  (6) ; or  
the value 

( C )  = x,. '1 ] ,;. = i x0,1 ' 141 

when we want to r ecogn ize  according to the c r i t e r i a  
(8) and (9). 

Thus we obtain a graph given in Fig. 1 for  the case  
q = 5 and l = 8. 

If we move f rom point A of the graph to point B, we 
pass over  exact ly  l points of the graph (including A 
and B),  the second subscr ip t s  of which de t e rmine  the 
p e r m i s s i b l e  s tandard of length l of the c lass  k. 

The sum of the values  d~,  (Qk)Z or (Rk) 2 of the 
a r rows  lying along some pathway f rom A' and into B, 
de t e rmines  the degree  of co r r e spondence  between the 

p e r m i s s i b l e  s tandard cor responding  to this pathway 
and the unknown sequence X l  9 It is now c lea r  that the 
p rob lem of finding the nea r e s t  p e r m i s s i b l e  s tandard of 
a c l a s s  has been reduced to the p rob lem of finding the 
sho r t e s t  [cr i te r ion  (6)], or  the longest  [ c r i t e r i a  (8) 
and (9)] pathways f rom A' to B in the graph de te rmined  
by the model  in Fig.  1. The length of the sho r t e s t  or  
longest  pathway f rom A' to 'B is a m e a s u r e  of the p rob-  
abili ty that the unknown sequence X l belongs to the k-  
th c l a s s .  

There  a re  well-known a lgor i thms  for  finding the 
sho r t e s t  or  longes t  pathways in a graph [5]. They are  
based  on a d i r ec ted  sea rch  among the poss ib le  pathways.  

The graph cons idered  he re  has a specia l  s t ruc tu re  
so that we can cons t ruc t  a s imple  p rocedure  for f ind- 
ing the sho r t e s t  pathway which is quite di f ferent  f rom 
the methods desc r ibed  in the l i t e r a tu r e .  The r ea son  
for  this is that it is n e c e s s a r y  only to find the length of 
the shor t e s t  pathway in the graph. 

Let us cons ider  succes s ive ly  the groups of points 
in the graph with ident ical  subscr ip t s  i = 1, 2 . . . .  , l  9 

We begin with the points of the graph having the sub-  
sc r ip t s  i = 1. There  is a unique point of this kind. The 
point ij = 11 can be reached  along one pathway. We 
ass ign to this point the path- length D11 = d l r  Then we 
turn to the points with subscr ip ts  i = 2, and so on. By 
succes s ive ly  making the t rans i t ion  f rom all points with 
subscr ip t s  (i - 1) to al l  points with subscr ip t  i, we 
can ass ign lengths to the points of the graph with sub-  
sc r ip t s  i according  to the following r e c u r s i v e  formula :  

Di: = r a i n  (D(i_1)(i_l), D(i_I)/) -~ dii. (11) 

Every  t ime  the r e c u r s i v e  fo rmula  (11) is used, we 
e l imina te  the pathways f rom A' to B which go through 
the point ij, and which are  always longer  than the r e -  
maining ones.  For  example,  ass igning according to 
(11) the value  Dij to the point ij = 42, we e l imina te  
some of the pathways f r o m  A' to B which go through 
the point 42, and then we have to cons ider  only those 
pathways f rom A' to B which a re  continuations of the 
shor t e s t  ini t ial  pathway f rom the point A' to the point 
ij = 42. 

As a r e su l t  of this procedure ,  on reach ing  the las t  
point of the graph ij = / q  it will  be assigned the value 
D/ , which de t e rmines  the length of the shor t e s t  path-  q 
way in the graph. 

For  the r ea l i za t ion  of the recogni t ion c r i t e r i a  (6), 
(8), and (9) we cons t ruc t  exact ly K graphs (according 
to the number  of c l a s s e s ) .  The s ize  of each of these 
graphs is de te rmined  by the number  / of e lements  x i 
in the unknown sequence X l , and by the number qk of 
e lements  in the s tandard ~ of the c lass  k. 

