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Abstract

Speech processing was studied by looking at brain processes underlying speech per-
ception and production. Existing models of speech and empirical data propose that
producing speech decreases neural activity relative to perceiving speech (termed
Speech-Induced Suppression - SIS). SIS is associated with monitoring the intended
auditory targets against perceived speech output. SIS has been frequently reported
at cortical levels but not at subcortical levels. If SIS occurs at subcortical levels,
then speech processing models would be expanded to incorporate these in the inter-

nal sensory prediction (i.e. the intended auditory targets).

Auditory tonal stimuli were used in this thesis. Such stimuli are commonly
used in research on subcortical activity during speech perception. Knowing what
the benchmark response (i.e. subcortical activity to tones in speech perception)
looks like, allows us to compare our findings made during speech production to

speech perception research.

The first four studies recorded cortical activity using EEG, a common method
in studying SIS. The same experimental conditions were used across the studies to
facilitate comparison. The results showed a large variation in the magnitude and
direction of the SIS effect across conditions and experiments. Even though mean
amplitudes appeared to indicate than the cortical activity was indeed suppressed in
some cases, when the random effects were controlled for using linear mixed models,
the suppression was not significant. A potential explanation of this result might be
that the alien voice auditory stimuli played during the experimental tasks were not

recognised as one’s own. This mismatch would preclude occurrence of SIS.

SIS was tested for the first time using functional near-infrared spectroscopy
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(fNIRS) using the same experimental conditions that were used in the EEG studies.
The suppression of the fNIRS signal (HbO peaks) was not significant. However,
the haemoglobin concentration plots suggested that the responses to conditions that
involved vocalisation differed from those that did not.

This thesis also describes attempts at recording subcortical responses (FFR)
during speech production. SIS has been reported at the brainstem level in the past
(Papanicolaou, Raz, Loring, & Eisenberg, 1986) but this required further explo-
ration because of procedural issues in the study. Recording FFRs during vocalisa-
tion was attempted here to test whether subcortical activity is suppressed. This re-
quired the development of a processing pipeline to extract clean signals (FFR) from
brainstem recordings during speech production. Recording FFRs during speech
production turned out to be very challenging. Methodological improvements in-
troduced in the later experiments improved signal quality but it was far from the
standard achieved during speech perception.

Combining these two strands of research, i.e. SIS on cortical and subcortical
level, led to methodological improvements. The main theoretical contribution of the
thesis is the finding that SIS cannot be consistently observed when an external audio
stimulus is presented whilst speech production occurs concurrently. This result
agrees with a previous finding which described that less prototypical speech sounds
are less suppressed (Niziolek, Nagarajan, & Houde, 2013). These results support
speech models which postulate that suppression is due to matching predicted and

perceived feedback.
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Existing models of speech processing include explanations of speech production,
but neural control of production is notoriously difficult to study due to movement
artefacts introduced by the articulatory system. This thesis presents methodologi-
cal improvements leading to good quality data that can be used in studies on speech
production. Such studies are crucial for improving the understanding of speech pro-
cessing networks. The last experiment in this thesis shows that speech production

can be studied using a new neuroimaging technique.

Experiments described here show how data quality (ERP and FFR) recorded
during vocalisation can be improved by controlling for movements and simplifying
utterances. These methods could be useful in basic research about speech pathways.
Currently there is a lot of discussion about the underlying pathways controlling
speech and related processes so showing how to improve data quality should have

widespread impact.

Tracking subcortical responses to pitch in the past has mostly been studied in
speech perception but this thesis shows how to expand examination to speech pro-
duction. FFRs in clinical settings are mainly used to measure hearing loss in young
children (Zhou, Dornan, & Hinchion, 2012), but future researchers and clinicians

can extend FFRs to measuring activity related to speech production.

Speech-Induced Suppression is a phenomenon reflecting the interaction be-
tween speech production and perception. It has been widely used to specify mod-
els of speech processing. The last experiment in this thesis showed that this phe-
nomenon can be studied using new neuroimaging technology - fNIRS. Even though

a suppressive effect of producing speech was not found in this study, this approach
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shows the potential of using fNIRS to study speech, and particularly vocalisation.
This thesis included several complex analytic pipelines which can be re-used
by researchers working on similar problems. The code used to analyse data is freely
available online. Additionally, a new open source package was developed to facil-
itate working with fNIRS data. The reusable code represents the best practices in

scientific computing (Eglen et al., 2017).
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Chapter 1

General introduction

1.1 Whatis speech?

Speech is one of the essential human abilities. We hear and produce speech ev-
ery day without giving it a single thought. Producing and understanding spoken
language is one of the major evolutionary advantages that allowed humans to dom-
inate the environment. It allows us to transfer information, warn of dangers, make
social interactions, or in uence others. Given the role that speech plays in our lives,
it might be surprising that there are still many mysteries surrounding the process of

speech production and perception.

