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Abstract

The increase in the amount of English language learners has made using mobile apps or websites
to learn English a viable, easily accessible and widely used option by many. This work explores two
different approaches to tackle prosody training in the context of Computer Assisted Language Learning.

Both methods are applied to an exercise from a language learning app, where the learner is given
a sentence and a recording of a native speaker uttering this sentence. The learner then tries to read
this sentence and replicate the prosodic targets from the native speaker utterance. The app records
and processes the utterance, returning a feedback on how close the learner is to the target in terms of
duration and pitch. The task will be complementing or replacing the utterance from the native speaker
with an utterance in the voice of the learner.

The first approach consists on manipulating the user’s speech. It will take the learner’s attempt and
correct the pitch and duration markers through speech analysis with a vocoder-based system and a
time alignment algorithm. The second approach uses a Voice Conversion method to convert the native
speaker’s utterances to the voice of the leaner. By removing the voice difference, it is expected that the
learning process will be more efficient.

Both approaches are implemented and preliminary results are provided. A subjective evaluation
performed by a listening panel of 40 subjects is presented and a method for objective evaluation is
proposed. The results reveal that the Voice Conversion approach seems the best choice for future

development, given the VC algorithm is tailored for this specific task.

Keywords

Computer Assisted Language Learning (CALL), Prosody Training, Voice Conversion (VC), L2 Learn-
ing, Dynamic Time Warping



Resumo

O aumento do numero de estudantes de Inglés fez com que o uso de aplicacdes mébveis e websites para
aprendizagem dessa lingua se torne uma opgao viavel, acessivel e largamente utilizada por muitos.
Esta tese explora duas solugoes diferentes para o treino da prosoédia com recurso a computadores.

Ambos os métodos sao desenvolvidos tendo em conta um exercicio especifico de uma aplicacao
para aprender Inglés, em que o estudante tem acesso a uma frase e a uma gravagao de um falante na-
tivo de Inglés a ler essa frase. O estudante ouve a gravagao e |€ a frase, tentando replicar os contornos
prosédicos da gravagao que ouviu. A aplicagao avalia a proximidade do discurso do estudante relativa-
mente a gravagao do falante nativo, tendo em conta marcadores de duracao e frequéncia fundamental.

A primeira abordagem consiste em manipular o discurso do utilizador. Usando a tentativa anterior do
mesmo exercicio, o algoritmo corrige os marcadores de duragao e de frequéncia fundamental utilizando
um sistema com base em tecnologia Vocoder e um algoritmo de alinhamento temporal. A segunda
abordagem utiliza Conversao de Voz para converter a gravacao do falante nativo para a voz do estu-
dante. Ao remover as diferengas entre a voz do estudante e das gravagdes de referéncia, é expectavel
que processo de aprendizagem seja mais eficiente.

Ambas as abordagens sao implementadas em codigo, permitindo a obtengcao de resultados que
serdo avaliados subjetivamente com recurso a um painel de 40 juizes. Um método de avaliagao objetiva
também sera apresentado. Os resultados favorecem a abordagem com recurso a Conversao de Voz,

que tem maior margem para melhorias.

Palavras Chave

Computer Assisted Language Learning (CALL), Treino de Prosédia, Conversao de Voz, Aprendiza-

gem de Segunda Lingua, Dynamic Time Warping
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1.1 Motivation

English can be seen as the lingua franca of the world - it is a global language that strongly dominates
all areas of international communication. Depending on the criteria that defines an English speaker,
the more conservative numbers show 1.132 billion total speakers, from which 753.3 million (around 2
thirds) speak it as a second language (Second Language ([C2)) [9]. David Crystal goes further, giving
the astounding number of over 2000 million total speakers in 2008 [10], from which over 1600 million are
[[2] speakers, and updating it to over 2300 million [11] 10 year later, a number which keeps increasing
everyday.

It is clear that English is a very widely spoken language and that the majority of its speakers are
non native. According to the Merriam-Webster dictionary, a native speaker is a person who learned
to speak the language of the place where he or she was born as a child, rather than learning it as a
foreign language. Another approach is taken by Penycook [12], who states that a native speaker is a
"person with a complete and possible innate competence in the language”. This approach does not limit
a language nativeness to the place of birth, but instead connects it with the natural ability of using this
language, independently of how the subject came to this knowledge.

Today, the ability to produce highly intelligible English speech is a powerful tool, and a vital one due
to globalization. Because of this necessity, and to accommodate the raising number of learners, learning
English has become immensely diversified, taking the form of in-person classes, private tutorship, usage
of language learning books, online courses, computer games and even mobile apps. These last three
are examples of what is called Computer Assisted Language Learning systems [13] and its
importance in language learning is undeniable. On the last decade the role of mobile apps in specific
has increased and some language schools even use them as part of their program. It presents a
cheaper, simpler and more versatile way to learn because it can be used anywhere at any time and the
experience may be tailored to an individual user.

When perfecting a language, it is important to practice not only grammar and morphology but also
other speech related features. As speech is the simplest form of communication, mastering a language
includes the capacity of producing clear and intelligible speech. And in order to do that, it is important to
master both the individual phonetic segments (vowels and consonants) as well as the properties of sylla-
bles and larger units of speech, in other words, the supra-segmental aspects of speech, that are known
as prosody. This connection between intelligibility and prosody is highly researched [14] [15] [16] [17],
so part of the focus on systems should be prosody training. For example, a study by Laures and
Weismer (1999) [18] revealed that synthesizing speech with flattened intonation patterns significantly
lowers the intelligibility scores as compared to sentences uttered with naturally varying contours. Other
researchers [19] have related some aspects of deaf speech like difficulty in producing stress, appro-

priate pausing, and intonation with the reduction of intelligibility. Even though this connection is still



not completely defined and quantified, its existence is recognized. To achieve proficiency, in addition
to the competencies stated above, the student should master prosodic features, which include intona-
tion, rhythm, word/sentence stress and speech rate/chunking and only then fluent communication will
be achieved.

Prosody training through [CALL] systems can be done both with visual and audio feedback. A system
that would evaluate pitch and duration of a student’s utterance could give tips on where to place the
stress, where to elevate the pitch and which phones to elongate or shorten. But repetition is a key factor
on language learning [20], so listening to an utterance with the correct stress, for example from a native
professional speaker, would provide the student with a reference to follow. This is an approach taken by
ELSA Speak, a mobile app for Android and iOS that helps users improve their English accent. One type
of exercise that it offers is exactly providing the users with a written word or sentence and an audio of a
native speaker reading it, which the user reads back to the phone. The user’s utterance is scored and
some improvements are suggested with a graphic feedback, if applicable.

But what if instead of a native speaker, the student would listen to himself/herself uttering that same
sentence with the correct stress? This would potentially eliminate any distracting factor related with the
difference between the student and the native speaker’s voices, and improve the student’s focus on the
real aspects that he/she needs to improve. This is the suggestion of [21], in a study made on native
Italian speakers that were learning German as a second language, but the same concept may apply to

learning English.

1.2 Objectives

The main objective of this thesis is to explore two methods that could possibly optimize prosody training
using an app, available anywhere, at any time. The proposed methods will be developed around a
specific type of exercise from ELSA Speak app. This exercise consists of presenting a student with a
written sentence in English. The user may choose to press a button and listen to a recording of a native
speaker, ELSA’s speech artist, uttering the sentence. The student then needs to repeat the sentence
which is sent to the app’s servers, processed and a feedback is returned. There are several indicators
in this feedback, but for the purpose of this work we will be focusing on the feedback relative to the
intonation, more specifically markers like pitch and duration.

The objective of these methods is to provide the user with a reference audio with a voice close to
the user's own voice. Two different approaches will be tested. The exercise targets users that already
master the segmental aspects of the [[2]language.

The first approach will consist of manipulating the audio of the user’s attempt on this exercise, cor-

recting the pitch and duration of the phones uttered, and playing it back to the user. It will still be possible



to listen to the reference speaker recording, but the option of listening to his/her own utterance with cor-
rected prosody will be added. This will be made using a Vocoder-based system and it is intended to
be used without any pre-training and to be available to the user since the first attempt of the first ex-
ercise. It is the same concept as [21], [22] and [23], but with a different implementation designed for
real-time usage without any human intervention. It is supposed to be almost instant and with very light
computational requirements.

The second approach is intended to replace the native-speaker’s utterance by the same sentence
with the target prosodic contours, but in the user’s own voice. It requires gathering data (audio files)
from previous exercises from the user to fine-tune a pre-trained Voice Conversion model. This model
is then used to generate the reference when the user loads the exercise, in his/her own voice, without
requiring any attempt on that exercise (which is needed in the first approach). The recording done by
the native speaker will be used as source, and it is expected that his/her prosodic features will be kept.
It makes use of state of the art Voice Conversion technology and requires relatively high computational

power and long training times.

1.3 Outline

This thesis is organized into 5 Chapters. The first chapter gives a brief introduction to what motivated
this work and what objectives are expected to be accomplished. The second chapter briefly reviews
background concepts necessary for this thesis. The third chapter runs through the first approach pre-
sented on this work, using a Vocoder-based speech synthesis system and a time alignment algorithm.
The fourth chapter explores a second approach, using a Voice Conversion method. The fifth chapter
provides conclusions and discusses possible future work.

Chapter 2 is divided into three main sections. The first section starts by providing some background
on learning English as a second language, its challenges and how technology improved its process.
It also shows why it is important to practice prosody and presents ELSA Speak, the app that served
as the foundation for the solutions presented in this thesis. The second section explores the evolution
of Speech Synthesis and presents today’s solutions to produce artificial speech. The third section in-
troduces the Voice Conversion task, explains the main components and gives a general overview of
different techniques and methods to evaluate its performance.

Chapter 3 reveals the thoughts behind the first approach. It mentions all the components used to
build the algorithm and discusses their choice and how they were tested. It finishes with the evaluation
of the final algorithm, using subjective tests and proposing a method for objective tests.

Chapter 4 presents an alternative method, using a Voice Conversion technique. It explores the

requirements of the task, the choice of the algorithm and its architecture. Then, the different databases



used to train and test the algorithm are described, as well as the results that they provided. Similarly to
chapter 3, it finishes with the evaluation of the proposed model, but only with subjective testing.
Chapter 5 contains the conclusions and proposes future improvements on both algorithms, but with

special focus on the Voice Conversion solution.
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2.1 Secondary Language Learning

2.1.1 Computer-Assisted Language Learning

In the past, the evolution of pedagogical methods relied heavily on classroom experimentation, which
is an environment filled with uncontrollable variables. With the introduction of Computer-assisted Lan-
guage Learning (CALLk) systems, it became easier to control the environment of experiments, allowing
control over the exact presentation and content of materials and over user participation [24]. was
defined as “the search for and study of applications of the computer in language teaching and learn-
ing” [25], where the term computer may be broadened into containing any application of Information and
Communication Technology. The development of [CALLs can be split into 3 phases [26], each relating to

a certain level of technology and pedagogical level.

» Behaviouristic or Structural [CALLs - Conceived in the 1950s and implemented from the 1960s
to the 1980s. The main role of the computer was to deliver instructional materials to the learners,

essentially repetitive language drills, vocabulary, grammar and translation tests.

« Communicative - Used on the 1980s and 1990s, this approach contained interactivity
both learner-computer and learner-learner. It was used for activities that involved communication,

such as conversations, written tasks and critical thinking.

+ Integrative [CALLs - From late 1990s onward, after the appearance of the World Wide Web. It in-
tegrates listening, speaking, reading and writing into language learning, and adds a social compo-
nent. Teaching advanced from a structure-based manner into task-based approaches, introducing

authentic discourse and developing real social interactions, possible through a network.

is not to be seen as a substitute for language teachers, but as a complementary way that
gives easy access to a wide variety of learning materials from any device connected to the internet.
The access to these materials tends to be faster, easier and cheaper than taking in-person language
courses, or even having a language tutor. Duolingo, Memrise or Babel are good examples of learning
apps that fit into this description.

But systems kept getting more complex and their applications began to diversify, having
different tools that focus on specific aspects of language training, one example being pronunciation.
Computer Aided Pronunciation Training (CAPT) aims at detecting and diagnosing mispronunciations in
the speech of learners, and then help the learners to correct them [27]. The first [CAPT] system dates
back to 1972 and was developed by Kalikow and Swets [28]. It was a system that used visual feedback
for teaching English pronunciation to Spanish students, focusing mainly on vowels. But only after 2000
there was a real progress in[CAPT] systems. Nowadays, there are sophisticated tools that make use of

Artificial Intelligence (Al) to detect and classify mispronunciations, and give highly specific feedback on



how to correct these mistakes. Two examples of such tools are ELSA Speak, which will be described

later on, and Rosetta Stone.

2.1.2 The Golden voice

During the last three decades, many studies have suggested that[[2] students would benefit from having
a tutor with a very similar voice to theirs (see for instance [29] [30] [24] ). The reason behind this is
that by stripping away all the unnecessary information, such as the differences between the student’s
and the tutor’s voice, the student would be able to perceive more easily the differences between his/her
own accented utterances and the ideal accent-free correspondents. This is specially useful in
systems, where the student would be able to detect and correct the mispronunciations in his/her own
utterances more easily.

A study about Lexical Stress Training with [[2] German speakers [21] tested this idea. The study
consisted of having a group of 12[[2] German students that had been learning the language for several
years, read a series of texts in German, which were then evaluated. A native German speaker was
then asked to record these same texts, which were stored and analyzed in terms of pitch-contour, local
speech rate, and intensity. Half of the students was randomly selected and their recordings were man-
ually manipulated and resynthesized to match the prosodic characteristics of the native speaker. One
week later, the students were called back to listen to recordings of the same text and try to correct their
mistakes. The previously selected group listened to their manipulated utterances and the remaining
students listened to the native speaker recordings. The results were again evaluated and compared with
the initial results, which revealed a bigger improvement in the group that listened to their own corrected
utterances than on the group that listened to the native speaker’s utterances.

The study concluded that utterances in the learner’s own voice are a more effective form of feedback
for stress pronunciation training than pre-recorded reference utterances spoken by a native speaker. The
students were able to focus more efficiently on the speaker independent features, and the improvements
of their intelligibility were more evident. This process was done by manually correcting the utterances,
which is not applicable to a large scale system. But it opens the discussion for what would be the result

if this system would be applied in real-time, on an automated way and with instant feedback.

2.1.3 Intelligibility, pronunciation and prosody

Speech intelligibility can be defined as how clearly a person speaks so that his or her speech is com-
prehensible to a listener [31]. Having a good pronunciation is associated with having a high intelligibility,
but it is important to account for all factors that affect pronunciation. Often pronunciation training in

language schools is focused on improving the segmental features of speech, which may be defined as



"any discrete unit that can be identified, either physically or auditorily, in the stream of speech” [32], such
as consonants and vowels, which occur in a distinct temporal order. But mastering pronunciation also
requires the dominion over the suprasegmental features of speech, or in other words, prosody. These
features extend over more than one segment and take the form of lexical stress, pitch, rhythm and into-
nation m The process of increasing a speaker’s intelligibility may be hindered if prosody is not practiced
and mastered. The connection between prosody and intelligibility has been made and studied in several
occasions [35]. Deaf speech and neurological disorders have been linked with the lack of control of
prosody, which include difficulty in producing stress, appropriate pausing, and intonation, and leads to a

significant decrease in intelligibility.

It is then necessary to include prosody training into language learning and systems. And
knowing that these systems benefit from providing feedback to the speakers in their own voice, as pre-
sented on applying it to prosody training seems only logical. One study concludes that prosodic
manipulation is beneficial in pronunciation training, and suggests that accent conversion can be a suc-
cessful form of implicit feedback in [36]. This way it is possible to set a personal target of how
the student aspires to sound like, with his/her own voice, making the target "closer” to the student. It
may even be beneficial to add some progression to this learning process [37], by having a reference
that is adaptable to the listener as opposed to a fixed normative one. This gradual (also mentioned
as “floating” [36]) reference would be a mid point between the student’s latest attempt and the target
utterance from a native speaker (with a tendency to the latter), but in the voice of the student. Each time
the student would correct some prosody mistakes, a new temporary reference would be set closer to the

one with ideal prosodic features.

2.1.4 ELSA Speak

ELSA (English Language Speech Assistant) is a startup founded in 2015 by Stanford alum Ms. Vu Van,
and Dr. Xavier Anguera, an expert in speech recognition. ELSA’s app, which is called ELSA Speak, is a
good example of a[CAPT] system that aims at helping its users to perfect their pronunciation using deep
learning Al. Its exercises consist of asking the users to read a word or sentence, which is recorded by
the device and sent to its servers to be analysed. It returns real-time feedback on their pronunciation
mistakes, with over 95% accuracy, and gives specific suggestions on how to improve. The user may also
chose to listen to this word or sentence uttered by a native English speaker. All its targets are defined
according to the Western American English accent. ELSA Speak is available for iOS and Android and

is used by more than 10 million users in over 100 countries.