It is easy to see  that for the rea l i za t ion  of the e l e -  
m e n t - b y - e l e m e n t  recogni t ion  a lgor i thm a r e l a t i ve ly  
sma l l  amount of ca lcula t ion wil l  suffice:  we have to 
de te rmine  the quantit ies d k or  (Qk)2, or (Rk) 2 for  

each graph, and then we have to find the shor t e s t  or 
longest  pathway and ass ign  the unknown sequence to 
the c lass  whose graph has the shor t e s t  or  longes tpa th .  

When for some  r ea son  the unknown sequence X l 
ean lose  some of its e lements  (the f i r s t  or  the las t  one), 
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Simplest approach: aligned input and output features + frame-by-frame regression

input 
acoustic features

output 
acoustic features
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Of course, we can do better than a feedforward network

Figure from: Sun et al “Voice conversion using deep bidirectional long short-term memory based recurrent neural networks” ICASSP 2015
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Copyright King, Watts, Ronanki, Espic, Wu. Personal use only. No re-use. No redistribution.



03_align_src_with_target.sh
src_feat_dir=$1
tgt_feat_dir=$2
src_aligned_feat_dir=$3

src_mgc_dir=$src_feat_dir/mgc
tgt_mgc_dir=$tgt_feat_dir/mgc

echo "Align source acoustic features with target acoustic features..."
python ${MerlinDir}/misc/scripts/voice_conversion/dtw_aligner_festvox.py ${MerlinDir}/tools 
${src_feat_dir} ${tgt_feat_dir} ${src_aligned_feat_dir} ${bap_dim}
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phonealign

for (i=1; i < itrack.num_frames(); i++)
{
for (j=1; j < otrack.num_frames(); j++)
{
    dpt(i,j) = frame_distance(itrack,i,otrack,j);
    if (dpt(i-1,j) < dpt(i-1,j-1))
    {
if (dpt(i,j-1) < dpt(i-1,j))
{   
    dpt(i,j) += dpt(i,j-1);
    dpp(i,j) = 1; // hold
}
else
{   // horizontal best 
    dpt(i,j) += dpt(i-1,j);
    dpp(i,j) = -1; // jump
}

    }
    else if (dpt(i,j-1) < dpt(i-1,j-1))
    {
dpt(i,j) += dpt(i,j-1);
dpp(i,j) = 1; // hold

    }
    else
    {
dpt(i,j) += dpt(i-1,j-1);
dpp(i,j) = 0;

    }

classic DTW alignment
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• Hybrid speech synthesis
• make acoustic feature predictions with Merlin, then select units with Festival

• Voice conversion
• input speech, instead of text
• training data is aligned input and output speech (instead of phone labels and speech)

• Speaker adaptation
• augmenting the input
• adapting hidden layers
• transforming the output

Extensions
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Speaker adaptation

• Create a new voice with only a short 
recording of speech from the target 
speaker

Average voice
Speaker A
Speaker B
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Speaker adaptation for DNNs

• additional input features
• apply transformation (voice 

conversion) to output features
• learn a modification of the model 

parameters (LHUC)
• shared layers / “hat swapping”
• retrain (‘fine tune’) entire model on 

target speaker data
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Figure 1: Three ways to do speaker adaptation for DNN-based
speech synthesis. LHUC=Learning Hidden Unit Contributions.

2.1. i-vector

An i-vector is a low-dimensional vector representing speaker
identity. I-vectors have dramatically improved the performance
of text-independent speaker verification and now define the
state-of-the-art [22]. Given a speaker-dependent GMM, the cor-
responding mean supervector s can be represented as,

s ⇡ m+Ti, i s N (0, I), (1)

where m is the super-vector defined by the mean super-vector
of a speaker-independent universal background model (UBM)
that benefits from multiple speakers training corpora, s is the
speaker super-vector which is the mean super-vector of the
speaker-dependent GMM model (adapted from the UBM), T
is the total variability matrix estimated on the background data,
and i is the speaker identity vector, also called the i-vector.