Producing speech requires a combination of planning what to say, how to say it,
and nally saying it. Articulating speech requires coordination of brain structures
that control multiple muscles simultaneously. Perceiving and deciphering speech
involves a complex transformation of a sound wave into an electrical signal which
is then turned into a meaning that we can act upon. Sound (audible pressure wave)
travels from the ear where the mechanical signal is converted into an electrical sig-
nal which then goes through several areas of the brain that make sense of that signal.
The exact pathway that sounds travel through is still unknown. A particular type of
sound, speech is produced by humans and carries a meaning. Acquisition of speech
perception and production skills happens in early development and these skills im-

prove dramatically in the rst year of life (Kuhl, 2004).

The complexity of speech is apparent when learning a new language.
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Language-learners are incapable of producing particular sounds or cannot reli-
ably distinguish between contrasting forms. Native speaker of non-tonal language,
like English, have dif culties in distinguishing tones of Mandarin Chinese or Thai.
Even after learning one of these languages for many years, certain acoustic features
can remain far from sounding native-like in production or can be hard to distinguish
in perception (Kuhl, 2004).

Theorists suggest that producing and perceiving speech are closely related.
Several models (described later in more detail) have been developed to explain
speech. Some of the prominent models include Directions Into Velocities of Ar-
ticulators (DIVA), Motor Theory of Speech, Dual-Stream Processing Model, and
Generative Model (respectively by Guenther, 2006; Liberman & Whalen, 2000;
Price et al., 2011; Rauschecker & Scott, 2009). The relationship between speech
perception and production becomes particularly obvious when hearing one's own
voice delayed. For instance, while speaking on the phone. This speech delay can
make speaking highly challenging as predicted auditory feedback (i.e. what we say)

is different from is actually heard (delayed feedback).

1.2 What makes studying speech production dif -

cult?

Speech is one of the capacities that distinguish humans from other primates. Al-
though monkey vocal tracts have something like the anatomy that is ready for pro-
ducing speech, the lack of this skill suggests that not only developed articulatory ap-
paratus but also brain development is what makes speech possible (Fitch, de Boer,
Mathur, & Ghazanfar, 2016). Other motor skills are easier to study in animal mod-
els, but it is not possible with speech. However, ndings from primate (Ackermann,
Hage, & Ziegler, 2014) and bird studies (Doupe & Kuhl, 1999) have helped speech
scientists. Primate calls and bird songs bear some similarity to human communi-
cation but are less complex and they cannot be always used as a model of human
speech.

In order to produce speech, humans need to coordinate several complicated
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systems, i.e. vocal tract, breathing, motor planning, and motor execution. In addi-
tion, mastering of mapping of sounds to speech movements or intonation is neces-
sary. Running experiments on speech production is dif cult. Producing speech is
highly variable, even within-participant utterances vary, not to mention differences
across participants. Neuroscientists trying to study speech production face problems
related to the artefacts caused by speech-related movements, which make it hard to
disentangle brain activity related to speech movements from that of other aspects
of speech production (e.g. monitoring or planning). The vast majority of currently
used neuroimaging techniques are sensitive to movement, and speech production in-
volves movement. EEG, used in this thesis, is one such technique that is affected by
movements. However, new neuroimaging approaches, like fNIRS, which are less
sensitive to movement are being deployed for studying speech production. Con-
trolling speech-related movements can be a challenge during the experiments as
too much movement might distort a signal but not enough of it might make speech

production unnatural.

Speech production experiments can generate rich and varied data sets. For
instance, this thesis required collection of behavioural, audio, and neuroimaging
(using two techniques) data. Cleaning and analysing these data sets require a wide
set of skills. Phonological and neuroimaging data are particularly complex and
there exists a range of approaches to analyse and Iter them. These analyses require
understanding of digital signal processing, phonology, and neuroscience-speci c
approaches. Actual analysis might also require advanced data analysis skills and

programming as these data sets are not always suitable for available solutions.