"Mastering word coarticulation can also be a difficult task for L2 speakers (see [33] [34])
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2.2 Speech Synthesis

Speech synthesis is defined as the artificial production of human speech. The first attempts at repro-
ducing the human speech with a machine dates back to 18th century, when Wolfgang von Kempelen
created his Speaking Machine. A few years later, on mid 19th century, Joseph Faber built his own talk-
ing machine, named Euphonia, inspired by von Kempelen’s work. These were early forms of a speech

synthesizer, a system implemented either in software or hardware capable of producing speech.

2.2.1 The Vocoder

On the 1930s the first Vocoder system was introduced by Bell Laboratories, invented by Homer Dudley.
A vocoder, word originated from Voice Encoder, operates on the principle of deriving voice codes to re-
create the speech which it analyses [38]. It is composed by a analyser and a synthesizer. The analyzer
receives the speech waveform as input and outputs eleven speech-defining elements, which include
pitch and 10 separate bands of the spectrum. The synthesizer receives these 11 signals and outputs
a reconstructed speech wave, similar in pitch and spectrum to the original. Between the analyzer and
the synthesizer, the decomposed signal is simpler. When applied to telephone systems, this allows for a
reduction in the range required for the transmission of intelligible speech and provides privacy, because

the signals don'’t carry speech, but only a representation of it.

On 1939, Bell Laboratories presented the Voder, also developed by Dudley. The Voder stands from
Voice Operating Demonstrator, and it uses the knowledge gathered with the Vocoder system applied to
speech synthesis. While the Vocoder is used to break down the acustic components of Human Speech,
the Voder preforms the inverse process, like the receiver mentioned above, generating artificial sounds
through commands given by a highly trained operator. The system aimed at emulating the human vocal
tract and works on the principle of formants, which are produced by resonances in the vocal tract.The

overview of the Voder system can be seen on figure 2.1]

The operator used a wrist bar to chose between two base sounds: a buzz tone - responsible for the
generation of vowels and nasals and whose pitch was controlled by a foot pedal - or a hissing sound -
responsible for unvoiced fricatives. These sounds were then passed through a set of 10 band pass filters
that the operated controlled with a keyboard, combined, and played through a speaker. There were also
extra keys for plosives and fricatives. This was a very complicated machine to operate and required an
operator to press physical buttons in order to produce the sounds, but the concept served as basis for

more advanced systems.
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Figure 2.1: Schematic circuit of the Voder. Taken from [1]

2.2.2 Vocoder using Source-Filter model

The speech signal may be represented by a source-filter model, where the source is the vocal folds (or
vocal cords) and the filter is the vocal tract (seem fig[2.2). The vocal folds produce the periodic sound,
characterized by its intensity and frequency, which result in the perceived loudness and pitch. The vocal
tract provokes resonances which generate the formants. The tongue, lips and throat originate hisses
and pops, which are responsible for the production of the plosives and fricatives. By decomposing the

speech into this two separate components, they can be modeled independently.

=I_4.~
-

B G
output periodic variable output
sound signal filter sound

vocal
folds

Figure 2.2: Representation of the vocal folds and vocal tract as a source-filter model. Taken from [2]

On the basis of this simplification, it is possible to produce a system that substitutes the human
anatomical features responsible for speech production by components that can be electronically mod-

elled and controlled, thus producing synthesized speech. The lungs are replaced by a DC source, the
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vocal folds by an impulse generator for the voiced sounds and the vocal tract by a filter. A noise gen-
erator will produce the unvoiced sounds, assuming the role of the tongue and lips. On the case of
human speech, voice and unvoiced sounds are mixed in different proportions and amplitudes through-
out the speech, which could be represented by two potentiometers mixing both sources. To simplify the
model, these two potentiometers are replaced by a switch that selects either the voiced or the unvoiced
excitation.

To build a vocoder using a source filter model, it would required four main components:

+ Pitch Analysis - Detection of the fundamental frequency

» Voiced or unvoiced decision - A voiced sound happens when the vocal folds vibrate and produce a
pitched sound in resynthesis, as with the production of vowels. An unvoiced sound does not have

a defined periodicity and is associated with plosives and fricatives.

 Spectral Envelope analysis - It requires a filter to estimate the formants, which would replace the

set of band pass filters seen in the early Vocoder technology.

» Amplitude Analysis - To determine Gain (or amplification factor) of the model

In this model, the filter will be responsible for simulating all the resonances from the vocal tract. So
in order to produce such vocoder system, it is first necessary to find the filter coefficients, which may
be done using This process provides the Linear Prediction Coefficients, which are not directly
interpretable. But these may be converted to pairs of Line Spectral Frequencies (often called Line
Spectral Pairs), which will resemble to the formants.

It is important to note that this is all done under the assumption that the waveform is completely
separable into a source and a filter, which may be an oversimplification. Also, in order to predict the
Linear Prediction Coefficients, the source is assumed to be very simple, with a flat spectrum, which
means that the filter takes responsibility for all the spectral shape of the output sound. Nevertheless, this
method still produces speech with some level of intelligibility.

The [CPC] Vocoder was improved extensively over the years in obtain a more natural generated
speech. This was mainly done by introducing changes to the source, or in other words, by changing
the excitation of the filter from an impulse train to more complex signals. A few systems may be men-

tioned:

» Residual-Excited Linear Prediction (RELP), uses the Residual as the excitation signal instead of
an impulse train. The residual is obtained a process called inverse filtering, which consists of
subtracting the predicted spectral envelope from the speech signal, and obtaining the remaining

signal, which is the residual.

» Code-Exctited Linear Prediction (CELP), uses a fixed codebook as the exitation signal
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Figure 2.3: Basic model of an [LPC] Vocoder, using the 4 main components: Pitch Analysis to determine the char-
acteristics of the impulse train; Voiced/Unvoiced Decision to select the source; Amplitude Analysis to
determine the Gain; Spectral Analysis to model the LCP Filter. Adapted from [3]

+ Mixed-Excitation Linear Prediction (MELP), adds 5 features to the standard [[PC] including mixed
excitation, aperiodic pulses, adaptive spectral enhancement, pulse dispersion, and Fourier magni-

tude modeling.

2.2.3 Modern Speech Synthesis Systems

Today, the systems that decompose and re-synthesize speech are not just used as a way of compressing
the speech signals and transmitting them in a faster, cheaper and more robust way. The fact that the
acoustic features of speech can be translated into data opens the door to the manipulation and treatment
of this same data, which can later be synthesized into speech that is different from the original. This
is the backbone of the modern Text-to-Speech (TTS) systems that are used everyday on our mobile

devices, phone answering machines, home assistants, and the list goes on.

2.2.3.A Concatenative Speech Synthesis

It is important to mention that the approach taken when developing the Vocoder is not the only
one possible. Instead of factorizing speech into components that are connected to the way the hu-
man body produces speech, Concatenative Synthesis crops the speech signal into very small temporal
segments and re-synthesises speech by splicing these small units according to a complex set of rules.

Signal processing techniques are also applied in order to smoothen the concatenation boundaries and
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to superimpose the prosodic targets when using smaller segments. This achieves very good results,
provided that the datasets used contain thousands of recorded sentences, the quality of the recordings
is high, and that these recordings are made by a trained professional speaker. The speech database
can have speech units of different sizes such as phones, diphones, syllables, words or sentences. If
the system uses larger units, the synthesized speech will sound more natural, but it will require much
larger datasets. On the other hand, a system that uses smaller units like diphones, requires a smaller
dataset but demands more digital signal processing to introduce the desired prosody on the synthesized
speech [39], using techinques such as Pitch Synchronous Overlap and Add [40] and its vari-
ations. These systems are developed specifically for a set of voices and require a lot of engineering to

perfect, which is a high effort and high cost task.

2.2.3.B Atrticulatory Speech Synthesis

While synthesis by concatenation generates speech by joining parts of pre-recorded speech, an alterna-
tive approach generates speech from scratch. In order to do this, it requires either physically modeling
the human tract, or modeling the speech signal itself. An example of the former would be the model
developed by Chiba and Kajiyama on 1941 [41], which was able to produce vowels. To do this, it used a
series of tubes designed after the different shapes that the vocal tract assumed to produce these same
vowels, but it wasn’t able to produce consonants.

In the past, the progress of progress in articulatory synthesis has been hindered due to the lack of
adequate data on vocal tract shaping [42]. With the usage of X-ray imaging and later Magnetic Reso-
nance Imaging (MRI) technology it was possible to expand the knowledge on the vocal tract movements
that produce human speech, and it was possible to model these movements with more detail [43]. In
order to produce speech, an articulatory speech synthesis system would need to integrate elaborate
and realistic models of the vocal tract [44] [45] [46], the vocal folds [47] [48], aero-acustics [49] [50] [51]

and articulatory control [52] [53].

2.2.3.C Parametric Speech Synthesis

Even though articulatory speech synthesis as seen extensive research [43] and it is still being actively
improved [54], the high complexity of these systems leads to worse results than alternative approaches
that model the speech signal. These models focus only on how human-like the output sounds, without
making deeper claims that the model is a true model of the human speech production.

Nevertheless, some inspiration is still drawn from how human produces speech. As previously stated,
human speech is produced as the result of individual parts of the human body, such as the tongue, the
lips, the vocal folds and the shape of the vocal tract, combined together, which implies that speech is

composed by a number of processes running concurrently. To model this, the components need to be
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separated to some degree and controlled separately. The current models of these parametric vocoders

encode speech into the three following components, according to a given time frame:

» Spectral Envelope - Contains the formants originated by the shape of the vocal tract . Perceived

as the overall timbre.
» Fundamental Frequency - Rate of vibration of the vocal foals. Perceived as the pitch.

* Non periodic Energy - Associated with the fricatives.

Usually, these components are expressed in numbers, and vectors of numbers, taken at fixed inter-
vals of time, for example at each 5ms. Once it is in this form, the data can be manipulated for purposes
such as Voice Transformation (VI) or analysed for detection of illnesses or emotional states. These
coded representation of the waveform can also be used together with the text they represent to train
TTS systems, without needing to actually store the original waveforms. Later, when the model is trained,
it can receive text as input and output the predicted coded representations of the waveform. These

representations can then be used by a waveform generator to output artificially generated speech.

2.2.3.D Neural Vocoders

While the decomposition of speech into these parameters mentioned above are still the state of the
art in the feature extraction, there are new methods to perform waveform synthesis that provide more
natural speech. Parametric vocoders tend to approximate the human mechanism to produce speech
under certain simplified assumptions and the audio generated by them tends to be buzzy or robotic. To
overcome these limitations, a new generation of vocoders was introduced.

Since the introduction of WaveNET [55], neural vocoders have gradually became the most common
vocoding method to generate waveform audio, achieving increased audio quality of generated speech.
These systems are data driven and they do not assume any mathematical model, which appears to be
a solution to some inherent problems of the parametric vocoders. One downside is that these models
require big amounts of data and take very long to be trained. This is a hindrance, specially because
it is still difficult to make a universal system that is able to generate any voice, even though some
attempts already achieve good results, like WaveGlow [56] and Universal Vocoder [57], and fine-tuning
the algorithm every time the speaker changes is very time-consuming. Also, the inferences take long to
run, making them not suitable for real-time applications.

On the training phase, these models receive two kinds of input files: waveforms and some interme-
diate representations of speech extracted from these waveforms. These representations may be, for
example, the 3 components of speech (Spectral Envelope, [EQl and non periodic energy) extracted by
a parametric vocoder. It then proceeds to establish a connection between these representations and

the waveforms they refer to. On the synthesis phase, the model receives the speech representations
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as input and outputs the predicted waveform. Even though it is a recent technology, it is being widely

researched and there are several algorithms already developed that provide very high quality audio [58].

2.3 Voice Conversion overview

Voice Transformation is the term used to designate the various modifications one may apply to human
speech. It aims at modifying one or more aspects of the speech signal while retaining its linguistic
information. [VT] approaches can be applied to perform tasks such as changing the emotion conveyed
through speech, improving the speech intelligibility of speech or changing whisper/murmur into speech,
without modifying speaker identity. Voice Morphing and Voice Conversion (VC) are two tasks derived
from Voice Transformation that also retain linguistic content but change the identity of the speakers. The
first blends the voices of two speakers creating a third virtually new speaker. The latter is the study that

deals with the conversion of the perceived speaker identity.

2.3.1 Obijective of the Voice Conversion task

The objective of Voice Conversion is to modify a portion of speech from one speaker, the source speaker,
so that it sounds as if it was uttered by a second speaker, referred to as the target speaker. In other
words, modifies speaker-dependent characteristics of the speech signal, such as formants, funda-
mental frequency, intonation, intensity and duration, in order to modify the perceived speaker identity,
while keeping the speaker-independent information (textual contents) unchanged. There are several
applications for this kind of task, including safety related usage (to disguise a speaker’s identity), voice
reconstruction, entertainment and even translation or accent reduction. Evaluating this task constitutes
a challenge by itself. It is very difficult to classify whether or not a [VCltask was performed successfully
since the identity of the speaker and the perception of the quality are highly subjective. Nevertheless,
today is a significant aspect of [All and benefits greatly from the increase computational power now
available.

To further understand what is involved in the [VCltask, it is necessary to first understand what consti-
tutes the speakers identity and how to decompose and analyse all the information included in speech.
Speech conveys a information through different means, that according to John Laver can be categorized

into the following three distinctions [59]:

+ Linguistic behaviour - Coded, informative and communicative. Uses the dual-level code of spo-
ken language made up of the phonological (audio) and grammatical (text) units, which can be

descibed as follows:
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— Grammatical unit - Connected with morphology and syntax, reflected in sentence structure,

lexical choice, and idiolect;

— Phonological unit: Segmental factors - related to short term features, such as spectrum

and formants.

— Phonological unit: Supra-segmental factors - Related with the prosodic characteristics of

a speech signal, including intonation, tone, stress, and rhythm.

+ Paralinguistic behaviour - Coded, informative and communicative. It is non-linguistic and non-

verbal and communicates the speaker’s current affective, attitudinal or emotional state.

 Extralinguistic behaviour - Non-coded, non-informative, but communicative. It is what remains
from the speech signal that doesn't fit into the Linguistic and Paralinguistic behaviours. It retains
information about the identity of the speaker, particularly with respect to habitual factors such as

the speaker’s voice quality, the overall pitch and loudness.

With the Grammatical unit (textual content) fixed, an effective Voice Conversion task is expected
to convert not only the Extralinguistic and Paralinguistic behaviour, but also both segmental and supra-

segmental factors of the Linguistic behaviour, which are relevant factors concerting speaker individuality.

2.3.2 Pipeline of a typical Voice Conversion system

Conversion
Model
Training Phase

Conversion Phase

Source Speech Analysis and ] \( Mapping and s . | Converted Speech
; > . ynthesis
Feature ExtractlonJ L Transformation

Figure 2.4: Overview of the flow of a typical Voice Conversion system, divided intro the training and conversion
phases

Source Speech [ - ) (
> Analysis and

Target Speech | Feature Extraction
\ J

Training

Y VY

There is a wide range of algorithms designed to perform a[VCltask, which have different requirements
and different purposes. But there are a set of steps that are common to the majority of these algorithms

and produce a simplified pipeline that can be seen on the figure[2.4] These components are:

» Analysis and Feature Extraction - Estimation of the parameters that represent the acoustic fea-
tures of speech, as mentioned in the previous chapter. This is applied to the audio files containing

both the source’s and the target’s speech.
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 Training - Receives the features extracted from both the source and target speakers and attempts
to represent the relation between similar features of both. Outputs a conversion model, or a map-

ping function, with the perceived correspondences between each set of features.

» Mapping and Transformation - Performs a process similar to the one on the training phase to
map the features of the source speaker into the representations from the conversion model, and
performs the transformation of these features using the mapping function. Outputs the converted

features.

» Synthesis - Receives the converted features and attempts to reconstruct the waveform audio

containing the text originally uttered by the source speaker but with the voice of the target speaker.

2.3.3 Parallel vs Non-Parallel

The[VClframeworks can be split into 2 broad groups according to the nature of the data they use to train
the models, having on one side the algorithms that use parallel speech corpora and on the other side
those that use non-parallel speech corpora.

On a parallel speech corpus, all the speakers record the exact same sentences. These corpora
are more difficult to construct and usually restrict the applications of the algorithm. During training,
the conversion model captures the correlation between source and target speaker and examines their
acoustic correspondences or dissimilarities.

A non-parallel training corpus is built from different utterances uttered by different speakers. This
means that Voice Conversion models that require this kind of corpus may be employed where it is
impossible to record the same utterances for all speakers, making them more versatile. Usually, these
algorithms are not fundamentally different, and instead include additional steps to adapt to the non-
parallel dataset. There are two general approaches to this problem. The first one consists of factorizing
the linguistic and speaker related representations carried by acoustic features and transforming only the
speaker related representations, which are then concatenated with the original linguistic features from
the source to generate the output. The second approach attempts to train an Auto Encoder model in
speech reconstruction and enforce speaker independence in the latent representations. Such latent
features are then concatenated with speaker dependent representations in a similar way to what the first

approach does with the speaker independent representations.