In the context of DNN synthesis, when training a speaker-
independent DNN model – an average voice model (AVM) –
linguistic features are augmented with an i-vector as an addi-
tional to capture speaker identity. With the augmented i-vector,
inputs with the same linguistic content but spoken by different
speakers can be distinguished. At the adaptation phase, the tar-
get speaker’s i-vector is first estimated by using the adaptation
data and the total variability T through Eq. (1), and then the i-
vector is appended with linguistic features as input to generate
the target speaker’s voice. As suggested in the literatures [23],
length normlisation is performed on all the i-vectors. In prac-
tice, we used the ALIZE toolkit [24] to extract i-vectors.

2.2. Learning hidden unit contribution (LHUC)

An average voice, or speaker independent, DNN is build using a
number of hidden units hierarchically structured into a sequence
of layers implementing some non-linear transformations. Each
such unit, at training stage, act as an adaptable basis function
capturing certain patterns in its inputs. A learning process of all
the units in the model is driven by a single objective (e.g., to
minimize the squared error as in this work) and the units, in or-
der improve the objective, are encouraged to specialize and be-
come complementary to each other in explaining different pat-
terns in training data well – they learn some joint representation
of the problem the model was tasked to solve.

However, when the model is applied to unseen data, the
relative importance of particular units may no longer be opti-
mal. LHUC, given adaptation data, rescales the contributions
(amplitudes) of the hidden units in the model without actually

modifying their feature receptors. In this work, contrary to [20],
we use an unconstrained variant of LHUC, i.e. its amplitudes
are not re-parametrised in any way. This decision was moti-
vated by preliminary results and the need to limit the number of
comparisons for evaluation tests.

Another way to re-weight hidden units is their interpolation
within pooling regions [25], however, this method is model de-
pendent requiring certain differentiable pooling operators to be
implemented across layers, while LHUC is model-agnostic and
can work with arbitrary model non-linearities [20] and architec-
tures [26].

2.3. Feature space transformation

At the output level, we perform a feature space transformation
to modify the output of a DNN as

y ⇡ F(y0), (2)

where y0 is the output feature of a DNN, y is the reference target
vocoder parameter, and F(·) is the transformation function.

For adaptation, the AVM is first used to predict a sequence
of vocoder parameters given a sequence of linguistic features
extracted from adaptation material. Then, a transformation
function is built based the parallel data: predicted vocoder pa-
rameters and reference vocoder parameters of the target speaker.
At runtime synthesis, the transformation function is applied to
the predicted vocoder parameters of the AVM DNN to perform
feature space adaptation to mimic the target speaker’s voice.

In practice, we employed joint density Gaussian mixture
model (JD-GMM) with full-covariance matrices to implement
the transformation function, since JD-GMM is current state-of-
the-art voice conversion technique [27], and can perform feature
space mapping well.

3. Experiments
3.1. Experimental setup

In the experiments, we used the Voice Bank corpus [28] to as-
sess the performance of the adaptation techniques. 96 speakers
– 41 male and 55 female – were used to train a DNN average
voice model (AVM). Two speakers, one male and one female,
were used as target speakers for speaker adaptation. We consid-
ered two training conditions: 10 utterances and 100 utterances
of adaptation data for both target speakers. 70 utterances were
used as a development set and 72 utterances were used as a test-
ing set for both target speakers.

The sampling rate of the corpus was 48 kHz. The
STRAIGHT vocoder [29] was employed to extract 60-
dimensional Mel-Cepstral Coefficients (MCCs), 25 band ape-
riodicities (BAPs) and F0 in log-scale at 5 msec step.