These are some of the challenges that experimental scientists studying speech
production need to face. However, over the years a wide range of solutions has been
developed to enable study of speech (Piai, Ries, & Knight, 2015). Nonetheless,
speeclhperceptionremains a topic which is easier to control thaoductionand as
such has been more prominent in the neuroscience of language. Speech production

might have been less studied but is equally important and interesting.
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1.3 Tone, pitch, and frequency

Interest in tones goes back at least as far as Greek and Roman philosophers. Appar-
ently, Pythagoras was already experimenting with the properties of string vibrations
(Goldsmith, 2012). Ancient Chinese scholars wrote about musical pitch and musi-
cal theory around the same time. The oldest inscription of this kind was found in the
tomb of Marquis Yi of Zeng who died in 433 BC (Bagley, 2005). However, a sci-
enti ¢ approach to studying tone and acoustics can be traced back to Galileo at the
onset of the Scienti ¢ Revolution, and Helmholtz in more recent times. Galileo was
the rst to describe the relationship between pitch and frequency iDlEbgues
Concerning Two New Scienc@Soldsmith, 2012). Galileo's approach is surprising

to modern scientists, as the explanation of musical tones was given in a form of a
dialogue between thredter egosof the author: Simplicio, Sagredo, and Salviati.
Helmholtz's contributions to the eld of acoustics resemble more closely contem-
porary scienti ¢ practice. His ndings are described in his boldke sensations of
tone Helmholtz wrote that tone “depends solely on the length of time in which each
single vibration is executed” (Helmholtz, 1885/1954, p. 17). This early scienti ¢
study of tone not only describes physics experiments but also goes into detail on
musical tones. Moving to the 2century, the same concepts of frequency, pitch,
and tone are still topics of interest to scientists in various disciplines. Physicist, pho-
neticians, psychologists, neuroscientists, linguists and many other still study these

phenomena.

Pitch is the perceptual property of frequency and variations in pitch lead to
different tones on syllables. Pitch is the subjective correlate of an audio frequency
(a periodic vibration), which is objective and can be measured in Hertz. The lowest
frequency of any periodic signal is called the fundamental frequency (F0). Partic-
ular patterns of pitch movements in a given language can be classi ed and given
separate names. For instance, a at and steady tone in Mandarin Chinese is also
known as the rst tone. The term 'tone’ is also used in music to describe a sound

with particular properties (pitch, loudness or timbre).

Languages can use tones to distinguish between word meanings, leading to the
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so-called lexical tones (Yip, 2002). Even though this type of language is relatively
uncommon among the European languages (some exceptions being Swedish and
Serbo-Croatian), around 60-70% of world languages are tonal (ibid.; p. 1). Man-
darin, the language with the largest number of native speakers (around 909 million
at the time of writing; Simons & Fennig, 2018), is a tonal language and the one

studied in this thesis.

Intonation is a variation of pitch that typically extends over more than one syl-
lable. Using different intonation patterns can lead to the same phonetic features
having different grammatical meanings. For instance, English speakers use intona-
tion in sentences to differentiate a question from a statement. Asking questions in
English would mostly involve using a rising pitch. As mentioned, pitch movements
for intonation work over larger speech units than monosyllabic word segments (as
is a case of lexical tones). It extends over units like syllables, words, or phrases.

Intonation is one prosodic element used in language.

Torreira, Roberts, and Hammaiatn (2014) studied 307 languages from the
World Atlas of Linguistic Structures. They looked at the relationship between the
lexical tone and utterance-level intonation. Their analysis showed that there was an
increasing chance of developing grammatical structures marking questions in tonal
languages compared to intonation-only languages. The results showed that overall,

lexical tones in a language make utterance-level intonation less prominent.

Auditory features (e.g. FO or pitch) are encoded in the neural signal at the
subcortical level and these features can be extracted from recordings of the brain
(Kraus, 2011). FFR is a type of neural activity response, recorded using EEG de-
vice, which allows measuring the delity and precision of encoding sounds (Coffey
et al., 2019). Auditory signals move from the cochlea through the auditory nerve
and to the brainstem. The rostral brainstem shows a sustained phase-locked neural
activity which tracks the acoustic features of the auditory signal. This neural activity
preserves temporal patterns which are relevant to distinguishing tones. This makes
using tone stimuli, that vary in FO, an ideal material for studying speech processing

at subcortical levels.
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Auditory information is processed by the brain in two pathways (see section
1.4.2 for more detail). In the top-down pathway cortical level in uences subcor-
tical level. Recent ndings (Coffey et al., 2019) combine multiple neuroimaging
techniques (e.g. Frequency Following Response (FFR), and Electroencephalogra-
phy (EEG) or Magnetoencephalography (MEG)) for studying both levels. Coffey
et al. (2019) suggest that encoding of tonal information is impacted by both levels.
Tonal stimuli are currently commonly used to study speech processing in subcortical
and cortical areas (e.g. Coffey, Musacchia, & Zatorre, 2017; Krishnan & Gandour,
2009).

Perceiving pitch, as other elements of auditory signals, depends on neural pro-
cesses. Norman-Haignere, Kanwisher, and McDermott (2013) studied which cor-
tical pitch regions are involved in this process using fMRI. They found that the
anterior auditory cortex is responsible for pitch perception. An additional element
of their analysis was the effect of resolved and unresolved harmonics on the corti-
cal response. Resolved harmonics are lower frequency (lower than 1 kHz) sounds
which are separated in the cochlea. These resolved harmonics are the primary driver

of the activity in the cortical pitch regions.