2.4 Evaluation Methods

Evaluating a Speech Synthesis system is a complex task on its own. Although there are different meth-

ods to evaluate the performance of these systems, there is no universal guidelines on how to proceed.
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Nevertheless, these evaluations are necessary to compare new systems with their alternatives and to
guide future development. The evaluation o speech synthesis systems is usually made according to 2

main aspects:

» Speech Quality - Describes the quality of the generated speech in terms of naturalness and

audible artifacts.

» Speech Intelligibility - Measures the intelligibility of the generated speech.
When referring to the VC task in particular, a third aspect needs to be added:

» Speaker Similarity - Quantifies how close the voice of the converted speech sounds to the voice

of the target speaker.

Some other minor aspects may be evaluated, specially when the tests are performed on specific
components of the systems. This evaluation may be done through objective or subjective methods.
The most common objective evaluations methods include the Mel-cepstral distortion (MCD) [60] for
evaluating the spectrum, and Pearson Correlation Coefficient (PCC) [61] and Root Mean Squared Error
(RMSE) [62] to evaluate prosody. But objective evaluations do not necessarily correspond to human
judgments. So, in most studies, subjective evaluations are preferred. They consist of asking human
listeners, referred to as subjects from here on, to assess the perceived performance of the Speech
Synthesis algorithms by presenting them with utterances generated through these algorithms and in

some cases, other references. Some of the most used methods are mentioned below.

2.41 MOS

The mean opinion score (MOS) is the most common test used to rate speech synthesis systems, al-
lowing the ranking of different algorithms. The evaluation is done according to a 5-point Likert scale
grading, divided as follows: 5=excellent, 4=good, 3=fair, 2=poor, 1=bad. The mean is then calculated

and presented, usually associated with its 95% confidence interval.

2.4.2 CMOS

The Comparative MOS (CMOS) is a comparative test where the subjects are asked to chose how one
speech sample compares to a baseline, for example in terms of audio quality or speech intelligibility.
The subject listens to the two speech samples and rates usually on a scale from 1 to 5, according to
the instructed metric, if the former (new method) is better or worse than the latter (baseline). The scale
may divided as follows: 5=definitely better, 4=better, 3=same, 2=worse, 1=definitely worse. The average

is then computed, also including the 95% confidence interval. It may be presented as is or inside the
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interval [-2,2], where 0 means both techniques are similar, positive means that the technique is better

than the baseline, and negative means that its worse.

2.4.3 AB test

On the AB test, the subjects are presented with 2 speech samples. After listening to both samples, they
chose which one is preferred according to the instructed metric. The neutral option may be given to
avoid a forced random choice in case there is no clear preference. The order effect is counterbalanced

by using both A—B and B-A pairs.

2.4.4 ABX test

Similar to the AB test, but with an added reference. The subjects are asked to listen to the sample A,
sample B and the sample X. Usually, sample A and sample B are generated by two alternative systems
and sample X represents a target for the system. The subjects need to chose whether A or B is more
similar to the sample X, according to the instructed metric. The neutral option may be also given for the

same reason as the AB test. The order effect is counterbalanced by using both A—B and B—A pairs.

2.4.5 Thurstone’s Paired Comparison

The Thurstone’s Paired Comparison [63], or Pairwise Comparison consists of asking the subjects to
choose the stimulus, or item, in each pair that has the greater magnitude on the choice dimension they
were instructed to use. Each subject is presented with the same full set of choices and is not offered
the indifference choice, meaning it is a binary choice test. All combinations excluding the same stimulus
pairs are presented to the subject and the order effect is counterbalanced by using both A-B and B-A
pairs. The result of all the choices represents a preference score for each item, resulting of the number
of times the subject preferred one item to other items. When the subject prefers the stimulus 1 over
the stimulus 2, it is denoted by p;~-, and when the choice is the opposite we have p,~;. This value is
between 0 and 1, meaning that 0.50 would be the intermediate point where the choices of each of the
stimulus over the other are in equal number for both stimulus.

The result of this test is calculated through the law of comparative judgement:

S1— Sy =12 \/f'fl2 + 092 — 2roi09

Where:
S — S5 is the psychological scale value of the two compared stimuli. It is positive in case the stimulus

R, is preferred over the stimulus R, and negative if the opposite happens.
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x12 - the sigma value corresponding to the proportion of judgments p;~.. When p,5 is greater than
.50 the numerical value of =15 is positive, and it is negative otherwise.

o1 - discriminal dispersion (same as standard deviation of its distribution) of stimulus R;

o4 - discriminal dispersion (same as standard deviation of its distribution) of stimulus Rs

r - correlation between the discriminal deviations of R; and R, in the same judgement.

2.4.6 MUSHRA - Multiple Stimuli with Hidden Reference and Anchor

The MUSHRA methodology [64] (MUItiple Stimuli with Hidden Reference and Anchor) of perceptual
testing was initially developed to evaluate audio codecs, but it has been found to be very powerful at
detecting differences between speech synthesis systems [65] [66] [67].

This methodology consists of allowing the subjects to switch at will between the different stimuli from
the different systems being tested and a reference utterance labeled as such. The recommendation [64]
specifies a hidden reference and low and mid-range anchors should be added. These anchors will serve
to calibrate the scale so that minor artifacts are not unduly penalized and typically result of a 7 kHz and
a 3.5 kHz low-pass version of the reference, when evaluating audio coding. In the case of speech
synthesis systems evaluation, these anchors are difficult to attain, and they are usually dropped so only
the hidden reference is used, mixed with the actual stimuli from the systems in test.

The subjects evaluating the audio are asked to rate the stimuli on a scale from 0 to 100, and all the
different stimuli should contain exactly the same utterance. In case the subject classifies the hidden
reference with a score lower than 90% on more than 15% of the test items, the evaluation should not
be considered. The utterances should be shorter than 10s each test shouldn’t contain more than 12

(including references and anchors), to avoid the subject’s fatigue.
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3.1 Introduction

The objective of this thesis is to propose an algorithm that presents the user with a goal utterance in
his/her own voice. The user can then use it as reference to perform a language learning exercise, as
specified in section

The first approach that was adopted consists of taking the user’s audio containing the exercise utter-
ance and manipulating it through signal processing to produce the target. This allows the introduction
of the gradual reference [36] that will change at each iteration, as alternative to a voice conversion
algorithm which will produce a single static target, no matter how the user utters the sentence.

This approach is named Pitch Transplant because of the way the output is generated. In broad
terms, it is built by fusing the user specific features with the scaled and aligned pitch contour of the audio
from the reference. It is aligned through a[DTW| algorithm with specific restrictions so that the produced
utterance is close to the target, but doesn’t contain significant distortion.

The algorithm was designed to perform the pitch transplant end-to-end. It receives two audio files as
input, one from the user and another from the reference, and outputs a single audio file containing the
re-synthesized audio of the user with the corrections on pitch and duration contours.

The input audio files need to obey to the following restrictions:

— Format: wav

Sampling rate: 16KHz

— Bitrate: 16 bits/sample

Channels: 1 (mono)

The Speech-Server will return the alignment at the phone level of both the reference utterance and
the user’s utterance. This exercise is expected to only be available to users that already have a good
level of English, in terms of phonetics, and consists of uttering a sentence that is shown in the screen.
To guarantee that the phone sequence from the users’ utterance is exactly as expected for each specific
sentence, the audio and the text are force-aligned using technology form ELSA.

The outline of the Pitch Transplant algorithm is presented on image First, both utterances are
normalized in terms of volume and the audio and text are aligned, which provides the information of
which frames correspond to the beginning and end of each phone. Then, a feature extraction process
provides the [EQl contour, the spectral envelope and the aperiodicity for each utterance. The utterances
are both aligned on the phone level with a[DTW| algorithm, using the features previously extracted. The
[FQl contour from the reference is scaled to match the user’'s[F0land aligned, and it is used together with
the user’s aligned spectral envelope and aperiodicity to produce the transplanted audio.

The code of the Pitch Transplant algorithm was all written in Python. The original implementation of

the WORLD algorithm is written in C++, so a Python Wrapper was used [68].
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Figure 3.1: Outline of the Pitch Transplant Algorithm. The thicker lines represent data from both the reference’s and
the user’s utterance.

The first section of this chapter introduced the Pitch Transplant Algotihm. The second section will
present an overview of WORLD [4], DTW] and the [EQ] scaling function, which are the minimum modules
required to establish a working baseline. Third section shows the datasets used to test the Pitch Trans-
plant algorithm, together with their purpose and how they were constructed. The forth section describes
all the work put into fine-tuning the parameters of the WORLD methods, tweaking and refining the DTW|
algorithm, and adding extra methods to improve the overall result of the Pitch Transplant. It also includes
some comments to the implemented methods and presents some other methods that were tested but
did not improve the results and were consequentially abandoned. The last section presents the results

of the final version of the Pitch Transplant, which was evaluated by 40 subjects through an online survey.
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3.2 Algorithm

3.2.1 WORLD

WORLD is a vocoder-based high-quality speech synthesis system [4] that allows the easy manipulation
of speech and meets the requirements of high sound quality and real-time processing. In this work,
the latest version available of WORLD was used, having received its last major update in 2018. This
same version was used as part of the baseline model of 2020’s Voice Conversion Challenge [69]. Its
results are better than any other similar vocoder-based system to this date [70], it does not require any

training, and its processing time is very reduced, making it compatible with the requirements for the Pitch

Transplant.
Synthesis

Fundamental Frequency (F0)
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Figure 3.2: Overview of WORLD, including the methods for estimation of the 3 speech components, Fundamental
Frequency, Spectral Envelope and Aperiodicity. Adapted from [4].

WORLD can be divided into 2 main stages: feature extraction and synthesis. Feature extraction in
WORLD is carried out by three modules that run in sequence and extract three speech parameters. The
synthesis stage performs the inverse process, joining the 3 speech components to produce a waveform

signal containing speech.

3.2.1.A Harvest - Fundamental Frequency Estimator

The first module used in WORLD is called Harvest and outputs the [EQ contour of the input file. It
consists of two steps: estimation of [EQl candidates and generation of an[EQlcontour on the basis of these

candidates [5].
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The module starts by passing the input waveform through a series of band-pass filters with different
center frequencies to obtain basic [FQl candidates. These basic [EQ| candidates are then scored and
refined, resulting in a number of [EQl candidates estimated for each frame. Because this is a frame-
by-frame process, there are frames where it is not possible to estimate a [EQ| candidate due to high
temporally local noise. In order to overcome this problem, a smoothing algorithm that uses the
values from neighbouring frames is applied.
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Figure 3.3: Outline of the first step of Harvest. Taken from [5]

The second step of this algorithm is responsible for selecting the best[FQl candidates. Since voiced
speech is a quasi periodic signal, it does not change abruptly within a short interval, so all the [EQl
candidates that represent rapid changes are removed. Short voiced sections with duration below a
given threshold are also removed and classified as unvoiced, as they most likely represent noise with a
short period continuous [EQL Then, each voiced section is expanded by verifying if [EQl candidates from
adjacent unvoiced sections are within an interval of +18% (value tuned by the authors), in which case
they are selected and expanded as voiced sections. After this expansion another run removes the short
voiced sections and selects the [EQl with higher average reliability score where there are overlapped [EQI
contours.

One of the aims of the Harvest algorithm is to ensure that no voiced sections are marked as unvoiced,
so in the last step all unvoiced sections smaller than 9ms are classified as voiced and their [EQ] contour
is estimated by interpolation. The final result is smoothed by a zero-lag Butterworth filter and all the [FQs
of unvoiced sections that were padded in the boundaries are reset to 0, resulting in the output of this
algorithm.

In the code, the Harvest algorithm is implemented in a function that receives as argument the wave-

form signal, the sampling frequency, and 3 parameters:

— f0_ceil - Maximum value of [EQlin Hz (default = 800.0Hz)
— f0_floor - Minimum value of [EQlin Hz (default = 71.0 Hz)
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— frame_period - Period between consecutive frames in ms (default = 5.0 ms)

On the baseline version of the algorithm, the maximum and minimum values of [EQl were kept default
and the frame period was set to 10ms, to match the default interval of text and audio alignment software.
These values were later fine-tuned using results from the users’ utterances, which will be described on
section

The function returns an array containing the estimated [EQ| contour and another array of the same
dimension containing the temporal positions of each frame where the [F0l was estimated. This array will

be useful for the remaining feature extraction that will be carried out by WORLD.

3.2.1.B CheapTrick - Spectral Envelope Estimator

The second module used in WORLD is called CheapTrick. Its goal is to output a temporally stable
spectral envelope, given the [EQl contour (calculated with Harvest) and the audio file. This is the speech
component that weights more on the DTWIs alignment, although it is stacked with the aperiodicity com-
ponent for added precision.

The algorithm consists of three steps: [EQladaptive windowing, smoothing of the power spectrum,
and a liftering process for smoothing and spectral recovery. Cheaptrick begins by sweeping the signal
with a Hanning window with the length of three times the fundamental period and with a power at woHz
30dB lower than that of the main lobe (OHz) [71]. In the second step, the power spectrum obtained is
smoothed, by way of a simple filtering with a rectangular window, to ensure that it has no 0s. This is
necessary because the third step uses a logarithmic power spectrum and the presence of 0s would lead
to the presence of —oo and cause a fatal error.

The third step consists of preforming a liftering in the quefrency domain. It is carried out by a sinc
function and it allows the removal of the time-varying component that may be present in all frequencies
due to discretization. Simultaneously to this process, the spectral recovery is carried out on the basis of
consistent sampling theory [71].

The authors tested the method extensively since its development and compared it with alternative
methods that also estimate the spectral envelope. The results of MUSHRA subjective tests reveal that
the quality of re-synthesized audio obtained with Cheaptrick is very similar to TANDEM-STRAIGHT [72]
[73] and STAR [74] methods, all scoring above 90 points. But Cheaptrick outperforms the alternatives
in terms of robustness. Tests were made with Thurstone’s Paired Comparison using audios generated
with original value of [EQl 0.75EQl and 1.25EQ] resulting in a total number of 108 stimulus pairs. Ten
subjects were instructed to select the stimulus with the highest sound quality and the results revealed
that Cheaptrick was 10% better than TANDEM-STRAIGHT and 35% better than STAR. It is also more
robust to additive noise and [EQl error. On an objective test that consisted of using a periodic impulse

train with a standard [EQ]and adding white noise or [EQl error between -20% to 20%, Cheaptrick managed
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Figure 3.4: Overview of Cheaptrick Method. Taken from [6]

to keep the time varying component and the estimation error lower than both the other two methods. It

is also the fastest of the tested algorithms, which adds to its desirability.

The function that implements CheapTrick in the code receives as input the waveform signal, the

sampling frequency, the [EQl contour, the temporal array returned by Harvest, and 3 optional parameters:

— q1 - Spectral recovery parameter. This value was tuned by the authors of WORLD and it is advised

to keep it in the default value of -0.15
— f0_floor - Lower[EQ]limit in Hz.

— ft_size - FFT size to be used. If this parameter is kept at default value - 'None’ - the FFT size is

computed automatically as a function of the given input sample rate and[EQ]floor.

This function outputs the 513-dimensional spectral features which makes it difficult to interpret, as
opposed to the output of the Harvest algorithm. This means that its output can only be tested by re-

synthesizing the audio and verifying it against the original audio.

The audio produced with cheaptrick has a very decent audio quality, accounting for the speed with
which the whole algorithm runs. With good recording conditions (High Signal-to-Noise Ratio (SNR)), the
synthesized audios have very similar quality to the original ones, and artifacts were rarely added. The

performance with real user’s audios will be further discussed in section (3.4
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3.2.1.C DAC LoveTrain (Definitive Decomposition Derived Dirt Cheap) - Band-Aperiodicity esti-

mator

This is the last module to run as part of the feature extraction from WORLD. lts purpose is to extract the
aperiodicity of the speech signal which is defined as the power ratio between the speech signal and the
aperiodic component of the signal [75]. To achieve this, D4C uses a group-delay-base parameter, which
forms a sine wave of [EQl Hz from arbitrary periodic signals with a fundamental period of T0. The power
ratio between this sine wave and the other frequency components will correspond to the aperiodicity and
the band aperiodicity can be obtained by limiting the frequency band used for this calculation.

The latest version of D4C, called D4C LoveTrain, which is used in this work, contains an added last
step. D4C occasionally gives a low value in the lower frequency band, and as a result, the periodic
component is perceived as the noise. This step identifies the voiced/unvoiced segments and gives
the aperiodicity value of 1.0 in the whole aperiodicity band. This way, the whole component of the
spectral envelope comes from the aperiodic component, even if the frame contains an avoiding the
degradation of the resulting waveform.

As with the previous 2 modules, the authors tested the algorithm extensively and made comparisons
with the alternative aperiodicity algorithms including: STRAIGHT and TANDEM-STRAIGHT. Subjective
evaluation included a MUSHRA evaluation that was done in 40 audios uttered by two male and two
female voice artists, using the STRAIGHT [EQl and spectral envelope estimation and changing only the
aperiodicity estimator. Sixteen subjects rated the audios synthesised with D4C with the highest sound
quality. Also objective testing to analyse the impact of AM modulation of vocal cord vibration, additive
noise and [EQ estimation error, similar to the tests made for Cheaptrick, revealed that D4C was more
robust and generated a closer estimate than the alternatives.