We trained context-dependent hidden Semi-Markov mod-
els (HSMMs) as the baseline. The HSMMs have 5 states with
separate output distributions representing the 60-D MCCs, 25-
D BAPs, F0 in log-scale and their delta and delta-features.
The global variances are also used to refine the parameter tra-
jectories using the Maximum likelihood parameter generation
(MLPG) algorithm, and spectral enhancement post-filtering is
applied to the MCCs. Finally, separate decision trees are used
to cluster the state duration probabilities and the state output
probabilities using input linguistic features such as quinphone,
part-of-speech, phoneme, syllable, word and phrase positions.
The 96 speakers of the Voice Bank corpus are used for learning
an average voice model and the CSMAPLR algorithm is em-
ployed for adaptation [5].
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2.1. i-vector

An i-vector is a low-dimensional vector representing speaker
identity. I-vectors have dramatically improved the performance
of text-independent speaker verification and now define the
state-of-the-art [22]. Given a speaker-dependent GMM, the cor-
responding mean supervector s can be represented as,

s ⇡ m+Ti, i s N (0, I), (1)

where m is the super-vector defined by the mean super-vector
of a speaker-independent universal background model (UBM)
that benefits from multiple speakers training corpora, s is the
speaker super-vector which is the mean super-vector of the
speaker-dependent GMM model (adapted from the UBM), T
is the total variability matrix estimated on the background data,
and i is the speaker identity vector, also called the i-vector.

In the context of DNN synthesis, when training a speaker-
independent DNN model – an average voice model (AVM) –
linguistic features are augmented with an i-vector as an addi-
tional to capture speaker identity. With the augmented i-vector,
inputs with the same linguistic content but spoken by different
speakers can be distinguished. At the adaptation phase, the tar-
get speaker’s i-vector is first estimated by using the adaptation
data and the total variability T through Eq. (1), and then the i-
vector is appended with linguistic features as input to generate
the target speaker’s voice. As suggested in the literatures [23],
length normlisation is performed on all the i-vectors. In prac-
tice, we used the ALIZE toolkit [24] to extract i-vectors.

2.2. Learning hidden unit contribution (LHUC)

An average voice, or speaker independent, DNN is build using a
number of hidden units hierarchically structured into a sequence
of layers implementing some non-linear transformations. Each
such unit, at training stage, act as an adaptable basis function
capturing certain patterns in its inputs. A learning process of all
the units in the model is driven by a single objective (e.g., to
minimize the squared error as in this work) and the units, in or-
der improve the objective, are encouraged to specialize and be-
come complementary to each other in explaining different pat-
terns in training data well – they learn some joint representation
of the problem the model was tasked to solve.

However, when the model is applied to unseen data, the
relative importance of particular units may no longer be opti-
mal. LHUC, given adaptation data, rescales the contributions
(amplitudes) of the hidden units in the model without actually

modifying their feature receptors. In this work, contrary to [20],
we use an unconstrained variant of LHUC, i.e. its amplitudes
are not re-parametrised in any way. This decision was moti-
vated by preliminary results and the need to limit the number of
comparisons for evaluation tests.

Another way to re-weight hidden units is their interpolation
within pooling regions [25], however, this method is model de-
pendent requiring certain differentiable pooling operators to be
implemented across layers, while LHUC is model-agnostic and
can work with arbitrary model non-linearities [20] and architec-
tures [26].

2.3. Feature space transformation

At the output level, we perform a feature space transformation
to modify the output of a DNN as

y ⇡ F(y0), (2)

where y0 is the output feature of a DNN, y is the reference target
vocoder parameter, and F(·) is the transformation function.

For adaptation, the AVM is first used to predict a sequence
of vocoder parameters given a sequence of linguistic features
extracted from adaptation material. Then, a transformation
function is built based the parallel data: predicted vocoder pa-
rameters and reference vocoder parameters of the target speaker.
At runtime synthesis, the transformation function is applied to
the predicted vocoder parameters of the AVM DNN to perform
feature space adaptation to mimic the target speaker’s voice.

In practice, we employed joint density Gaussian mixture
model (JD-GMM) with full-covariance matrices to implement
the transformation function, since JD-GMM is current state-of-
the-art voice conversion technique [27], and can perform feature
space mapping well.