Experiments have manipulated pitch feedback to understand the mechanisms
involved in speech production (Burnett, Freedland, Larson, & Hain, 1998; Elman,
1981; Jones & Munhall, 2000). Manipulation of pitch in auditory feedback, and
subsequent compensatory speech production (making up for the pitch differences)
are consistent with feedforward and feedback processes of speech models. These
models, e.g. DIVA (see section 1.4.1 for more detail), highlight the importance of
speech perception in guiding accurate speech production. In DIVA, repeated en-
counter of speech sounds creates a sound map in which each sound is represented
by a cell. Feedforward processes involve a speech sound map sending motor com-
mands (articulatory gestures) to articulator velocity maps (pairs of cells encoding
characteristics of various articulators, e.g. lips or larynx). Feedback processes ad-
just production based on the expected and heard speech perception (Tourville &

Guenther, 2011). Pitch also requires study because it is dif cult to acquire in per-
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ception and production. Native speakers of non-tonal languages (i.e. the majority
of Western languages) are not exposed to many tones and this means that the effect
of exposure can be studied.

The above-mentioned properties of FO (and also pitch and tones) and their use
in prior speech research led me to use tonal stimuli to study sensory-motor aspects
of speech processing. Tonal stimuli carry auditory information that is encoded at
subcortical and cortical levels. Recent studies (e.g. Coffey et al., 2017) have demon-
strated that tonal stimuli can also be used to study the relationship between subcor-
tical and cortical activity. This thesis tackles similar issues so tonal stimuli were

deemed appropriate.

1.3.1 Properties of rising and falling tones

Mandarin Chinese is a widely spoken language and it contains lexical tones so it
was used as a source of stimuli in the experiments described in this thesis. The
tones used were not natural Mandarin tones but were based on patterns of pitch
movement for this language.

Different Mandarin lexical tones are characterised by their fundamental fre-
guency (FO) trajectories (see Figure 1.1 where FO is plotted over time for the four
tones). The four maintones have distinct FO trajectories which are fairly consis-
tent when produced in isolation but change in continuous productions (Xu, 1997).
The changes are perceived as pitch changes by listeners. The pitch variations are
produced by changing the mass and stiffness of the vocal folds using the muscles of
the larynx (Yip, 2002). Pitch contours that have been modi ed to some extent (e.g.
pitch range of the falling tone - Tone 4) are still recognisable by native Mandarin
speakers (Kong & Zeng, 2006; Lee, Tao, & Bond, 2008). Rising and falling tones
involve single muscle manoeuvres so they were used in experiments presented in
this thesis as they should be the simplest to learn.

Some ability to control tone movements was expected in native English speak-

ers because of the relationship between intonational movements and the lexical

IMandarin also uses a fth tone, so called neutral tone, which is not always counted as an addi-
tional tone (Yip, 2002).
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Figure 1.1: Tone contours for the four Mandarin Chinese tones extracted from syllable /ma/
produced by a native male speaker (adapted from Lee, 2000). Tone 2 (rise) and
4 (fall) were used as stimuli in this thesis.

tones in Mandarin. However, the two modes of control have different functions
in language (Keating & Kuo, 2012). Mandarin is reliant on tonal information (but
also on linguistic context) to distinguish the meaning of the same consonant-vowel
(CV) syllables whereas English does not. The phonological pro le of both lan-
guages also differs, Mandarin speakers tend to use a wider range of FOs and have
higher mean FO for single words and utterances (Keating & Kuo, 2012). The long-
term interest of our work is in using rises and falls primarily to establish properties
of feedback control when rise and fall manoeuvres are being learned. To do this, a
suitable paradigm for investigating brainstem and cortical activity in production of

tones is required. Experiments 1-4 were directed at this goal.

1.4 Speech perception and production

A systematic review of published speech studies found that there is a large overlap
between the brain regions responsible for speech perception and production (Skip-
per, Devlin, & Lametti, 2017). Quantitative and qualitative reviews of the existing

literature led the authors to conclude that many parts of the brain are involved in
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speech-related tasks and that distributed areas are dynamically involved in speech
processes. The authors highlighted that speech perception is important for speech
production and vice versa.

Speech production and perception are interconnected and this link is observed
not only on the neurophysiological, but also on the behavioural level. Humans base
their production on perception, changing the voice accordingly, e.g. speaking in a
raised voice when they wear headphones. Observing others' productions can also
in uence our auditory perception, which is evident in the McGurk illusion (McGurk
& MacDonald, 1976).