D4C provides a way to remove any segment that was misclassified as voiced during the [FQl contour
estimation. This is done by going through the frames and verifying if the aperiodicty for a given frame is
above 0,5. If is is, this frame will be assigned a zero[EQl value, like the other unvoiced frames, correcting
the Voiced/Unvoiced classification. This way it is possible to get the best possible [EQl value estimation
from Harvest, complementing it with the Voiced/Unvoiced classification from the D4C to produce an
optimum result.

D4C is implemented in a function that receives as arguments the waveform signal, the [EQ] contour,

the temporal array returned from Harvest, the sampling frequency and 3 parameters:

— ¢l - Spectral recovery parameter, also tuned by the authors and left with the default value of -0.15.

— threshold - Threshold for aperiodicity-based voiced/unvoiced decision, in range 0 to 1 which

changes as following:

1. threshold = 0: voiced frames will be kept voiced, similar to older versions of the algorithm
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2. 0 < threshold < 1: some voiced frames can be considered unvoiced by setting their aperiod-

icity to 1 (thus synthesizing them with white noise)

3. threshold = 1: all frames considered unvoiced
— fft_size - FFT size to be used, similar to Cheaptrick.

The default values were kept unchanged on the baseline version of the Pitch Transplant algorithm.
The module returns the 513-dimensional aperiodicity features, which again are difficult to interpret,
making the analysis of the re-synthesized speech the only way to evaluate the performance of this
module. As with cheaptrick, it produced very good results when audio files with high [SNBl were used.
Lower [SNRI audio files still produce an acceptable result, but with a noticeable deterioration as will be
discussed in section

3.2.1.D Synthesis Algorithm

The second stage of WORLD consists of synthesizing an audio file from the 3 components obtained in
the first stage: [EQl contour, spectral envelope and band aperiodicity. This algorithm calculates the vocall
cord vibration in the basis of the convolution of the minimum phase response and the extracted excitation
signal. The computational cost of this operation is lower than the synthesis algorithm of STRAIGHT and
TANDEM-STRAIGHT and the output waveform is the most similar to the input waveform, according to
the authors [4].

In this case, as opposed to the previous algorithms, there aren’t any parameters to be changed,
and the function only receives the 3 components containing the extracted features and the sampling

frequency and outputs the waveform signal.

3.2.2 Dynamic Time Warping - DTW
3.2.2.A Introduction

The [EQ] transplant that is described throughout Chapter 3 consists of extracting the [EQl contour from
a reference utterance, which is considered as ideal, and forcing it into the audio uttered by the user
trying to replicate the same sentence. A problem with this is that different acoustic renditions of the
same speech utterance are seldom realized at the same speed, originating high fluctuations between
each of the user’s attempts and between those and the reference audio. This becomes a bigger issue
when running the Pitch Transplant in long sentences, where silences between words are important and
add prosodic value. So, the [EQl can not be directly and naively replaced without making the proper
adjustments. A non-linear wrapping mechanism is required which will shrink or extend each segment

accordingly, for the [EQ] contour to have the closest possible match to the recipient waveform.
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To preform this alignment, the [DTW] algorithm was chosen. [DTWlis a well-known algorithm widely
used in many areas. It was introduced in 1958 and applied to speech processing for the first
time in the 70s [77]. Since then, several time alignment algorithms were proposed, including much more
complex architectures, but[DTWIis still hard to beat to this day. [78]. Even though it may be out-preformed
in terms of accuracy in specific applications, it is usually at the cost of a very high computational power
requirements and the improvement is not very significant. Due to the restrictions of this problem,

where the alignment needs to be done in very few seconds, DTW|seemed like the best choice.

Figure 3.5: Example of the alignment made by [DTW| algorithm to two one-dimensional arrays. Taken from

3.2.2.B The algorithm

Take the reference audio and one user’s attempt to replicate the same utterance as two different speech
patterns X and Y, respectively Chapter 4.7]. These speech patterns are represented by the features
extracted beforehand by WORLD, resulting in an array (zo, 1, ..., i, .., 1y ) @NA (Y0, Y1y s Yis oo YTy )5
each element, z; and y;, corresponding to a frame of 5ms and containing a vector of short-time acoustic
features. The durations T, and T}, are most likely not identical.

[DTWI will start by calculating a matrix containing the distances between each element of X and Y, or
in other words, the similarity between a the features corresponding to a frame z; and a frame y;. Then,
the optimum alignment will correspond to the path, ¢, in this cost matrix that minimizes the cumulative
distances and obeys to a set of restrictions. These restrictions minimize distortion, reduce computational

power and ensure the usability of the results. These are:

» Endpoint Constaints specify that the alignment must start in the first frame pair (z, yo) and finish

in the last (x1y,y1y, ).

* Monotonicity Conditions do not allow for the warping path to have a negative slope, following
the restrictions: ¢, (i +1) > ¢, (i) and ¢y (i + 1) > ¢, (7).
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 Global Path Constraints restrict the region in the matrix where the the distances are calculated

and consequentially, the optimal path is searched.

* Local Path Constraints specify the allowed jumps between each 2 adjacent elements on the
path. It is recommended [79] that the selection of the local continuity constraints should be based

on heuristics and observations that result from an experimental process.

The restrictions implemented on the [DTW] algorithm used in Pitch Transplant will be explained in
detail in section [3.4]

The [DTWI returns a variable wrap_path, containing two arrays wrap_pathx and wrap_pathy, each
of these arrays containing indexes corresponding to one of the utterances, reference or user. The

correspondence between the i*" frame from the speech patterns X and Y can be obtained by:

X (wrap_pathx (1)) < Y (wrap_pathy (7))

3.2.3 FO0 Scaling

After both utterances are aligned with the DTWI and the path is obtained, it is time to synthesize the
resulting audio with the [EQlfrom the reference and the remaining two speech components from the user.
But the [EQ] contour can not be directly used without scaling it to match the user’s average fundamental
frequency. This is particularly relevant because there is only one reference, ELSA’s speech artist, who is
female and has a high average [EQl of 228Hz, and the user’s are both male and female, with a wide range
of [EQ] average values. The average [EQ] value was calculated with 2000 audios containing sentences
longer than 3 words, using WORLD’s Harvest method.

The formula used to scale the [EQI[80] is the following:

Ouser_s e o
fofinal = o (anligned - foref) + fouser

ref

Where:

ouser_s - Scaled standard deviation of user’s [EQ]

oref - Standard deviation of reference’s [EQl

f04iignea - [EQlcontour from the reference aligned with[DTWI It is similar to the reference’s[EQlbut with
some dropped or repeated frames.

f0,es - Mean value of the reference’s [EQl

fOuser - Mean value of the user’s[F0l

It is important to note that originally the formula contained the fundamental frequency in the log
domain as well as a mean and variance adaptation of it. This happened because the features used

by the authors were extracted with the Ahocoder [81] which gives the outputs in the logarithmic scale.
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WORLD on the other hand, provides the[EQlon a linear scale, so an adapted version of the formula was
used.

Another difference from this to the original formula is the usage of a scaled user’s standard deviation.
At first, and as an attempt to conserve the user’s characteristics as much as possible, the user’s standard
deviation was kept untouched. This worked well in the cases where pitch prominence existed, but it was
put in the wrong phonemes. An issue arose where no or too low prominence was given in the sentence
and the pitch contour was flat overall. With no tool to increase this variance, the output also failed to hit
the prominence targets. The opposite was also prone to happen, with to high variance, the result would
be an audio containing unnatural speech.

To solve this issue, the user’s standard deviation was scaled according to the following formula:

Oref * fouser

foref

O-USBT‘,S -

3.3 Datasets

The algorithm described in this thesis was developed in an incremental way. Every change in the code
was followed by a round of testing to determine if the change improved or deteriorated the results.

In every round of testing, several audio files were used to verify the results. These audio files were
selected to include a fair representation of audio files from real users that the algorithm will be pro-
cessing, namely in terms of gender, diversity of L1 and diversity of recording conditions (including noise
levels and overall amplitude). To have a consistent input within all the test rounds, three pilot datasets
were created with selected audio files from real users of ELSA’s application.

The first two datasets, DS1 and DS2, were built to aid in the development of the algorithm. This
means that they needed to have enough diversity in terms of noise levels, audio quality, mean [EQl and
duration of the phonemes and silences, but no effort was made to include variability in terms of linguistic
contents. In fact, the number of variable factors of the audio files in the testing should be kept to
a minimum to extract meaningful results, so these datasets have only one exercise containing one
sentence each. They were used to test different parameters in WORLD, its robustness to different
recording conditions, the different restrictions to the DTWIalgorithm and to preform overall debugging.

The last dataset, DS3, had the purpose of testing the final full algorithm and its results were used
to perform minor tweaks and optimizations. It was only used after all the parameters from WORLD and
[DTWI were already fixed and the alignment was being done at the phoneme level. This required more
dynamic sentences with higher prosodic variability, containing for example, questions and exclamations,
as well as long silences in the middle of the utterance. This means that the utterances would be longer

and the Speech-Server would return more markers of pitch and duration to work with and evaluate.
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The first exercise contains 3 sentences, the fifth exercise contains 1 and the remaining three exercises

contain 2 sentences each. There are 10 audio files from different users from each of the 5 exercises.
The datasets are described in detail in the appendix|Al These tables contain information about gender

and the L1 of the speaker, as well as the duration of the audio and a measure of the speaker nativeness.

The sentences that correspond to each dataset are the following:

» DS1: "This is the best vest I've ever worn.”
* DS2: "Our last product launch was smooth sailing.”

- DS3
— 1: "Certainly. Would it be for this evening? What time would you like?”
— 2: "Welcome to Tasty! What name is the reservation under?”
— 3: "May | recommend the baked barramundi? It's exquisite!”
— 4: "Great. Thanks for making that change! How about adding more filters into the search
section?”

— 5: 7| am thinking about it, do you have any advice for me?”

3.4 Model Fine-Tune and Comments

On section|3.2.3] a baseline version of the Pitch Transplant algorithm was described. Using the methods
of WORLD, the [DTW] algorithm and [EQl scaling, it was possible to generate transplanted utterances, and
from this point forward, additional methods could be implemented and its results evaluated. In this
section, these methods are presented, together with tweaks to the baseline version and other attempts

that did not improve the overall results and were abandoned.

3.4.1 WORLD
3.4.1.A Harvest Parameters

The exact upper and lower limit of the [EQlused on the final version of the Pitch Transplant algorithm were
determined by taking into account values from bibliography [82] and values suggested by the authors of
Harvest. These were validated using results from tests with real users’ utterances. The validation was
made with the dataset DS1 and is described below.

An audio file was sent to WORLD, where it was decomposed in the three speech components and
synthesized back to a waveform signal. All the parameters on all the components of WORLD were kept
constant, except for the f0_ceil and f0_floor which were initialized at the values similar to the values

suggested by the authors and changed at each iteration. The result was analyzed and compared with
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the [EQ| generated by Wavesurfer. The objective was to avoid situations where the of the utterance
could not be accommodated by the estimate, either capped on the lower or upper limit, or there was [EQl
detection on non-speech segments, which is associated with periodic noise.

The starting point of the upper limit was set at 800Hz and it was lowered in steps of 25Hz. The
lower limit set at 70Hz and it was increased and lowered in steps of 5Hz. In both cases, when the next
iteration had a negative impact on the estimated [EQl in comparison with the output of Wavesurfer, the
value was rolled back 2 steps (50Hz in case of upper limit and 10Hz in case of lower limit). Mainly on
the lower frequencies, there was a significant gap between male and female speakers, which originated
recognition of [EQl in noise segments on the latter. But since gender information is not available, the
chosen limits needed to be suitable for both genders. The algorithm is not designed to accommodate
children speakers because there are no children speakers on the datasets available for testing. This
means that the upper limit of the [EQl does not need to be as high as the suggested by the authors of
Harvest. This parameter can easily be changed to accommodate children speakers in the future, if
required. The limits used on the final version of the algorithm are presented below.

— fO_ceil : 450Hz

— fO_floor: 60Hz

Once these parameters were set, the frame period was changed. Initially it was set to 10ms. This way
the frame indexes returned from the phone alignment could be used directly without any manipulation,
making it much easier to construct the aligned [EQ and preform the transplant. But testing revealed that
the frame period of 5ms produced more accurate results and outputted a smoother [EQl contour, without
having a significant effect on the running time of the algorithm. The tests were similar to the tests made
for the [EQl limits, and consisted of having a cycle that would run the algorithm with constant parameters,
except for the frame period, which assumed the values of 10ms or 5ms.

On figure there are two examples of the estimation using using Harvest, as well as the
contour estimated with wavesurfer. The estimate made with Harvest is slightly worse because, due to its
nature, many unvoiced segments were classified as voiced, which raises some problems when using it
as a standalone [EQ] contour estimation algorithm. This is corrected when Harvest is used together with

WORLD’s D4C algorithm, which produces the information of whether a segment is voiced or unvoiced.

3.4.1.B FO0 Smoothing

The last step of the Harvest module is smoothing the result with a zero-lag Butterworth filter, resetting
the padded sections to 0. When the audio signal has low noise, this results in a smooth contour.
But Pitch Transplant will be applied to noisy audio files, which will produce some undesired fluctuations
on the estimated [EQl contour. There was an attempt attenuate these fluctuations with a simple moving

average filter, followed by the removal of the padded sections to 0. But although this filter produced a
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smoother [EQl contour, it created more artifacts in the synthesized audio.

In a second attempt, a moving average box filter by convolution was implemented, also followed
by removal of padded sections. Different placements for the filter were attempted, before the spectral
envelope estimation and after the full feature extraction. The only situation where the filter did not reduce
the quality of the output audio files was when it was applied only to the [EQl estimation of the reference
utterance, after the full feature extraction. But even in this situation, there were no evident benefits of this
smoothing in the final result and tuning the size of the box was impossible because every audio seemed
to have slight benefits and drawbacks with very different box sizes (from 3 to 21 frames). Without any
recognizable pattern and no significant overall benefit, the [EQl smoothing was set aside and it is not

implemented in the last version of the algorithm.

3.4.1.C CheapTrick parameters

The only parameter that is changed in Cheaptrick is the f ft_size which was set to 1024, to match the
f0_floor of 60Hz that was used in Harvest. The reason the f ft_size was calculated instead of just letting
cheaptrick make the calculation from the f0_floor is because the same value will be used to obtain the

aperiodicity. The remaining parameters were left as default.
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3.4.1.D DA4C Parameters

The value of g1 was kept default as recommended, the f ft_size used was 1024, as in Cheaptrick, so
the only value that was changed was the threshold. To determine the value that provided optimum
results, tests were made with the DS1 dataset. These tests consisted of running the feature extraction
and synthesis keeping all conditions constant except for the threshold, which was swept from 0 to 1 in
increments of 0.05, and comparing the produced audio files. The value of 1 was immediately excluded,
as clearly classifying every frame as unvoiced did not produce any listenable result. The best result was
produced with the threshold of 0.85, which is the suggested by the author. Some of the input audio files
contain noise because of varying recording conditions. This may cause some unvoiced segments to be
classified as voiced due to presence of periodicity in the background noise. So a way to prevent this
would be by raising slightly the threshold, thus classifying these segments as unvoiced and obtaining
better results. But the tests revealed that higher than 0.85, the audio quality of the files with no or low
noise is greatly reduced due to the opposite effect, classifying voiced segment as unvoiced, while not

increasing significantly the results of more noisy files. So the value was finally kept at 0.85.

3.4.1.E Comments on WORLD

WORLD is not yet capable of producing speech that is as natural as the input, but the quality it achieves
in such small running time is remarkable. It was chosen because it decomposes an audio in 3 workable
components and re-synthesizes it in under a third of the duration of the audio in a device with average
computational power [4].

The biggest plus in the choice of WORLD is that it may be used from the moment the user makes
the first attempt on the first exercise, getting its feedback in just a few seconds. It does not require the
collection and maintenance of a database and does not require a long pre-training process. Also, and as
mentioned in the introduction, one of the main objectives of this work was to present users with a gradual
reference when doing language exercises. This reference needs to be updated or generated again at
every attempt on the exercise. With WORLD there is the possibility of generating a new reference at
each attempt.

There are of course some limitations to this algorithm. WORLD is highly sensitive to the quality of
the audio that it receives as input. In this work, the system was tested both DS1 and DS2 datasets,
containing audio files recorded by real ELSA users. It was noticeable that the performance of WORLD
was severely degraded when the audio files were recorded by the user in highly noisy environments or
with very low overall volume.

For the cases where the recording had very low overall volume, the estimators, and specially Harvest,
had trouble identifying the target features. This was fixed by normalizing the volume of the files received

as input. But raising the level of the audio also brings more noise, which leads to a higher number of
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artifacts in the synthesized audio and, consequentially lower quality overall.