3. Experiments
3.1. Experimental setup

In the experiments, we used the Voice Bank corpus [28] to as-
sess the performance of the adaptation techniques. 96 speakers
– 41 male and 55 female – were used to train a DNN average
voice model (AVM). Two speakers, one male and one female,
were used as target speakers for speaker adaptation. We consid-
ered two training conditions: 10 utterances and 100 utterances
of adaptation data for both target speakers. 70 utterances were
used as a development set and 72 utterances were used as a test-
ing set for both target speakers.

The sampling rate of the corpus was 48 kHz. The
STRAIGHT vocoder [29] was employed to extract 60-
dimensional Mel-Cepstral Coefficients (MCCs), 25 band ape-
riodicities (BAPs) and F0 in log-scale at 5 msec step.

We trained context-dependent hidden Semi-Markov mod-
els (HSMMs) as the baseline. The HSMMs have 5 states with
separate output distributions representing the 60-D MCCs, 25-
D BAPs, F0 in log-scale and their delta and delta-features.
The global variances are also used to refine the parameter tra-
jectories using the Maximum likelihood parameter generation
(MLPG) algorithm, and spectral enhancement post-filtering is
applied to the MCCs. Finally, separate decision trees are used
to cluster the state duration probabilities and the state output
probabilities using input linguistic features such as quinphone,
part-of-speech, phoneme, syllable, word and phrase positions.
The 96 speakers of the Voice Bank corpus are used for learning
an average voice model and the CSMAPLR algorithm is em-
ployed for adaptation [5].
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2.1. i-vector

An i-vector is a low-dimensional vector representing speaker
identity. I-vectors have dramatically improved the performance
of text-independent speaker verification and now define the
state-of-the-art [22]. Given a speaker-dependent GMM, the cor-
responding mean supervector s can be represented as,

s ⇡ m+Ti, i s N (0, I), (1)

where m is the super-vector defined by the mean super-vector
of a speaker-independent universal background model (UBM)
that benefits from multiple speakers training corpora, s is the
speaker super-vector which is the mean super-vector of the
speaker-dependent GMM model (adapted from the UBM), T
is the total variability matrix estimated on the background data,
and i is the speaker identity vector, also called the i-vector.

In the context of DNN synthesis, when training a speaker-
independent DNN model – an average voice model (AVM) –
linguistic features are augmented with an i-vector as an addi-
tional to capture speaker identity. With the augmented i-vector,
inputs with the same linguistic content but spoken by different
speakers can be distinguished. At the adaptation phase, the tar-
get speaker’s i-vector is first estimated by using the adaptation
data and the total variability T through Eq. (1), and then the i-
vector is appended with linguistic features as input to generate
the target speaker’s voice. As suggested in the literatures [23],
length normlisation is performed on all the i-vectors. In prac-
tice, we used the ALIZE toolkit [24] to extract i-vectors.

2.2. Learning hidden unit contribution (LHUC)

An average voice, or speaker independent, DNN is build using a
number of hidden units hierarchically structured into a sequence
of layers implementing some non-linear transformations. Each
such unit, at training stage, act as an adaptable basis function
capturing certain patterns in its inputs. A learning process of all
the units in the model is driven by a single objective (e.g., to
minimize the squared error as in this work) and the units, in or-
der improve the objective, are encouraged to specialize and be-
come complementary to each other in explaining different pat-
terns in training data well – they learn some joint representation
of the problem the model was tasked to solve.

However, when the model is applied to unseen data, the
relative importance of particular units may no longer be opti-
mal. LHUC, given adaptation data, rescales the contributions
(amplitudes) of the hidden units in the model without actually

modifying their feature receptors. In this work, contrary to [20],
we use an unconstrained variant of LHUC, i.e. its amplitudes
are not re-parametrised in any way. This decision was moti-
vated by preliminary results and the need to limit the number of
comparisons for evaluation tests.