The relationship between speech perception and production has also been stud-
ied by employing direct perturbation of the cortex using transcranial magnetic stim-
ulation (TMS). Watkins, Strafella, and Paus (2003) observed that both listening to
and viewing videos of lip movement (while listening to white noise) increased the
cortical activity of speech motor regions when compared to control conditions (lis-
tening to non-verbal sounds or viewing videos of eye and brow movements while
listening to white noise). They applied TMS during listening (speech or non-verbal
sounds) and viewing (speech-related lip movements or eye and brow movements)
to the face area responsible for lip muscles. The recorded motor-evoked poten-
tial was enhanced during speech-related tasks. This effect was limited to the left
hemisphere, which is specialised in linguistic processing. These results suggest a
relationship between speech production, and auditory and visual speech perception.

Brain areas engaged in perception of an action and performing this very action
can overlap (Lametti & Watkins, 2016). This kind of overlap was traditionally
studied in relation to motor activities like grasping objects and suggests that the
somatosensory system is involved in motor learning during observation. Motor
areas involved in speech production have been observed to be active while listening

to speech (Wilson, Saygin, Sereno, & lacoboni, 2004).

1.4.1 Theoretical models

Probably the best-known early nding about speech was made by the French physi-

cian Paul Broca in the 1860s. He examined lesions in the brain of a patient who was
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unable to say anything other than the single syllahie(Broca, 1861). When the
patient went to autopsy, Broca localised areas that were, in his view, responsible for
speech production. These areas are until this day known as Broca's area and include

Brodmann's area 44 and 45.

Another classic study of aphasia was conducted by Carl Wernicke who de-
scribed patients whose speech was uent but lacked meaning. Another character-
istic of Wernicke's aphasia were repetitions and impaired comprehension. These
patients had lesions in the superior temporal gyrus of the dominant hemisphere, in
the area currently known as Wernicke's area and corresponding to Brodmann's area
22 (Thompson & Kielar, 2014).

In 2007, a group of researchers from Paris and San Diego (Dronkers, Plaisant,
Iba-Zizen, & Cabanis, 2007) examined the preserved brains of Broca's original
patients using magnetic resonance imaging (MRI). They found that the patients
showed damage not only in the Broca's area, but also in other parts of the frontal
lobe. These results demonstrate how even the most prevalent knowledge can be ne-
tuned using new methodological approaches. The idea that language is localised in

a particular area is gradually being abandoned.

Development of new neuroimaging techniques and a large number of studies
on neurobiology of speech and language showed that speech processing is more
complex and widely distributed across the brain than was previously thought. In the
words of David Poeppel (2014), "the age of Broca's and Wernicke's areas and the

era of left-hemisphere imperialism is over”.

Several speech models have been developed over the years that combine the
empirical ndings and attempt to provide a coherent explanation of speech process-
ing. The existing models, e.g. DIVA, have gradually been extended over the years
to enhance our understanding of speech. Speech models contain different subsys-
tems and their speci c architecture varies but a common point is the existence of

subsystems for monitoring of speech.
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1.4.1.1 Motor Theory of Speech Perception

One of the early in uential theoretical explanations of speech was the Motor Theory
of Speech Perception developed by Liberman and Mattingly (1985). The initial
model focused on speech perception but was gradually expanded to include speech
production as well (Liberman & Whalen, 2000). Their model is based on three
assumptions. The rst one is that phonetic motor structures (articulatory gestures)
are the basic elements of language. The second assumption is that these motor
structures are controlled by a specialised phonetic module. The last assumption of
this model is about the existence of a complex relationship between the acoustic
signal and the underlying articulation gestures. Speech perception in this model
leads to effortless extraction of the underlying articulatory gestures by the phonetic

module.

1.4.1.2 Internal forward models

The interaction between speech production and perception can be studied by ex-
amining the functioning of forward models. Forward models are a type of internal
models which are used in monitoring consequences of actions, for instance speech.
These forward models are explained in a slightly different way by the main theoret-
ical models (described below).

Tian and Poeppel (2010) proposed a speech production model involving two
internal forward systems: one responsible for the status of articulatory apparatus,
and the second responsible for its auditory perceptual output. Both systems work
in series. The auditory predictions in this model are generated at the same time
as motor commands. Assessing the internal forward model requires activating the
mental imagery of speech. This can be achieved using experimental conditions like
covert speech (i.e. silent mouthing) as they do not produce auditory feedback. Tian
and Poeppel (2010) recorded neural activity using MEG during overt and covert
versions of articulation and hearing tasks (four tasks in total). Their results showed
that covert articulation led to an activation of the auditory cortex which can be
interpreted as demonstrating the anticipation of auditory targets in covert speech

production. This mechanism is the basis of the second internal forward model,
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which anticipates auditory targets via an auditory efference copy. These results
were far from conclusive and other theoretical descriptions of speech monitoring

have been developed.