3.4.2 DTW
3.4.2.A Distance Function

[DTWI calculates the distances between elements to obtain the optimum alignment path, so it is important
to determine which distance function performs better for the provided data. Before running the DTWI
algorithm, a call was made ELSA’s Speech-Server to determine in which frames each phone starts and
ends, both from the user and the reference utterances. Then the [DTW] algorithm was applied to align
each pair of phones individually. In the earlier stages, a python implementation of the DTW]algorithm [83]
that used the cdist function from scipy python library was employed. This made it possible to test the
results of the [DTWI using all the distance functions from this library, including braycurtis, euclidean,
sqgeuclidean, cityblock, minkowski, and others. This test consisted of having a cycle that ran the Pitch
Transplant with the different distances, and saving each result (audio and alignment path) in individual
files. Euclidean distance was then chosen because it produced the best results together with braycurtis

and chebyshev, and it had the simplest implementation.

The distance function computes the similarity between each possible pair of frames, one from the
user’s utterance and another from the reference’s utterance, in order to build the cost matrix. Each frame
is represented by a vector containing the features extracted by WORLD. On the baseline version, only
the spectral envelope was used to calculate the similarities between frames. But tests with the DS1
and DS2 datasets revealed that the alignment of the unvoiced consonants was more accurate when the

aperiodicity was included.

3.4.2.B Global Path Constraints

The [DTW algorithm performs the alignment on each pair of corresponding phones, one from the user’s
utterance and another from the reference’s utterance. Since the phone is the same, it is expected that
the alignment path will be close to the diagonal of the cost matrix. In order to reduce the number of
distances calculated, a global path constraint was introduced. The choice landed on a simple Sakoe-
Chiba band [77] with the width of either 15 or 31 samples, which is chosen according to the difference
between the length of the segments for each phone. In case this difference is smaller than 10 samples,
the smallest window is used and the largest window is chosen otherwise. For the rare cases where there
is a difference between segments larger than 31 samples, the window size is changed to 1.1 times the

difference between segments.

39



Figure 3.7: Example of a Sakoe-Chiba band with window size of 8 (for simplicity). The green area represents the
points in the matrix where the distances are calculated and the warping path may be located.

3.4.2.C Local Path Constraints

These constraints were obtained after experimental observations by running the algorithm with the
datasets DS1 and DS2. The resulting utterances were analyzed together with the visualization of the re-
sulting path and the labels returned by the Speech-Server. The allowed steps are represented in Figure
3.8

1: D(i+1,)

2: D(i-1,))

3: D(i,j+1)

4: D(ij-1)

Figure 3.8: Local continuity constraints. The five step patterns selected.
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These restrictions were chosen taking into account that the objective is to obtain an intermediate
point between the reference and the user utterance, and not an utterance that follows the exact[EQl con-
tour of the reference. If[DTWIis left unrestricted, it may introduce too much distortion on the synthesized
utterance, by removing too many frames in some phones and repeating too many in other phones. If it
is too restricted, the [EQcontour from the reference w ill not be identifiable in the resulting audio and the
purpose of the algorithm will be lost.

From the above possibilities, the steps 2 and 4 allow for the jump to happen between two non adjacent
frames of either the reference or the user’s utterance. Although this results in non-continuity of the
alignment, because some frames from either the user or the reference may be lost, for the purpose of
this work this is entirely acceptable. As the objective is obtaining this mid-point between both utterances,
some loss may even be necessary in order to reduce the length of a specific phone, and the resulting
sound should not be noticeably degraded due to the small size of the frame interval in the feature
extraction process.

There are some situations where, due to the possible jumps, the alignment will be shorter than both
the user’s or the reference’s corresponding segment. This tends to happen in the cases where the
phones are either very short or very long, which makes less than 30% of the phones in tests made
with the DS1 dataset. For these cases, there is an extra cycle added which runs again the last step
of the DTWI without the possibility of preforming at any time the steps described in 2 and 4. This last
component is the trace-back algorithm, which runs through the calculated distance matrix from the end
to the beginning and obtains the optimum path, respecting all the restrictions mentioned above. It is
important to note that in the tests made, from all 3 datasets, DTWI never returned a path longer than
both inputs, so there was no need to prepare the code for this event, as there is also no way of testing it.

Figure shows the warping path that resulted from aligning 2 utterances from two different users,
one male and one female. It also contains markings for the beginning and end of each phone. The
resulting contours from the utterances synthesized after these alignments are presented on figure
The [EQl contour from the user’s utterance is presented on the top, the one from the reference’s

utterance on the bottom and in the middle is the [EQl contour from the synthesized transplanted utterance.

3.4.3 SNR verification

Pitch Transplant was designed as a proof of concept for a real application and was tested with real audio
files recorded by users that use ELSA’s app on their smartphones. Even though it is advised to use
the app in quiet environments for the best possible experience, it is not always the case. The level of
noise varies and it is possible to identify sources like loud dialogues in the background, continuous noise
similar to fans, high levels of echo or wind and others.

To guarantee that the output of the Pitch Transplant does not contain a high level of noise, and due
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User's frame index

Figure 3.9: Warping path of two utterances. Utterance (a) was more similar to the reference than utterance (b),
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to the high sensitivity of WORLD to it, a verification of the noise level of the audio was introduced. The
chosen method is named WADA [84] and it estimates the based on Waveform Amplitude
Distribution Analysis. It assumes that the amplitude distribution of clean speech can be approximated by
the Gamma distribution with a shaping parameter of 0.4, and that an additive noise signal is Gaussian.
It has a python implementation [85] which made it simple to test and integrate into the Pitch Transplant
algorithm.

The threshold value chosen for this noise verification is[SNR|= 50, which means that utterances with a
lower than 50 will not be processed. This value was obtained through testing with the DS1 dataset.
The tests consisted of cycling through all the utterances, computing the [SNRI value and using WORLD
to extract the features and synthesize an output utterance. In the end, both the original utterances, the
synthesized utterances, the [SNR]value and the average [SNR of all utterances were evaluated together.
The threshold set at 50 results in the exclusion of 12 out of the 30 audio files from DS1, which is perfectly
acceptable knowing that there was no criteria in the choice of the files in terms of noise. The audio files
above the threshold produce a better quality output, containing less artifacts both with and without the
manipulation through DTWL

An alternative to this method would be applying a noise filter on the whole audio. The fact that the
files are recorded with different microphones (depending on the mobile device used), in very different
environments makes it difficult to apply a universal method for noise reduction, although there are al-
ready some possibilities using Deep Neural Networks [86], as for example KrispNet DNN developed by
NVidia.

3.4.4 Feature normalization

The algorithm receives as input a stack made of both the spectral envelope and the aperiodicity
features, that result from CheapTrick and D4C methods, respectively. But while the aperiodicity values
range between 0.001 and 1, the range of the values of the spectral envelope differs greatly in several
orders of magnitude, from 102 to 10~'8. To test the impact of the aperiodicity in the alignment, a normal-
ization of both the spectral envelope and the aperiodicity was introduced. It is important to note that this
normalization was used only to perform the alignment. The original non-normalized features were kept
untouched to perform the synthesis once the time alignment was determined.

Two different normalization techniques were tested. The test consisted of running the Pitch Trans-
plant algorithm keeping all parameters constant except for the pre-processing of the input of the DTW!
The results with non-normalized features were compared with the results from both normalization meth-
ods by listening to the results and looking at the outcome of the evaluation method proposed with this
work. The tests were done with the DS3 dataset.

The first technique is Z-Normalization [87], also called Standardization, and it consists of a normal-
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ization to zero mean and unit of energy. This normalization is achieved with the following formula:

Here, « represents the raw features extracted from WORLD and 2’ the normalized features. First
the mean of the time-series is subtracted and the result is divided by the standard deviation. This is
a commonly suggested normalization done as a pre-processing step for data mining problems where
[DTWlis commonly employed. The objective is to remove the amplitude variation between time-series, so
that the DTWI algorithm can focus solely on on the structural similarities. But when applied to the Pitch
Transplant, this normalization led worsened results, possibly because it does not produce normalized
data with the exact same scale. The features extracted with WORLD are highly sensitive, and this
method introduced more noise into the data and made the alignment task harder.

The second method tested was the min-max Normalization, also known only as normalization of
feature scaling. The mathematical formulation is the following:

X — Tmin

Where x4, and x.,,,;, are the maximum and minimum values of the dataset. In this case, the spectral
envelope and the aperiodic features were normalized separately and in this way the values were all kept
within 0 and 1, without maximizing its variance. An extra multiplier of 0.5 was added to the aperiodicity
with the intent of lowering the impact of these features in the final alignment. Due to the presence of
noise, the aperiodicity may influence greatly the warp path and worsen the results. The tests performed
with this normalization produced better results and reduced at least one error marker in each processed

audio (with the proposed evaluation method), in comparison to the non normalized data.

3.5 Evaluation

There is no established protocol on how to evaluate any speech synthesis system and different metrics
may be taken into account, like intelligibility, naturalness and even the speed with which the algorithm
performs the designated task. The pitch Transplant algorithm presented in this work makes use of
WORLD, a Vocoder based system. A typical subjective evaluation done on Vocoder systems when per-
forming copy synthesis is the MUSHRA listening test, already presented here and used by the authors
of WORLD. But for the purpose of this task, which involves mainly [EQl manipulation, this would not be
appropriate as the audio samples in analysis are not intended to be similar.

Both subjective and objective evaluation is proposed in this work. On the subjective analysis side,
Mean Opinion Score (MOS), AB and ABX tests will be performed. On the objective side, a method will
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be proposed that will use the markers returned by ELSA’s Speech-Server for both pitch and duration of
each word to determine the approximation of the synthesized audio to the reference.

The evaluation methods proposed above take into account mainly the quality of the audio produced
by the algorithm and the improvement on the fluency, nativeness and naturalness of the speech. Pitch
Transplant was design to provide a floating point reference to the users learning English, and the best
way to test it would be including it in the exercise and evaluating the improvement of the students.
Although a script was prepared as a standalone tool for recording the audio, preforming the Pitch Trans-
plant, and playing back the result to the user, even giving a feedback on the improvements similarly
to the ELSA App, it was impossible to make tests at a large scale to obtain meaningful results. Both
restrictions in terms of proximity to the users due to the COVID-19 pandemic and the inability to run this
test for several weeks and follow the users’ improvements on the long term made this test impossible to
achieve at this time.

Pitch Transplant is performed exclusively using CPU and all tests were done in a standard laptop
(Intel Core i5-8250U CPU MAX 3.4 GHz, and 8 GB RAM).

3.5.1 Subjective Testing

The goal of this evaluation is to determine if the algorithm improves the audio in terms of nativeness,
fluency and naturalness, while keeping the audio quality at a similar level. For this purpose, 4 different
audio files were chosen from datasets DS2 and DSS3, two from female speakers and two from male
speakers, containing each a different sentence. Then, 8 samples were produced, 4 were the result of
the Pitch Transplant algorithm and the remaining 4 were copy synthesized (without any manipulation)
using WORLD. This was made to remove the impact that WORLD may have in the audio quality of
the result, due to the presence of noise. Also, the four reference audios from ELSA’s speech artist
were added to the tests, two of which were also copy synthesized with WORLD, leaving the remaining
unchanged. All the audio files were in wav format, single channel, with a sampling rate of 16KHz at
16bits/sample.

The tests were condensed into an online survey for easy distribution, using the sogosurvey platform.
Each test was performed on the 4 sets of 3 samples: the original audio (synthesized with WORLD), the
transplanted audio (which results from applying the pitch transplant to the original audio file) and the
reference audio (either unchanged or synthesized with WORLD). A total of 40 subjects answered the

tests for each of the 4 sentences.

3.5.1.A AB test

The pair of samples on this test are the original and the transplanted audio. Subjects were asked to

listen to both samples and chose which sounds more native, fluent and natural. The neutral option was
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also given and the sample order was mixed. The results may be found below.

B Transplanted B Original B No preference

Nativeness 43.13% 25.62% 31.25%

Naturalness 51.88% 28.75%

Fluency 56.88% 27.50% | 15.62%

0% 25% 50% 75% 100%

Figure 3.11: AB tests results

In terms of nativeness, there is no strong tendency towards the transplanted or the original utterance,
and more than 30% of the subjects chose the option of no preference. As nativeness takes into account
not only prosodic features, but also pronunciation, it is likely that the presence of pronunciation mistakes
on the utterances led to inconclusive results. This algorithm is intended to be presented to users that
already have a very good pronunciation, which was not the case on the available user audio files, and

pronunciation correction is not contemplated in its design.

On naturalness and fluency, it is possible to see a tendency towards the transplanted algorithm. The
indifference option was chosen by less subjects, and choice of the original utterance remained similar in
all three tests. The majority of the subjects classified the Transplanted utterances as better in terms of

Naturalness and Fluency than the original utterance.

3.5.1.B ABX test

The same pair of samples from the AB test were used and a third audio sample (X) containing the
reference audio from ELSA’s speech artist was added. The subjects were asked to choose from the first
pair of samples (A and B) which one was more similar to the reference audio file in terms of intonation,

tone, rhythm, and stress. The results may be found in figure 3:12]

The majority of the subjects classified the transplanted utterance as the closest to the utterance from
ELSA'’s speech artist in terms of prosody. This is in line with the results of the AB testing, where this

utterance was also chosen by the majority as better in terms of fluency.
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Figure 3.12: ABX tests results

3.5.1.C MOS

The subjects were asked to rate the audio quality of each of the three samples in a 5-point Likert scale
score (1: Bad, 2: Poor, 3: Fair, 4: Good, 5: Excellent). On the user’s side, all the samples were
either copy synthesized with WORLD, or the result of the Pitch Transplant algorithm. To keep the test
centered on the quality of the algorithm, no original samples, without being passed through WORLD,
were included. On the reference side, half of the samples were original and half were copy synthesized
with WORLD. The objective is to verify how much WORLD reduces the quality of the samples. The

results are given in the table below, together with the 95% confidence interval.

Table 3.1: Mean Opinion Score together with the 95% confidence interval

Audio Sample MOS |
User Transplanted Audio 2.83+0.14
User Audio synthesized with WORLD 2.89+0.14
Reference Audio synthesized with WORLD | 4.39 + 0.16
Reference Audio (original) 4.72+0.14

It is immediately noticeable that there is a significant gap between the [MOS] of the user’s audio files
and the one from the reference audio files. Comparing only the files that were copy synthesized with
WORLD, this difference of score is 1.5, having on the lower side the user’s audio with the score of 2.89,
revealing a very poor quality with reduced usability, and on the higher side the reference audio, with
an [MOS] of 4.39. Even though the results for the users’ audio files may be influenced by the their poor
English speaking abilities, this still indicates that these audio files have a much lower quality to begin
with. The presence of high levels of noise and distortion on the voice render the audio files on ELSA’s
datasets almost unusable for any possible speech synthesis purpose. This was an issue raised since
the beginning of this work, and these results seem to confirm it. This will be further discussed in the

following chapter about Voice Conversion, where the similar conclusions may be drawn.
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As to the audio quality reduction caused by WORLD, it seems that even though it causes a slight de-
crease, looking at the original and copy synthesized reference audio files, this decrease is not significant
enough to make the audio files unusable in this context. It confirms the tests made by WORLD authors,
placing it as one of the best speech synthesizers suitable for real-time applications.

In terms of the effect of the Pitch Transplant algorithm on the audio quality, results indicate that it is
almost non existent. The users’ transplanted audio scores just 0.06 below the users’ copy synthesized
audio with WORLD on this test, which is too small to be significant, and sits within a difference
that the majority of the subjects probably cannot notice [88]. Performing the Pitch Transplant in such
a way that the quality of the audio would not be significantly dropped was one of the objectives when

developing this algorithm, that seems to be fulfilled.

3.5.2 Objective Testing

When performing a Prominence exercise on ELSA app, a prominence marker is calculated for each
word in the sentence. These markers include the analysis of the duration, pitch of each word and other
metrics, and return either "normal” or “error” whether the submitted recording is close enough to the
reference or not. In case a pause is made by the user between two words that should not have a silence
between, an extra marker of silence error is added. This algorithm is intended to approximate the user’s
speech utterances to the reference, creating a floating point reference that will improve as the user
improves. So it is expected that at each iteration a percentage of these markers will go from “error” to
"normal” until the user manages to replicate almost entirely the prosody of the reference. From hereby
on, the "normal” markers will be referred to as correct markers, for simplicity.

The proposed objective evaluation method makes use of these markers to compute a percentage of
how many markers were correct before and after the pitch transplant takes place. A request is made to
the Speech-Server to get the total and the correct number of markers (both pitch and duration) for each
utterance. The percentage of correct markers from a given utterance can calculated with the following
formula:

> correct_markers

avg_-marker_score(%) = S~ total_markers x 100

Where, for each utterance:

total_markers = correct_markers + error_markers + silence_markers

This is made for all the utterances of each dataset, resulting in the average marker_score per dataset
from DS3 that can be seen in The results shown on the column "Before Pitch Transplant” were

produced using the original utterances from the users and on the column After Pitch Transplant” are
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Table 3.2: Results of Marker Score Test

Dataset | Before Pitch Transplant | After Pitch Transplant
% %
DS3-1 79.23 £ 5.59 95.0 +2.35
DS3-2 87.01 £5.15 91.67 +6.00
DS3-3 86.12 £ 6.72 93.75 £ 3.65
DS3-4 88.89 £ 4.50 94.0 +2.19
DS3-5 88.63 £ 3.96 97.08 +2.01
Average 85.98 94.30

the results produced with the transplanted audio files. In the end, an average is computed to indicate an
overall improvement of the algorithm.