Another way to re-weight hidden units is their interpolation
within pooling regions [25], however, this method is model de-
pendent requiring certain differentiable pooling operators to be
implemented across layers, while LHUC is model-agnostic and
can work with arbitrary model non-linearities [20] and architec-
tures [26].

2.3. Feature space transformation

At the output level, we perform a feature space transformation
to modify the output of a DNN as

y ⇡ F(y0), (2)

where y0 is the output feature of a DNN, y is the reference target
vocoder parameter, and F(·) is the transformation function.

For adaptation, the AVM is first used to predict a sequence
of vocoder parameters given a sequence of linguistic features
extracted from adaptation material. Then, a transformation
function is built based the parallel data: predicted vocoder pa-
rameters and reference vocoder parameters of the target speaker.
At runtime synthesis, the transformation function is applied to
the predicted vocoder parameters of the AVM DNN to perform
feature space adaptation to mimic the target speaker’s voice.

In practice, we employed joint density Gaussian mixture
model (JD-GMM) with full-covariance matrices to implement
the transformation function, since JD-GMM is current state-of-
the-art voice conversion technique [27], and can perform feature
space mapping well.

3. Experiments
3.1. Experimental setup

In the experiments, we used the Voice Bank corpus [28] to as-
sess the performance of the adaptation techniques. 96 speakers
– 41 male and 55 female – were used to train a DNN average
voice model (AVM). Two speakers, one male and one female,
were used as target speakers for speaker adaptation. We consid-
ered two training conditions: 10 utterances and 100 utterances
of adaptation data for both target speakers. 70 utterances were
used as a development set and 72 utterances were used as a test-
ing set for both target speakers.

The sampling rate of the corpus was 48 kHz. The
STRAIGHT vocoder [29] was employed to extract 60-
dimensional Mel-Cepstral Coefficients (MCCs), 25 band ape-
riodicities (BAPs) and F0 in log-scale at 5 msec step.

We trained context-dependent hidden Semi-Markov mod-
els (HSMMs) as the baseline. The HSMMs have 5 states with
separate output distributions representing the 60-D MCCs, 25-
D BAPs, F0 in log-scale and their delta and delta-features.
The global variances are also used to refine the parameter tra-
jectories using the Maximum likelihood parameter generation
(MLPG) algorithm, and spectral enhancement post-filtering is
applied to the MCCs. Finally, separate decision trees are used
to cluster the state duration probabilities and the state output
probabilities using input linguistic features such as quinphone,
part-of-speech, phoneme, syllable, word and phrase positions.
The 96 speakers of the Voice Bank corpus are used for learning
an average voice model and the CSMAPLR algorithm is em-
ployed for adaptation [5].
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Figure 1: Three ways to do speaker adaptation for DNN-based
speech synthesis. LHUC=Learning Hidden Unit Contributions.

2.1. i-vector

An i-vector is a low-dimensional vector representing speaker
identity. I-vectors have dramatically improved the performance
of text-independent speaker verification and now define the
state-of-the-art [22]. Given a speaker-dependent GMM, the cor-
responding mean supervector s can be represented as,

s ⇡ m+Ti, i s N (0, I), (1)

where m is the super-vector defined by the mean super-vector
of a speaker-independent universal background model (UBM)
that benefits from multiple speakers training corpora, s is the
speaker super-vector which is the mean super-vector of the
speaker-dependent GMM model (adapted from the UBM), T
is the total variability matrix estimated on the background data,
and i is the speaker identity vector, also called the i-vector.

In the context of DNN synthesis, when training a speaker-
independent DNN model – an average voice model (AVM) –
linguistic features are augmented with an i-vector as an addi-
tional to capture speaker identity. With the augmented i-vector,
inputs with the same linguistic content but spoken by different
speakers can be distinguished. At the adaptation phase, the tar-
get speaker’s i-vector is first estimated by using the adaptation
data and the total variability T through Eq. (1), and then the i-
vector is appended with linguistic features as input to generate
the target speaker’s voice. As suggested in the literatures [23],
length normlisation is performed on all the i-vectors. In prac-
tice, we used the ALIZE toolkit [24] to extract i-vectors.