1.41.3 DIVA

Theoretical models of speech are gradually incorporating new empirical ndings
or methodologies and are constantly evolving, leading to models being updated by
their authors over years. One such well-known model is DIVA which was devel-
oped by Frank H. Guenther and collaborators since 1992 (the evolution of DIVA
is described in Guenther, 2015) and it has had several iterations. DIVA is a neu-
ral network model that can simulate the movements of the vocal tract to produce
speech. This computational model can predict high-level activations of brain re-
gions in speech-related tasks and then improve the model itself by taking into ac-
count the ndings of neuroimaging studies (Tourville & Guenther, 2011). DIVAs
novel approach lies in its simulation of the entire speech processing network which
can provide predictions regarding various elements of the model (e.g. acoustic, so-
matosensory, learning rates, or activity levels). These predictions can then be tested
experimentally and used to improve the DIVA model. The code for the model is
available on the authors' website and can be tested against new ndings.

DIVA consists of two main control systems: feedforward and feedback. These
systems are used to control the vocal tract. Speech sound map is a central element
of the DIVA model. It maps (encodes) previously encountered speech sounds. This
map consists of cells which guide motor, somatosensory, and auditory processing
(an early version of DIVA is presented on Figure 1.2). Motor cells encode move-
ments of the lips, the jaw, the tongue, and the larynx (Tourville & Guenther, 2011).
The majority of feedback control stages occur in cortical areas (temporal, parietal,
premotor, and motor) but subcortical areas (nuclei) are also involved in auditory
feedback.

Feedback mechanism are used in the later stages of speech productions, in
which auditory and somatosensory activity is modulated by respective internal rep-

resentations of planned outcomes (Guenther, 2016). Auditory and somatosensory
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subsystems are used to tune the speech sound map based on potential discrepancies
between expected and actual feedback received during speech production.

In this model predictions about somatosensory and auditory processing occur
in parallel to the motor output. This order of processing is similar to the one in a
model by Price et al. (2011).

1.4.1.4 Generative model

The generative model of Price et al. (2011) is based on a principle that inputs to
lower-levels of the model are predicted by higher-levels. If these predictions result
in an error, then this error is used for optimising future predictions (i.e. predictive
coding). Price et al. (2011) conducted a study which experimentally tested predic-
tions of two previously mentioned speech production models. Many neuroimaging
studies into speech monitoring focused on auditory feedback rather than on auditory
prediction (feedforward) so Price and colleagues tried to address this issue by using
speech tasks which did not involve producing speech. The authors recorded fMRI
activity during a silent mouthing task and compared it to control condition which
involved non-speech mouth movements. Their results suggested that brain activa-
tion related to an internal model of speech production occurs in parts of Broca's
and Wernicke's areas. According to a model developed by Tian and Poeppel (2010)
this activation should occur in the sensory cortex. A model by Guenther (2006)
predicted activation in the ventral premotor cortex. The fMRI results by Price et
al. (2011) did not match any of these predictions so the authors proposed their new

model (see Figure 1.2).

1.4.1.5 Dual-stream models

A concept of two pathways in auditory processing can be traced back to Wernicke's

work in the 1870s. The modern version of a dual-stream model of speech processing
was developed by Hickok and Poeppel (2007). The authors realised that neural
organisation of speech processing is task-dependent so a model should re ect this
organisation. Speech is processed in two streams: ventral and dorsal. The ventral
stream is responsible for comprehension, and it involves superior and middle areas

of the temporal lobe. The dorsal stream is responsible for speech development and
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Figure 1.2: Comparison of internal models of speech production. Adapted from Price et al.
(2011).
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normal speech production, it is involves the posterior frontal lobe, the posterior
dorsal areas of the temporal lobe and parietal operculum. The dorsal stream is
strongly left-dominant.

Rauschecker and Scott (2009) used neuroanatomical ndings from nonhuman
primates to propose a dual-stream speech model consisting of 'what' and 'where'
streams. It was based on the assumption that human mechanisms of speech and
language are similar. The existence of two streams in this model resembled that of
Hickok and Poeppel (2007) and was similar to models of visions containing dual
processing streams. Both streams in the auditory model start in the auditory belt.
The antero-ventral stream responds to native speech and intelligible speech. The
postero-dorsal stream is involved in processing of complex sounds and integrat-
ing inputs from several modalities. The postero-dorsal stream is responsible for
comparing the auditory sensory information with the speech motor plans (efference
copy). This model closed the loop between speech perception and production, as

these two tasks are connected in spoken language.