For every sentence, the audio synthesized with the pitch transplant results in a higher score, with an
improvement between 4% and 11%. As it is an algorithm designed to provide a gradual reference, it is
not expected that all errors are corrected, so the observed improvement is as expected, not reaching
a score of 100% in any case. The algorithm presents an improvement of 8.32%, resulting from the

correction of the 59% of the error markers, on average.

3.5.3 Yes/No question

At the end of the survey, the subjects were asked if they would be comfortable listening to their own
manipulated (corrected) voice as a reference in a language learning context. It was a yes or no question,
but the indifference option was also given. The answers are shown below, and indicate that the majority
would be comfortable with it. This means that if high audio quality is achieved, an algorithm like Pitch
Transplant could be added to a[CAPT] system.

60.00%

60.00%

40.00%

20.00%

0.00%

Yes No Indifferent

Figure 3.13: Responses to the question "Would you be comfortable if, in a language learning context, you would
listen to your own manipulated (corrected) voice as a reference?”
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4.1 Introduction

This chapter explores an alternative approach to tackle the problem of this thesis. Instead of manipulat-
ing a recording from the user, the idea is to produce the user’s goal utterance in his/her own voice, by
way of [VCl This technique has been an increasingly hot topic, specially with the introduction of Deep
Learning in the last decade, and new models are proposed every year that provide better results and
higher adaptability to the restraints of different problems. Therefore, in this context, the terms reference

and user will be replaced by source and target, respectively.

On a typical Voice Conversion application, the linguistic content is fixed and it is expected that the
remaining speech features are converted from the source to the target, resulting in an utterance that
sounds as close as possible to the target speaker’s natural speech. But in this work, for the purpose
of prosody training in a language learning exercise, the prosodic patterns from the source should be
kept. The objective is to generate an audio file with the voice of the user, but with all the communicative
information, namely the linguistic and paralinguistic activity (as defined by John Laver [59]), from the
source. Today’s Voice Conversion models can achieve high quality speech synthesis, which means that
this method would present the user with a high quality reference utterance in his/her own voice, correct

in both segmental and supra-segmental aspects.

The main objective of this chapter is to generate discussion and to explore the potential of Voice
Conversion applied to language learning. Due to time limitations, after the development of the Pitch
Transplant algorithm presented in the previous chapter, no extensive research on all the existing
alternative methods was made. Also, the chosen algorithm was used with minimum tweaking, and the
time was spent mainly on the search and preparation of a dataset with high prosodic variance, that could
be used for the pre-train of a[VC| model as well as verifying if the user’s data from the ELSA app was

usable for this purpose. We did not intend to propose a finalized algorithm and a solution to the problem.

This chapter starts by introducing the Voice Conversion approach. In the second section, a brief
overview of the chosen algorithm is made, including the requirements and restrictions of the task,
the necessary preprocessing, the basic architecture of the algorithm and the chosen waveform generator
method. The third section contains information about all the datasets used for both pre-training and fine-
tuning of the model. The fourth section goes through all the tests performed with these datasets and
discusses of the results. The fifth section presents the evaluation of the results, which was done by 40

subjects through an online survey.
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4.2 Algorithm

4.2.1 Requirements and restrictions

In order to choose a[VClalgorithm that would fit the requirements of the task at hand, it is first necessary
to determine exactly where it would be used and what are its requirements. As with Pitch Transplant,
the objective is to generate a goal utterance in the user’s voice to be used as reference in a language
learning exercise. But this time, instead of taking an utterance from the user and modifying it, the result
will be produced by using a pre-trained [VC| algorithm. This means that ELSA’s reference speech artist
(currently a female voice) will be the source and the task will be converting her audio files to the voice of
the user, which will be the target.

For this to take place, the [VClalgorithm needs to fit the following constraints:

+ Small amount of target data - The option of listening to the reference utterance in his/her own
voice should be available to the user early on, so the algorithm should require a small amount of

the user’s audio files.

* Generate audio files fast - Even though the training of the algorithm can be made offline, the
generation of the audio files should be done fast. Ideally, it should happen during the loading of
one exercise, or when an entire module is downloaded. Generating all the converted audio files

beforehand and storing them could also be an option, but it is not the current goal.

» Keeping prosodic features - The algorithm should allow for the maintenance of the prosodic

patterns of the source speaker.

Apart from these constraints, it is necessary to use an algorithm that is not too complex to implement.
Since it is the second method tested on this thesis, and because the first method was developed from
scratch, the choice of the Voice Conversion algorithm was conditioned on being able to obtain results in
a short amount of time. Because of this, the choice landed on a Non-Parallel Sequence-to-Sequence
Voice Conversion Algorithm with Disentangled Linguistic and Speaker Representations, presented in [8].
This method was being used as a basis for the MsC Thesis of Ivan Carapinha, also a member of
the research group and under the supervision of Prof. Isabel Trancoso, who provided valuable input
regarding data pre-processing, bug fixing and tips related to the learning rate decay. His initial tests
indicated that the algorithm fitted into the first two of the above constraints. The inference process
was fast, taking under 5 seconds per utterance (excluding the waveform generation) and the fine-tune
process could converge and achieve decent results with under 200 audio files of the target speaker. As
for the third constraint, related with the prosodic features, it will be determined by testing.

The algorithm is shipped with an implementation of a Griffin-Lim Vocoder [89] as the waveform gen-

erator. This is a simple and computationally cheap algorithm that uses the predicted spectrograms to

53



generate the audio waveforms. Per Ivan’s suggestion, and to obtain improved results, a pre-trained
model of the Universal Vocoder [57] will be used instead to generate higher quality waveforms. This
requires an extra stage on the pre-processing which will be explained below.

ELSA’s speaking exercises consist of the users reading a sentence which is unique for each exercise.
Because of this, it is possible to generate a dataset structured in a parallel way, where each user is
chosen on the condition of having completed a specific set of exercises and only these exercises are
chosen, which would result in a perfectly balanced parallel dataset. So, even though it may seem counter
intuitive that the [VC| method chosen is prepared for non-parallel data, in reality this allows for the usage
of different datasets on the pre-train. This is particularly useful because the data collected from the
users has, in general, very low sound quality. The audio files are recorded with hundreds of different
mobile devices in noisy environments, and it is not clear if this will allow convergence of the model, so
an alternative dataset may be required. Furthermore, the results presented by the authors [8] place this
model’'s performance very close to the state-of-the-art parallel seq2seq method, so there is almost

no trade-off in this choice.

4.2.2 Preprocessing

The code for the Non-parallel Seg2seq Voice Conversion algorithm is provided in the authors github
repository [90]. The algorithm was used mostly as is, with very few changes. Nevertheless, since this is
non-released code, still under development, it contained legacy code and several bugs that needed to
be fixed. Apart from this, the data reader needed to be customized for the datasets that were used, and
there was no code written for the generation of the list that divides the files into training, validation and
test sets. This code was written with lvan’s help, since he had already went through this process for his
own work, and adapted for the different datasets used.

The author provided a feature extraction script, extract_features.py, that extracts the linear spectro-
grams and mel-spectrograms from the audio files using the librosa [91] python library and the phone
sequences from the text files using the phonemizer [92] python library. Because the waveform generator
used in this work requires only mel-spectrograms, the linear spectrograms used on Griffin-Lim vocoder
are not kept, and the remaining code was adapted to remove the necessity of these features. This was
made according to suggestion by the author on an issue in the same repository and does not change in
any way the behaviour of the algorithm. One significant change was introduced on the feature extraction
script, to improve the quality of the audio file generated with the Universal Vocoder. This change was
the addition of a peak amplitude normalization and a digital filter to add pre-emphasis to the utterances.
It was added so that the pre-trained model could be used, which preforms this pre-emphasis to the input
files used on training.

One script, preprocess.py, was created to walk through the dataset directory and generate the files
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containing the train, validation and test lists. These lists contain the paths to the files containing the mel-
spectograms that were generated with the feature extraction script, and the algorithm is prepared to also
obtain the paths to the files containing the phone sequence through them. To prevent out of memory
errors, all the utterances longer than 7.5 seconds were not added to these lists, as per recommendation
of the author. This script was changed to preform the preprocessing of the LibriTTS dataset. Since this
is a less balanced dataset, two functions were added. One removes from the lists all utterances that
contain less than 4 words, and the other removes the speakers with less than 50 audio files after this
filtering. This was done to avoid bias on the training process of the algorithm when processing smaller
utterances.

One bash script was written to call both the feature extraction script (feature_extraction.py) and the
list generation script (preprocess.py) and fully prepare the necessary data for the training to start. This
data was all saved in one folder with the name of the dataset and all the paths in the code were adapted

to this directory layout.

4.2.3 Architecture
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Figure 4.1: Overview of both phases of the Voice Conversion model. Taken from
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A brief overview of the architecture of this system, which is built under the framework of encoder-
decoder neural networks, will be made in this section. The system performs sequence-to-sequence
(seg2seq) voice conversion using non-parallel training data. The process can be broadly divided into
two distinct phases, training and conversion. Since the model was used with minimal tweaking, with a
black-box approach, the description of the algorithm will not be done in detail.

The training phase is responsible for the estimation of the model’s parameters and it is done in two
stages, the pre-training stage, which uses a multi-speaker dataset, and the fine-tuning stage performed
on a specific pair of speakers. The conversion phase receives the acoustic features of the source audio
file and converts them to the target using the parameters estimated in the training phase. The converted

audio file can then be synthesized by a waveform generator.
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Figure 4.2: Structure of the Non-parallel Seq2seq Voice Conversion algorithm. Taken from [8]

The model is composed by the five following components:
« Text Encoder E! - Transforms the text inputs T into linguistic embeddings H*.

* Recognition Encoder E™ - Receives the acoustic feature sequence A and predicts the phoneme
sequence T, aligning the acoustic and phoneme sequences automatically. Since one phoneme
usually corresponds to tens of acoustic frames, the encoding is a compression process. Its output
HT™ has the same length as the phoneme sequence T regardless of the speaking rate of speakers,

and resides in the same linguistic space as H¢, containing only linguistic information.

+ Speaker Encoder E° - Embeds the acoustic feature sequence A into a speaker embedding vector

h* which can discriminate speaker identities and should contain only speaker-related information.
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It is only employed at pre-training, whereas at fine-tuning stage a trainable speaker embedding is

introduced for each speaker, initialized by h°.

« Auxiliary classifier C° - Employed to predict the speaker identity from the linguistic representation
H7™ of the audio input. It is introduced for adversarial training in order to eliminate remaining
speaker information within linguistic representation H™. Each element of its output PS is the

predicted probability distribution among speakers.

» Seq2seq decoder D“ - Recovers acoustic features from the combination of speaker embeddings
h* and linguistic embeddings, H™ or H?, either of each fed into the decoder at each training step. It
can be viewed as a decompressing process, in which the linguistic contents are transformed back
in acoustic features A , conditioned on the speaker identity information. The structure is similar to

the Tacotron model [93] for speech analysis.

As previously stated, the algorithm was used mostly without changes, apart from the removed legacy
code. The majority of the work was devoted into the preprocessing scripts, to create the datasets, extract
acoustic features, make the lists for each of the train, validation and test sets. On the algorithm, only one
significant change was made. A learning rate decay was added to the pre-train script, which was already
included in the fine-tune script. In the initial tests, the model kept collapsing, and the results were only
noise and silence, so this portion of code was copied from the fine-tune scripts. After this change, the
algorithm managed to train successfully.

After the training completed, the predicted mel-spectograms were generated by running the inference
script, inference.py, with the files in the test set. These were then used to generate the wavefiles that

could be heard and analysed.

4.2.4 Waveform Generation

The Universal Vocoder [57] is a WaveRNN-based neural vocoder developed to overcome the over-fitting
that other neural vocoders are prone to. It can be used with speakers unseen in training, making it ideal
to test in a black-box approach. The authors provide a pre-trained model, making audio generation an
easy and seamless process. The pre-train is made with audio files sampled at 16KHz, which is the same
sampling frequency used on the [VCl algorithm.

Even though the generation is not as fast as the Griffin-Lim Vocoder, the higher quality of the gen-
erated audio files is a priority when the goal is to use these audio files in a language learning exercise.
In a productized version of this algorithm, the waveform generation would have to be done with a much
faster waveform generator, otherwise it could not be used for the intended purpose. On average, for
the last test done, described in section 66 generated files containing 265 seconds of speech took

2543 seconds to generate, which gives on average of almost 10 seconds of running time to generate 1
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second of audio. It is important to notice that it was possible to optimize the generation algorithm, but the
improvement would only be on the loading of the pre-trained checkpoint, and would change less than
3 seconds per utterance. Due to the time constraints, it was not possible to investigate and test other

waveform generators that would fit better into the requirements of the problem.

4.3 Datasets

In this section, all the datasets relevant to the Voice Conversion chapter will be presented, including their
characteristics and a brief subjective comment related to their prosodic relevance for the task at hand.
This prosodic relevance is mostly related to the variance of the prosodic features in the utterances that
compose the dataset. For example, a dataset composed of only declarative sentences, recorded in a
monotonic tone will have less prosodic relevance than a dataset composed of dialogues, questions and
some level of emotional speech. This is important to evaluate because ELSA’s speech artist records the
reference audio files for the exercises with exaggerated stress, pauses and pitch variation for learning
purposes, and the converted speech should keep these characteristics.

Table 4.1: Table containing the summary of the main characteristics of each dataset. The prosodic value is a very

subjective assessment based on the textual content and listening of a small subset of the audio files.
"env” stands for the environment where the recording was made.

Sampling Length of | Prosodic
Dataset Freq. & audio value Comments
Bit Depth min
VCTK 48KHz/16bit 1640 Low Studio recording, clean speech
ARCTIC-rms 16KHz/16bit 66 Medium Studio recording, clean speech
ARCTIC-slt 16KHz/16bit 57 Medium Studio recording, clean speech
ELSA-REF®) 16KHz/16bit 183 High Silent env, clean speech
LibriTTS 24KHz/16bit 12372 Medium Studio recording, clean speech
ELSA-USR1() 16KHz/16bit 2 High Noisy env, low intelligibility speech
ELSA-USR2() 16KHz/16bit 1 High Silent env, clean speech
ELSA-USR3®) 16KHz/16bit 10 High Noisy env, low intelligibility speech
L2-ARCTIC-NCC | 44.1KHz/16bit 70 Medium Silent env, clean speech
L2-ARCTIC-HQTV | 44.1KHz/16bit 69 Medium Silent env, clean speech

() Non public datasets constructed or adapted for the purpose of this work using protected data from ELSA Corp.

4.3.1 VCTK

The CSTR VCTK corpus [94] is a public multi-speaker dataset composed by audio files of 109 native
English speakers with different accents. Each speaker recorded around 400 audios of clean speech,
composed by a set of sentences common to every speaker and another set of unique sentences, taken

from a newspaper. The dataset contains both the audio files and the respective transcriptions for every
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speaker except for speaker 315, whose transcriptions are not present. The audio files have a bit depth

of 16bits and a sampling frequency of 48KHz.

Because sentences are taken mostly from newspapers, they are in general declarative, without high

prosodic variability. No background or static noise is noticeable.

4.3.2 ARCTIC

The CMU ARCTIC database [95] is a dataset designed to support speech synthesis systems. It contains
approximately 1200 phonetically balanced utterances recorded in a studio per speaker. The dataset
includes wavefiles, transcriptions and several other files required to support a Festival Speech Synthesis
System. Out of the 4 speakers on the original version, only "rms” (male) and "slt” (female) are mentioned
in this work, both US English native speakers and with around 51 minutes of audio per speaker. The
corpus is released as free software. The audio files have a bit depth of 16bits and a sampling frequency
of 16KHz.

The sentences are taken from out-of-copyright books of English Language that are part of the Guten-
berg Project. Because the dataset contains some dialog and more expressive reading, the prosodic

relevance of this dataset was considered higher than the VCTK database, for the context of this work.

4.3.3 ELSA-REF

In order to train an algorithm that would be able to convert the voice from ELSA’s speech artist to the
voice of the user, a dataset containing these audio files needs to be created. This dataset was named
ELSA-REF because it is composed exclusively by the audio references from ELSA’s exercises, recorded

by a female speaker.

A Python script was developed to generate this database. The script would verify a TSV file (tab
separated values) containing the sentences and the URL location of these audio files in mp3 format. In
case the sentence has 4 words or more, the file is downloaded and converted to wav format, 16KHz of
sampling rate, 16 bits per sample and single channel. The files are numbered incrementally and a file of

the same name but with txt extension is stored in the same folder, containing the sentence.