2.2. Learning hidden unit contribution (LHUC)

An average voice, or speaker independent, DNN is build using a
number of hidden units hierarchically structured into a sequence
of layers implementing some non-linear transformations. Each
such unit, at training stage, act as an adaptable basis function
capturing certain patterns in its inputs. A learning process of all
the units in the model is driven by a single objective (e.g., to
minimize the squared error as in this work) and the units, in or-
der improve the objective, are encouraged to specialize and be-
come complementary to each other in explaining different pat-
terns in training data well – they learn some joint representation
of the problem the model was tasked to solve.

However, when the model is applied to unseen data, the
relative importance of particular units may no longer be opti-
mal. LHUC, given adaptation data, rescales the contributions
(amplitudes) of the hidden units in the model without actually

modifying their feature receptors. In this work, contrary to [20],
we use an unconstrained variant of LHUC, i.e. its amplitudes
are not re-parametrised in any way. This decision was moti-
vated by preliminary results and the need to limit the number of
comparisons for evaluation tests.

Another way to re-weight hidden units is their interpolation
within pooling regions [25], however, this method is model de-
pendent requiring certain differentiable pooling operators to be
implemented across layers, while LHUC is model-agnostic and
can work with arbitrary model non-linearities [20] and architec-
tures [26].

2.3. Feature space transformation

At the output level, we perform a feature space transformation
to modify the output of a DNN as

y ⇡ F(y0), (2)

where y0 is the output feature of a DNN, y is the reference target
vocoder parameter, and F(·) is the transformation function.

For adaptation, the AVM is first used to predict a sequence
of vocoder parameters given a sequence of linguistic features
extracted from adaptation material. Then, a transformation
function is built based the parallel data: predicted vocoder pa-
rameters and reference vocoder parameters of the target speaker.
At runtime synthesis, the transformation function is applied to
the predicted vocoder parameters of the AVM DNN to perform
feature space adaptation to mimic the target speaker’s voice.

In practice, we employed joint density Gaussian mixture
model (JD-GMM) with full-covariance matrices to implement
the transformation function, since JD-GMM is current state-of-
the-art voice conversion technique [27], and can perform feature
space mapping well.

3. Experiments
3.1. Experimental setup

In the experiments, we used the Voice Bank corpus [28] to as-
sess the performance of the adaptation techniques. 96 speakers
– 41 male and 55 female – were used to train a DNN average
voice model (AVM). Two speakers, one male and one female,
were used as target speakers for speaker adaptation. We consid-
ered two training conditions: 10 utterances and 100 utterances
of adaptation data for both target speakers. 70 utterances were
used as a development set and 72 utterances were used as a test-
ing set for both target speakers.

The sampling rate of the corpus was 48 kHz. The
STRAIGHT vocoder [29] was employed to extract 60-
dimensional Mel-Cepstral Coefficients (MCCs), 25 band ape-
riodicities (BAPs) and F0 in log-scale at 5 msec step.

We trained context-dependent hidden Semi-Markov mod-
els (HSMMs) as the baseline. The HSMMs have 5 states with
separate output distributions representing the 60-D MCCs, 25-
D BAPs, F0 in log-scale and their delta and delta-features.
The global variances are also used to refine the parameter tra-
jectories using the Maximum likelihood parameter generation
(MLPG) algorithm, and spectral enhancement post-filtering is
applied to the MCCs. Finally, separate decision trees are used
to cluster the state duration probabilities and the state output
probabilities using input linguistic features such as quinphone,
part-of-speech, phoneme, syllable, word and phrase positions.
The 96 speakers of the Voice Bank corpus are used for learning
an average voice model and the CSMAPLR algorithm is em-
ployed for adaptation [5].

hk = g(�k) · f(wk ⇥ x

T )
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That’s all - thank-you for attending !
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