1.4.1.6 Criticism

Mylopoulos and Pereplyotchik (2013) in their comment to an article in favour of
forward models (Pickering & Garrod, 2013), suggested an alternative explanation.
In their parsimonious model, the plan of utterance is compared to the sensory feed-
back. According to these researchers, studies commonly cited in support of forward
models (Heinks-Maldonado, Nagarajan, & Houde, 2006; Tian & Poeppel, 2010;
Tourville, Reilly, & Guenther, 2008), might just as well be explained by their own
approach.

Skipper et al. (2017) after reviewing the literature concluded that none of the
existing models (classical or dual-stream) can fully explain empirical ndings sug-
gesting that speech processing is performed by dynamically changing multiple net-
works. Speech processing is complex and dynamic so it is dif cult to pinpoint the
exact regions involved in this phenomenon. According to the authors, developing
a dynamic complex network oriented neurobiological models is the answer to the

shortcomings of the current models. Studies presented in this thesis were not de-
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Figure 1.3: Schematic view of the two-way auditory system in perception (adapted from
Kraus, 2011). Thin grey arrows represent afferent (ascending) system: sound
moves from the cochlea to the auditory cortex. Red arrows represent efferent
(descending) system that constantly in uence afferent systems. The efferent
system originates in the auditory cortex (brown colour), but also in other ar-
eas like the limbic system. The efferent system also in uences the auditory
midbrain, one of the sources of FFRs.

signed to answer questions about a speci ¢ model of speech processing.

1.4.2 Afferent and efferent auditory systems in speech process-
ing

The current view of the auditory system is that of an interrelated system, which
merges lower and higher structures (Kraus, 2011). This interpretation of the audi-
tory system means that cortical and subcortical areas in uence each other. Kraus's
(2011) model of this process is shown in Figure 1.3. The auditory pathways can
be divided into efferent (called top-down, descending, or corticofugal) and affer-
ent (also called bottom-up, ascending). This model highlights the importance of
subcortical areas more than the models described in the sections above.

The efferent system sends auditory information from cortex to brainstem. The
projection in this pathway start in the deep regions of auditory cortex, and goes to
the medial geniculate body, inferior colliculus, or subcollicular nuclei (Suga, Gao,

Zhang, Ma, & Olsen, 2000). One of the functions of the efferent system is the ad-
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justment and improvement of auditory signals in subcortical auditory nuclei, and
reorganisation of cochleotopic maps, which were discovered in non-human mam-
mals (Suga, Xiao, Ma, & Ji, 2002).

The afferent system projects the signals from cochlea up to the auditory cor-
tex. Nerve bres from the cochlea join the Vilicranial nerve, and then go the
cochlear nucleus (CN) in the brainstem. The pathways from the CN lead upwards
through the superior olivary complex, nuclei of the lateral lemniscus, inferior col-
liculus, and medial geniculate body until they reach the auditory cortex (Schnupp,
Nelken, & King, 2011). Also in this system, feedback is used extensively, including
descending projections. These connections between afferent and efferent systems

make it dif cult to draw a clear boundary between them.

The existence and location of the place connecting perception and production
remains unknown, but possible points of contact (superior temporal gyrus, inferior
colliculus, and reticular formation) have been previously proposed (see Figure 1.4).
Experiments in this thesis do not address this question because the technique used
(EEG) is not suitable for studying exact location of brain activity. However other

techniques (e.g. fMRI or PET) could clarify the issue.

Articulating a syllable silently concurrent with its presentation, improves iden-
ti cation of that stimulus (Sato, Troille, Mnard, Cathiard, & Gracco, 2013). Even
when a sound is high in intelligibility, silent mouthing speeds up the recognition of
a presented sound. This result suggests the existence of internal motor-to-sensory
predictions. These predictions (efference copy) are consistent with the feedfor-
ward speech model. Silent speech was also used in an fMRI study by Price et
al. (2011) in which the researchers tried to localise the brain areas responsible for
auditory feedback. Their study compared the activations during silent speech pro-
duction, non-speech mouth movements, nger tapping, and visual xation. The
results showed the higher activation in Broca's (left dorsal pars opercularis) and
Wernicke's (left posterior superior temporal sulcus) areas during silent speech com-
pared to non-speech mouth movements. These areas were suggested as the location

for predicting articulatory outputs.
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Figure 1.4: Proposed model of efferent inhibition at cortical and subcortical level (adapted
from Zhang, 2013). PMC = premotor cortex; MC = motor cortex; LMC =
laryngeal motor cortex; STG = superior temporal gyrus; ACC = anterior cingu-
lated cortex; PAG = periaqueductal grey; IC = inferior colliculus; LL = lateral
lemniscus; MGB = medial geniculate body; SOC = superior olivary cortex; CN
= cochlear nucleus (adapted from Zhang, 2013).