This resulted in a corpus of 2204 files, containing 183 minutes of clean speech. The recording condi-
tions change slightly in some audio files, which may contain some echo. Nevertheless, the quality of the
audio files is still high and close to studio quality. The sentences of 3 words or less were removed be-
cause the existence of many short sentences in the dataset could introduce bias in the Voice Conversion

algorithm when used in training.
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4.3.4 LibriTTS

LibriTTS [96] is a speech corpus designed for text-to-speech use. It is derived from audiobooks that are
part of the LibriVox project and similar to the LibriSpeech [97] dataset, but with three main differences

that make it more desirable to use in the task proposed in this chapter:

1. The audio files correspond to shorter segments, which means that more utterances will fit into the

restrictions of the chosen[VClalgorithm.

2. The utterances with a significant background noise are excluded, using a WADA SNR estimator to

filter out noisy utterances, similarly to the Pitch Transplant algorithm.

3. The text is not normalized into uppercase and contains punctuation, which are useful features to

learn prosodic characteristics such intonational groups and the length of pauses.

Although this non-paralel dataset is composed by 2456 speakers, which is far more than VCTK, and
it is gender balanced, not all speakers were used. The authors split the speakers into groups of "clean”
and "other”. The first group contains the speakers whose utterances have lower word error rates (WERs)
and a higher SNR, and the remaining are included in the second group. Having in mind the requirements
of the[VClmodels, the speakers chosen for the pre-processing fit into the following restrictions: they need
to belong to one of the "clean” groups, which means their audio files will have low WERs and high SNR;
they have at least 50 utterances with sentences at least 4 words long, the latter being a restriction also
made on the ELSA-REF dataset. Including speakers with less than 50 utterances could result in a bias
in the training phase. The resulting dataset contains 12372 minutes of single channel audio from 983
speakers, with a 24kHz sampling rate at 16 bits.

Because it is taken from audiobooks and includes a more emotional reading, the prosodic relevance
of this dataset seems to be higher than VCTK. It is read by native speakers and freely available to

download and use.

4.3.5 ELSA-USR

Several tests need to be preformed in order to determine in which conditions this model achieves
a successful voice conversion. To perform these tests, it is necessary to gather different datasets con-
taining user’s data with different characteristics. In all the cases, | requested the help of ELSA’s Speech
Team, who have access to the audio files, and have some already pre-prepared datasets | could use.
All the audio files are wav files sampled at 16KHz, with 16 bits per sample. The chosen datasets are the

following:

« ELSA_USR1 - 13 Audio files from ELSA’s assessment test, with a score of 37% of nativeness. The

speaker is male and his L1 is Viethamese. The audios have noticeable background noise and the
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pronunciation is poor. The audio files needed to be broken into smaller files, due to restrictions of

the algorithm, resulting in 23 audio files with a total of 130 seconds of speech.

« ELSA_USR2 - 13 Audio files from ELSA’s assessment test, with a score of 97% of nativeness.
The speaker is female, her L1 is American English. The audio files have very low noise and the

pronunciation is excellent. The total duration of this subset is 67 seconds.

« ELSA_USRS3 - 170 Audio files from ELSA’s exercises. The speaker is male, his L1 is Vietnamese
and the pronunciation is poor. The audio files have very different recording conditions. There are
three factors that are noticeable in this user’s audio files, which can be heard across the majority of
ELSA’s users: the noise levels vary from barely noticeable to very high, including some audio files
where the wind noise is higher than the user’s own voice; some audio files contain highly distorted
voice, most likely from speaking too close to the headphones microphone; some of the audio files
seem to be spoken by a different user (also male). These factors and the problems they lead to

will be commented on section together with the results from this training.

4.3.6 L2-ARCTIC

L2-ARCTIC [98] is a speech corpus of non-native English intended for research in voice conversion,
accent conversion, and mispronunciation detection. It was recorded in a quiet environment using 1132
sentences in the CMU ARCTIC prompts. From this dataset, two speakers were chosen: "NCC” - a
female Mandarin native speaker; and "THQTV” - a male native Vietnamese speaker. The choice of these
users was made after listening to a few samples and detecting that both speakers had poor English
pronunciation. The files from the first speaker amount to 70 minutes and ones of the second speaker to
69 minutes of clean audio. The L2-ARTIC dataset is released as free software. The audio files are wav
files with a bit depth of 16 bits and a sampling frequency of 44.1KHz.

Similarly to CMU ARCTIGC, it is expected that this dataset’s prosodic relevance is higher than VCTK.
It is similar to the user’s audio files in terms of representation of the speaker because it was recorded
with [L2] English speakers, but with higher audio quality. Because of this, the Voice Conversion results

are expected to be significantly improved in comparison with the results from the users.

4.4 Tests

This section will describe the tests made with the chosen algorithm for the Voice Conversion task. Both
training and the conversion are highly computational intensive tasks done using a Graphics Processing
Unit (GPU) which was not available locally. All the tests were performed in a remote AWS EC2 instance,
made available by ELSA Corp. This instance had a NVidia Tesla K80 GPU, with 11Gb of memory and
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CUDA version 11.0.

Table 4.2: Table containing the division of each dataset into train, validation and test sets

Mode Dataset Train | Validation | Test
Pre-Training VCTK 40298 1949 1620
Fine-Tuning VCTK + ELSA-REF 2183 166 145
Pre-Training [LibriTTS] 73798 5594 4878
Fine-Tuning | ELSA-REF + ELSA-USR1|| 1389 299 396
Fine-Tuning | |ELSA-REF + ELSA-USR2| | 1571 298 225
Fine-Tuning | |ELSA-REF + ELSA-USR3| | 1959 151 131
Fine-Tuning L2-ARCTIC-NCC 1899 146 126
Fine-Tuning L2-ARCTIC-HQTV 1941 149 131

441 Pre-Training with VCTK

The algorithm chosen for this task has no pre-trained model. So in order to test its performance it
is necessary to chose a dataset, train the model and generate converted audio files for evaluation. For
their experiments, the authors used the VCTK corpus for pre-training and two speakers from the CMU
ARCTIC, namely one female speaker, "slt’, and one male speaker, "rms”, to fine-tune the model. These
same datasets are suggested for testing purposes on the github repository that contains the code, so
this recommendation was followed in the initial tests.

The first test had the main objective of verifying that the code was stable and the model was training
properly. First, some legacy code was removed from the files cloned from the repository and some minor
bugs were fixed. It was also necessary to verify if the code written to perform data pre-processing pro-
duced the expected files, like the mel-spectra and the phoneme files. The utterances from the speakers
were shuffled and split into train, test and validation sets. In order to prevent out-of-memory errors on the
GPU, sentences longer than 7.5s were removed. According to the authors, excluding long utterances
should not affect the convergence of the algorithm, as long as the size of these sets is not reduced
significantly. The resulting sets are displayed in table [4.2]

The algorithm trained for a total of 82h and stopped after 90 thousand iterations. The alignment
graphs indicated that the algorithm converged successfully, even though it stopped training earlier than
expected due to an error. This error was related to the lack of space in the ssd drive where the check-
points were being stored and did not impact the training until that point. The algorithm trained for 15
thousand more iterations after some space was cleared, but there were no visible improvements in the
model. Using the Universal vocoder to synthesize the audio files from the Mel-Spectrogram files, it was
possible to listen to the final result of the pre-training.

The quality of the synthesized audio through the Universal Vocoder was compared with one audio
file from the target speaker copy synthesized with this same Vocoder and the results were very similar.

This was done because Universal Vocoder reduces the overall sound quality of the audio, so comparing
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two audio files produced by the same vocoder makes the comparison fair and helps remove the effect
from the waveform synthesizer on the results. The converted audio was highly intelligible and the voice

of the target was easily recognizable, as expected.

4.4.2 Fine-tuning with VCTK and ELSA-REF

The next step is fine-tuning the model for a pair of speakers. The objective of the task is to take
the reference utterances from ELSA’s voice artist and generate them with the voice of a user, so these
utterances needed to be included in the speaker pair used in the fine-tuning process. The speaker p360
from VCTK dataset was chosen to pair with ELSA’s speech artist, taking the place of the user. This
speaker has around 22 minutes of speech across 424 files. The size of train, validation and tests set
can be seen in[4.2

The fine-tuning ran for 15h, reached 50 epochs and stopped after a checkpoint on 18 thousand
iterations. Using this model, 50 utterances from ELSA-REF were converted to the voice of p360 speaker.
The pretrained model of the Universal Vocoder was used again to generate waveforms from the resulting
mel-spectrograms. As expected, the audio quality was highly intelligible and natural, and the voice of the
target speaker was very recognizable. However, none of the prosodic features from the source speaker
were kept. The resulting audio file had all the prosodic traits from the target speaker, thus it was not
usable for a context of prosody training.

To provide a graphical visualization of this issue, the pitch contour of both utterances, the source
utterance from ELSA’s speech artist and its converted counterpart to the voice of speaker p360 of
VCTK corpus, are shown in image The first pitch contour was estimated using wavesurfer, which
could not detect the pitch of the second utterance. The pitch of the converted utterance was estimated
using WORLD’s [EQ] estimator, Harvest, which provided the result seen below. The converted utterance
has a faster speaking rate, uttering the sentence in 4.5 seconds, while the source takes 6 seconds. It
is also clear that the pitch contour of the converted utterance is almost flat, which contrasts with the
source’s high variance pitch.

With this test it was possible to understand that the model provided very good results in the Voice
Conversion task. The fact that it also converted the prosodic features, which can be seen as a character-
istic of the speech that is connected to the speaker, can be seen as a success on a simple [VCltask. But
in this case, losing the prosodic features from the source is a set back that needs to be addressed. The
VCTK dataset contains utterances mainly from a newspaper, which are predominantly declarative and
plain, without significant pitch variations as a dialogue would have for example. One interesting thought
is that the lack of prosodic variance of this dataset, with which the pre-training and fine-tuning was done,
may be responsible for a bias on the algorithm towards generating equally neutral utterances. To test

this, a next test was made with different datasets.
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(b) Converted utterance 0838 to the voice of p360
Figure 4.3: [EQ estimation and waveforms of the source utterance 0838 and the converted utterance to the voice of
VCTK speaker p360. Both waveforms are in the same temporal scale.

4.4.3 Pre-training with LibriTTS

On this test, a new model was pre-trained with a different dataset. The previously pre-trained model, on
section|4.4.1] was trained with the VCTK dataset, which does not introduce enough prosodic variation on
the training phase of the model, and leads to neutral and plain converted utterances, with low prosodic
variance. Also, the model wasn’t pre-trained with speech from ELSA’s speech artist, and since the Voice
Conversion will always have this speaker as source, it makes sense to include it in the initial training,

and not only on the fine-tuning.

The resulting dataset used to pre-train the model on this test is LibriTTS (as described in aug-
mented with ELSA-REF files. Similarly to the initial pre-training, all the sentences longer than 7.5 sec-

onds will be removed. The remaining utterances are shuffled and split into the three sets shown on table

4.2

Due to the higher number of utterances on the dataset, the pre-training took longer, totaling 134h of
clock time and reaching 117k iterations, in the 50th epoch. At this point, the training was stopped be-
cause the alignment graphs indicated that the model collapsed. Looking back to previous checkpoints,
it seemed that between 90k and 98k was where the alignment graphs seemed better, so all the check-
points in between (at each 500 iterations) were used to generate mel-spectrograms of the converted
audio. These were then synthesized into waveforms using the pre-trained Universal Vocoder and the

results were compared.

The best results were obtained for the checkpoint at 95k iterations, corresponding to 41 epochs and
105h of training. Again, at this point, the converted audio files were compared with the original audio files

from LibriTTS synthesized through Universal Vocoder. The converted audio files were once again highly
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intelligible and the voice of the target was easily recognizable. At this stage, it was still not clear whether
the prosodic features from the source were kept or not, and fine-tuning the model for two speakers was

necessary.

4.4.4 Fine-tuning with ELSA-REF and ELSA-USR1

This was the first test done with audio from real users, using one of the datasets created for this purpose.
The ideal case would be having a user do the assessment test, which is usually the first set of audio files
a user records when the app is installed, and have the Voice Conversion available right away, allowing to
have a reference in his/her own voice immediately from the beginning. The assessment test is composed
by 13 long sentences, and its purpose is to evaluate the user’s English pronunciation at the start of the
usage, recommending exercises to start working on his/her weaknesses first.

The audio files in the ELSA-USR1 dataset were partitioned into segments because they were too
long to be used in this algorithm. The maximum length for this fine-tuning, to avoid out-of-memory
errors, was set at 8 seconds, which result in 23 audio files instead of the initial 13. The pronunciation of
the user is very poor and the recording quality is low, containing background noise and small distortions
in the voice. All of these conditions summed up make this test an extreme case. Test and validation sets
each contained 3 audio files from the user, and the remaining files were assigned to the train set. Their
size can be seen in table 4.2l

The model quickly collapsed and it was not possible to get any useful result from it. The audio files
that were generated contained only silence and/or noises. This result was expected since the number
of audio files was very low and the audio quality was poor, but it was important to perform this test and

incrementally improve the quality of the dataset to determine the limits of this algorithm.

4.4.5 Fine-tuning with ELSA-REF and ELSA-USR2

In this test, the model was fine-tuned for the speaker pair ELSA-REF and ELSA-USR2. This time, the
audio files from the user (ELSA-USR2) did not require any cropping, because all were under the 8
second mark. The audio quality of this dataset contained minimal background noise and the voice was
not degraded in any way. The speaker’s pronunciation was excellent and there was only one repetition
in the last sentence, so this dataset can be classified as clean speech. In terms of duration, it is shorter
than for ELSA-USR1. Since the sentences are exactly the same, the shorter duration can be attributed
to the higher speech rate that characterizes more fluent L2 speakers.

This time, the number of files of the test set was reduced, increasing the size of the training set. Both
validation and test sets included 2 audio files of the user and the remaining ones were assigned to the

train set, which explains the difference of 1 file on the validation set. Their sizes can be seen in table
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4.2

The model did not collapse, and it trained for 10 hours, reaching over 12k iterations after 50 epochs.
The audio files were generated with the converted mel-spectograms using the pre-trained Universal
Vocoder. The majority of the generated audio files had fluent and intelligible speech, but the perceived
speaker identity didn’t change. The utterances still sounded mostly like the source speaker, which was
ELSA'’s speech artist, and contained only small portions (words or sometimes only individual phones)
that sounded similar to the target speaker. This means that overall, the model failed to perform the
voice conversion task, and produced utterances with high pitch fluctuations and with no usability on the
context of prosody training. Also, a small portion of the files included included multiple repetitions of
phones and/or entire segments, insertion of noise and utterances containing only part of the sentence.

This test seems to indicate that the dataset of utterances from the assessment test is not enough
to generate a meaningful training and validation set. Even with high quality and good pronunciation, it
was not possible to get a successful conversion. But this time, even though it achieved poor results,
the model did not collapse during training and it was possible to generate intelligible utterances. This
indicates that the quality of the audio may have a decisive impact on whether the algorithm will converge

or not.

4.4.6 Fine-tuning with ELSA-REF and ELSA-USR3

One of the factors that led to poor results on the previous test was the small number of utterances from
the user included on the training. To prevent this, a new dataset was brought in as the second speaker
in the fine-tuning pair, ELSA-USRS.

This dataset is larger in size, amounting to 170 utterances from a real user and a little under 10
minutes of speech. Since these audio files were in a pre-made dataset given by ELSA’s speech team, it
was not possible to determine what was the overall nativeness score of the user at the time of recording.
Nevertheless, by listening to the audio files it is possible to informally rate the speaker’s pronunciation as
average/poor. Also, the recording conditions change significantly between practice sessions and some
of the audio files seem like they do not belong to the same speaker, even though they are recorded by
the user. This is common among ELSA users, and it is one of the reasons why it is difficult to get a clean
single speaker dataset to test the [VCl algorithm. Since the access to the full database containing user’s
audios is limited, it was not possible to create other datasets with verified audios that would remove
these hindrances, but possible solutions for this will be discussed further in section The size of
the train, validation and test sets is shown in table

The algorithm ran for 37h, reaching 17k iterations after 50 epochs. During the training, it was possible
to observe that the alignment graphs had no changes throughout the whole training, but the training was

not interrupted. After generating the audio files, it was clear that the model had trouble converging. The
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audio files were very long, with over 20 seconds, and had only silence and noise similar to speech with
the target’s voice, but without uttering any word. This noise seemed like specific phones, mostly vowels,
elongated and repeated without any meaningful order. It is now clear that the audio quality has a very
high influence on the outcome, higher than expected initially, and may indicate that using the available
audio files from real users to train the model will not give any usable result for speakers with these
characteristics. Another division of the audio files was attempted, specifically with a bigger validation
set and smaller train set, but the model collapsed and the results were worse. The generated audio files

had only silence or buzzing and hissing noises.

4.4.7 Fine-tuning with ELSA-REF and L2-ARCTIC-NCC

Due to limitations in time, resources and restrictions in the access to users’ audio files, it was not possible
to generate a dataset that would guarantee audio files from a single speaker, with low noise and no
distortion. So in order to explore the potential of this VC method, an alternative dataset was used.
The L2-ARTCIC was chosen, and two speakers were selected to take the user’s place on the fine-
tuning pairs. This dataset was publicly available and fitted the conditions stated above, while keeping
enough similarity with the user’s audios, more specifically, with L2 English speakers without excellent
pronunciation.

The fist attempt was done with 100 audio files from L2-ARCTIC-NCC, resulting in 6 minutes of
speech. Even though the dataset contains almost 4 minutes less than the previous attempt, the record-
ings were made in a studio environment, which should improve the overall results. The size of the sets
used for training, validation and test is shown in table [4.2]

The algorithm reached the 50 epochs at 16400 iterations after running for slightly under 12h, with
the alignment graphics indicating that it converged. The wavefiles were generated from the converted
mel-spectograms using the Universal Vocoder, and in this test both conversions were made, from ELSA-
REF to L2-ARCTIC-NCC and the opposite. All the utterances were complete, without long silences,
repetitions or unfinished sentences. The speech was intelligible but it was not natural. The converted
voice had some resemblance with the target speaker, but with an added creakiness that made it sound
unnatural. To try to determine the origin of the issue, the speaker embedding was plotted for all the
utterances used for the fine-tuning process. It is possible to see in figure [4.4]a separation between both
speakers, but this separation may not be so evident in the context of all pre-training speakers. It seemed
that the model simply did not have enough data to achieve total convergence and a good result. To avoid
this issue, the number of utterances from the speaker that will take the user’s place will be increased.

Although the conversion was not yet achieved successfully, this experiment allowed us to verify the
behaviour of the method in the presence of target speakers with poor English speaking skills, which

includes not only poor prosody but also mispronunciation errors, namely substitutions, deletions, and
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Figure 4.4: Plot of the speaker embeddings for the utterances used in fine-tuning. The plot (a) refers to test
and the plot (b) refers to@ There is a separation between speakers in both embedding plots.

additions. Disfluencies such as repetitions, repairs, false starts and silent pauses are not present in
the used dataset because the speaker was allowed to repeat the utterance in these cases. The audio
files generated through this model contained barely any of these mispronunciation errors. It is not
possible to conclude anything in this case because the limited number of utterances from the target
speaker also harmed the naturalness of the converted voice, but further discussion will be held on the

next test.

4.4.8 Fine-tuning with ELSA-REF and L2-ARCTIC-HQTV

This test constitutes the second attempt using L2-ARCTIC datasets. This time, 150 audios resulting in 9
minutes of speech were used from L2-ARCTIC-HQTYV to replace the user in the speaker pair for which
the model was fine-tuned. The size of the train, validation and test sets is shown in table [4.2]

The training ran for 10 hours, reaching 16800 iterations. One outcome from this test is noticeable
right away. Excluding the tests presented on [4.4.4) and [4.4.5] that were done with only 13 sentences,
this was the fastest fine-tunning of the model. The number of files is similar to the test [4.4.6|but it took
less than a third of the time to reach the 50 epochs. On the other hand, with 50 more utterances than
the test done on [4.4.7] it took 2h less to finish, and the results are significantly better. This raises the
question of how many files is the sweet spot between training time and quality conversions, and if it is
possible to predict this number using audio files from users that have varying nativeness scores and
recording conditions. The embedding of the utterances used in this fine-tuning were plotted and can be
seen in figure[4.4] showing a clear separation between speakers.

In terms of the Voice Conversion task, the results are the best between all the fine-tuning processes

using the model pre-trained with LibriTTS, and comparable with the initial fine-tuning performed on
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The converted audio files were generated with the Universal Vocoder from the predicted mel-
spectograms and compared with copy synthesized audios from L2-ARCTIC-HQTV. The voice is very
similar to the target and the speech is very natural, even though the fine-tuning was made with under 10
minute of speech from the source speaker.

Both pitch contours from the source utterance and the converted utterance are shown in figure
As in figure[4.3] the pitch contour of the converted was estimated with Harvest, since Wavesurfer was not
able to provide any results. Even though the pitch contour is not an exact copy, which was not expected,
it is possible to see the influence of the source’s prosody in the converted utterance. The variance is
much higher than in the previous test done on and also higher than the utterances from the target

speaker.
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(a) Utterance 0838 from ELSA-REF

0.8848]
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(b) Converted utterance 0838 to the voice of HQTV
Figure 4.5: [EQ] estimation and waveforms of the source utterance 0838 and the converted utterance to the voice of
L2-ARCTIC speaker HQTV. Both waveforms are in the same temporal scale

The pitch contour from another converted utterance can be seen in figure[4.6] together with the pitch
contour from the same utterance converted with the model from test[4.4.2] for an easy comparison. On
the top of figure the pitch contour of the original audio sample containing the sentence uttered by
ELSA’s speech artist is presented. It is possible to see a high variation of the [EQ] value. In the middle,
the converted utterance in the voice of the speaker HQTYV, from L2-ARCTIC dataset, has more modest
pitch variations, but similar temporal markers and speech rate. In the bottom, it is possible to see the
waveform produced in test[4.4.2] of the utterance converted to the voice of the speaker p360 from VCTK.
The speech rate is higher, the pitch is almost flat and the temporal alignments differ greatly from the
source.

With this test, it becomes clearer that with these conditions, the algorithm mostly retains the pro-
nunciation, and even the accent, of the source speaker. There are some phones that hint a slight mis-

pronunciation from the target speaker, more specifically deletions, but this mostly appears to be cases
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(c) Converted utterance 1970 to the voice of VCTK speaker p360, from test|4.4.2

Figure 4.6: FO estimation and waveforms of three audio samples. All waveforms are in the same temporal scale.

where the phones are too short rather than not present. This is a very interesting application for English
learning exercises, such as the ones found on ELSA Speak mobile app. It may allow the speaker to
hear himself/herself with an almost native pronunciation, either as a reference for the exercise, or as a

motivational feature.

With the results obtained in this test, it is possible to move on to the evaluation of the algorithm.

4.5 Evaluation

Similarly to what was done on the previous chapter, the results from the Voice Conversion task were eval-
uated. Despite the fact that this was an initial exploratory approach to the application of Voice Conversion
to language learning, several audio files were produced with enough quality to make this evaluation. An
objective evaluation is not possible, since the audios from the source speaker, L2-ARCTIC-HQTYV, do
not contain the same sentences as ELSA-REF. For this reason it is not possible to run them through
the proposed objective evaluation in the previous chapter or any of the objective evaluations mention in
chapter[2l This means that only subjective testing will be made, more precisely [MOS| and AB testing.

The survey was responded by 40 different subjects.

70



4.5.1 Mean Opinion Score

Three scores are calculated and presented in the table below. These 3 scores correspond to three
different questions. The first two questions were made after presenting the subjects with three audio
samples each:

A - Audio sample from ELSA-REF, corresponding to the source speaker

B - Audio sample from L2-ARCTIC-HQTYV, corresponding to the target speaker

C - Converted sample, resulting from the conversion of the source sample (A) to the voice of the

target speaker produced during test[4.4.8]

Since the datasets are not parallel, there are no utterances from the target speaker with the same
sentence as the source speaker, which means that the source and converted samples have the same
textual content and both are different from the target sample.

The subjects were then asked to respond to the following questions, rating from 1 to 5:

1. Would you say that sample C imitates the duration and intonation pattern of sample A?

2. On a scale of 1 to 5, would you say that sample C retains the voice of sample B?

The third question was made to the subjects after presenting them with 3 different converted utter-
ances produced with the test|4.4.8]

3. How native do these samples sound when compared to an American English Native Speaker?

Table 4.3: Mean Opinion Score and 95% confidence interval of the responses to 3 evaluations of the converted
audio according to 3 different metrics

Metric MOS|
Retention of duration and intonation patterns from source | 3.31 +£0.15
Voice similarity to target speaker 3.46 +£0.16
Nativeness when comparing to American English Accent | 3.45 +0.25

It is important to mention again that this experiment was made to explore the potential of similar
methods, and not to provide a productized version. Nevertheless, the results will be discussed as for
their applicability in a language learning context.

In terms of the retention of the duration and intonation patterns from the source, since this is a fixed
reference (as opposed to the gradual reference presented on the Pitch Transplant algorithm), it has
to capture perfectly the prosodic features from the source. Otherwise, it would be possible that the
reference given to a student would not be correct, and that he/she would be learning these features in a
wrong way. Due to the human tendency to avoid perfect ratings, a score between 4.2 and 4.5 would be

considered enough to use as a reference. This would be necessarily accompanied by a similar rating in
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terms of nativeness, due to the fact that the source is a native speaker. An interesting test on a similar
study would be questioning the subjects about the nativeness of the utterances from the source speaker,
the target speaker and the converted utterances. Then it would be easier to determine the improvement

from the target utterances to the converted ones, in relation to the utterances from the source.

45.2 AB test

The subjects were presented with 3 pairs of audio samples. Each pair contained one sample taken from
L2-ARCTIC-HQTV dataset and one converted sample produced in the test They were instructed
to listen to each pair and chose which utterance had better English pronunciation. The order of the

samples was selected at random.

48.33%

50.00%
40.00%
30.00%
20.00%

10.00%

0.00%

Converted Original No preference

Figure 4.7: AB tests results for evaluating pronunciation

The results reveal a very slight tendency towards classifying the converted utterances as the ones
with better pronunciation. Two different factors may have swayed the opinions to either side. On one
hand, the audio quality of the converted samples is notably worse, which may have led less trained
subjects to chose the audios from the target speaker. On the other hand, the difficulty to read the
different sentences may have tilted the results the other way. The Flesh-Kincaid reading-ease score
was calculated for all utterances. The scores were between 80 and 100 in every sentence (5th and 6th
grade level of difficulty) except for one sentence from the from L2-ARCTIC-HQTYV dataset, which scored
42.4 (college level of difficulty). Because only 3 pairs were evaluated, this one sentence may have had

a strong weight on the overall result.

4.5.3 Yes/No questions

Two extra questions were made on this survey. The first question was made in relation to the same audio
files that were used in the 3rd which were converted utterances produced with the test The
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second question was general and did not involve any audio sample. Both are presented below, as well

as the results of the answers. The indifference option was also given.
1. Would you consider that these samples have enough sound quality to be used as a reference in
an English language learning exercise?

2. Would you be comfortable if, in a language learning context, you would listen to your voice saying

a sentence you never said before?

57.50% 57.00%

60.00% 60.00%

40.00% 35.00% 40.00%

20.00% 20.00%

0.00%
Yes No Indifferent Yes No Indifferent

0.00%

(a) Answers to question 1. (b) Answers to question 2.

Figure 4.8: Answers to the yes or no questions presented to the subjects on the online survey

Due to the experimental character of this Voice Conversion approach, it is not surprising that the
majority of the subjects responded that the audio generated did not have the required quality to be
presented as a reference on a language learning exercise. But it is important to notice that a smaller
percentage disagrees, which may indicate that a huge improvement is not required to achieve this goal.
As to the second question, only a quarter of the subjects would not be comfortable to listen to their own
voices as reference on a language learning exercise, so designing a[CAPT| system as proposed in this

work would likely be well received, at least as an added option.
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5.1 Conclusion

The objective of this thesis was to apply two different techniques to prosody training. It was done in the
context of the exercises available in the ELSA Speak app.

The first approach was taken through signal analysis and manipulation. The output audio was pro-
duced by manipulating the input audio file, which comes with its advantages and disadvantages. Since
there is no pre-training or dataset required, it can be applied instantly to first time users and it gener-
ates results in real time. But the output is generated by manipulating the input audio, so it will maintain
its pronunciation mistakes and audio quality. Also, there is a limitation to how much the audio can be
manipulated without losing the speech naturalness, allowing only for small tweaks.

The second approach was made using a deep learning Voice Conversion algorithm, which is a more
current technology that still has huge potential to improve. It was not intended as a final result, but as
a preliminary exploration of the applicability of this technology in pronunciation training. Several tests
were made with different datasets to understand the limitations of the chosen algorithm. They revealed
that this model maintains some of the prosodic features from the source, but does not copy the exact
speaking style. Also, it is a computationally heavy process and does not cope well with noisy recording
environments. Nevertheless, its results were evaluated and they reveal that this is a capable alternative
and should be developed further.

Even though the first approach presents results faster, it is fairly limited. The second method not
only produces more natural speech, but once the model is trained, it may convert virtually any sentence
without any further input from the user. Also, every year new[VClalgorithms are developed, and it is only
a matter of time until an algorithm such as this can produce near human speech naturalness with very
high quality audio.

On another note, the surveys that were handed out to evaluate both methods contained extra ques-
tions. The answers to these questions revealed that the majority of the responders were comfortable in
having their voices manipulated and used in a language learning context. This encourages further the
application of such systems in English learning apps such as ELSA Speak, or even as complementary
work for English language courses.

5.2 Future Work

5.2.1 Pitch Transplant

In chapter [3] the Pitch transplant algorithm was proposed. All the tests performed with this algorithm,
and the audio files it produced were made using audio files from real users. The only control over the
audio quality was made with the [SNRI filter, which only applied the algorithm when the audio files had
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what was considered workable noise. But it is obvious, from the datasets that were built, that the quality
of these audios is very low. It is difficult to make any manipulation on an already degraded audio source,
and reducing noise would definitely improve results. A method similar to the one implemented in the
Audacity software, which takes a portion of audio containing only noise and attempts to remove it from
the whole audio could provide a significant improvement on audio files with continuous noises. This could
be applied by first recording a small sample, for example one second, before each practice session, and
then using this sample to recognize the noise pattern and remove it on the user’s utterances. Another
option would be implementing a noise-detection method in the app which would only enable the Pitch
Transplant feedback when the background noise would be under a given threshold.

In the Pitch Transplant method, DTWI performs the temporal alignment between the user’s and the
reference’s utterance. The allowed jumps between frames that the algorithm does were chosen in a
conservative way, to try to avoid unnatural speech. But these restrictions influence greatly the behaviour
of the algorithm, and it would be wise to adjust them with the help of a linguist, so that it would be
guaranteed that the pitch and duration markers would be corrected.

Also, the algorithm’s strength comes from the fact that it allows for a gradually evolving reference.
So, in order to really evaluate it, it is necessary to use it in a language learning context. A script was
developed that records the audio, sends it for processing and returns the score and the transplanted
reference for another attempt. But this algorithm includes protected data from ELSA Speak and could
not be sent for remote testing, meaning that the tests would need to be made in person, which was
not possible due to the restrictions imposed by the COVID-19 pandemic. Also, in order to evaluate
the effects of using such technique in language learning would require continuous testing for several
months, and due to time limitations this evaluation could not made. But changing the implementation
and allowing for remote testing could allow for this test to be performed, which would be an interesting

work in the future.

5.2.2 Voice Conversion

The Voice Conversion approach presented on Chapter [4] is, as previously mentioned, a preliminary
exploration of the application of this technology to prosody training. So, even though some results were
obtained and an evaluation was made, these results could still be significantly improved.

In all tests where the model was fine-tuned with audio files from real users, it either collapsed or failed
to converge, most likely due to the low quality of the users’ audio files. But the environments where the
users use the app are not constant, and it is possible that some of the audio files have higher audio
quality and less noise than others. The use of an[SNR| estimator, such as [84], could be an alternative
to select only the audio files with less noise and run the fine-tune with them.

In fact, the model never saw lower quality recordings during the pre-training, which was done with
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a clean dataset of studio quality audio. It is possible that if the same dataset used in pre-training was
augmented with users’ lesser quality audios, it would produce better results after being fine-tuned. On
an extreme case, would the model converge if the whole training dataset was made exclusively of user’s
audios? If it did, it would probably be easier to fine-tune the model and obtain better results. In order to
do this it would first be necessary to guarantee the audios from each user contain recordings from one
single speaker, which would be possible using a speaker recognition algorithm.

As mentioned before, one of the side-products that was seen in the results, is the fact that the model
removes the majority of the pronunciation mistakes seen in the utterances of the target speaker. It would
be interesting to perform further testing on the application of this model to pronunciation training focused
on the segmental aspects. It could be applied to an earlier phase of language learning as a motivational
goal for new learners.

After the work on this thesis was finalized, during the INTERSPEECH 2020 conference, new
methods were proposed that could possibly produce better results than the chosen algorithm. One
example is the algorithm proposed in [100]. The audio samples shared by the authors seem to keep the
prosody features from the source. Another paper focuses its work in developing a technique to transfer
the source speaking style in a non parallel voice conversion task [101]. lts performance is compared
with two baseline models, one of which is the selected model in chapter[d The evaluation showed that
the model retains the source speaking style better than both baselines. Even though the code is not
publicly available, it would be interesting to test the performance of such an algorithm in the context of
prosody training.

Similarly to the future work suggested for Pitch Transplant, it would be interesting to productize this
model and apply it in a real environment where the progress of the students could be monitored. The
study would consist of having a group A doing prosody training with the reference sentences in their
own converted voices, and group B practicing with the native speaker’s audio. After a period of time, the

progress of each group of students would be analyzed and compared.
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User Datasets

This Appendix includes detailed information about the audio files in each dataset used for the develop-
ment and test of the Pitch Transplant Algorithm. The audio files in these datasets contain protected data

from Elsa Corp. and are therefore omitted in the public version of this text.
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