1.4.3 Speech-Induced Suppression

Speech-Induced Suppression (SIS) is a phenomenon showing how articulation in-
uences brain activity. SIS can be interpreted as being caused by the efferent copy
inhibition. This inhibition may result from priming of the auditory cortex by cen-
tres commanding speech motor actions (Curio, Neuloh, Numminen, adustn

Hari, 2000). SIS is attributed to the interaction between the sensory-motor pre-
diction (what is expected) and the actual auditory feedback (what is being heard).
Motor-induced suppression of neural responses to overt speech production has been
suggested to be a result of the brain being able to distinguish between the sounds
produced by the self against non-self (Behroozmand & Larson, 2011). This com-
parison could be affected by comparing motor predictions (efferent copies) with the

external stimuli. The term efference copy (introduced by Holst and Mittelstaedt
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(1950), as reported by Tourville and Guenther (2011)) signi es a copy of the ex-
pected outcome of a motor command. This concept was initially applied to motor
control of eyes and hands but eventually was also applied to speech (Niziolek et al.,
2013).

SIS is also known aSpeaking-Induced Suppressi®@ome authors (e.g. Perez
etal., 2012) us&peech-Related Suppressiomescribe lower amplitude of a neural
signal during speech perception compared to speech production. In this thesis SIS
is used to signify the attenuation of neural signals dusipgech productiorelative
to speech perception. The term suppression is used inconsistently in the literature; it
has been used to signify both higher amplitude (Behroozmand & Larson, 2011) and
lower amplitude (Numminen, Salmelin, & Hari, 1999) of neural signals, mainly
MEG or EEG components, in speech production compared to speech perception.
Behroozmand and Larson (2011) developed their own normalised suppression index
which measured absolute difference between peak N1 component in listening and
in vocalisation. This difference was then divided by the absolute value of N1 in
listening, and multiplied by 100. ERP plots in their paper demonstrate that the
difference between both conditions were due to higher amplitude in vocalisation.

In this thesis | will write about suppression meaniageringthe amplitude.

SIS has been reported using several neuroimaging techniques (see below for
details) and is one of the crucial elements of the speech models showing the inter-
action between speech perception and production. Neural suppression caused by
vocalisations has also been observed in non-human primates like squirrel monkeys

(Muller-Preuss & Ploog, 1981) and marmosets (Eliades & Wang, 2005).

The bulk or early speech studies that used EEG focused only on perception.
Speech production was avoided because of the perceived dif culty in recording
clear signals (Ganushchak, Christoffels, & Schiller, 2011). However, in recent years
interest in studying speech production with EEG has increased. The rst study
involving overt speech production and EEG was published by Duncan-Johnson and
Kopell (1981), as reported by Ganushchak et al. (2011).

One of the issues facing researchers exploring SIS is the matching of speech
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production to perception. Several ways of dealing with this problem have been
developed. A common experimental paradigm involves comparing neuroimaging
responses to the same audio stimulus used in perception (listening to it) and pro-
duction (vocalising it), e.g. Sato and Shiller (2018); Sitek et al. (2013). Using the
same stimulus means that elicited neural signals should correspond to roughly the
same sound characteristics. The stimuli are accompanied by the time trigger which
allows comparison of brain responses. Speech studies produce cross-modal data,
e.g. audio and neuroimaging, so adjusting these signals is critical. The most com-
mon solution is to add event-initiated triggers to the recorded signals, e.g. triggers
are sent when speech production starts. This approach was taken in the experi-
ments described in this thesis. However, producing speech might introduce small
time-variation which is harder to account for. In recent years, novel computational
techniques have been developed that can solve this issue (see section 7.4.1 for more
examples). Canonical correlation analysis (CCA) is one such technique which is
suitable for nding relationships between data in different modalities (H.-T. Wang

et al., 2020). Itis a fairly recent approach in neuroscience but might be particularly

suitable for future research on neuroscience of speech production.

Using auditory feedback is another approach to study the relationship between
speech perception and production. In some cases, e.g. Behroozmand and Larson
(2011), participants would hear feedback of their own speech sent through ear-
phones at the time when speech was produced. This approach means that char-
acteristics of played sounds can be controlled. Pitch-shifting of the auditory feed-
back (own voice) is a popular sound modi cation. This allows eliciting reactions
due to perception of an unexpected sound and potential compensatory responses
(Chang, Niziolek, Knight, Nagarajan, & Houde, 2013). Heinks-Maldonado, Math-
alon, Gray, and Ford (2005) also used altered feedback but one of their conditions
involved using an alien voice (i.e. not own). Other experimental conditions used
were silent mouthing while listening to speech or silent reading (Agnew, McGet-
tigan, Banks, & Scott, 2013). Speech production involves perceiving own voice

S0 using above mentioned conditions allowed researchers to disentangle these phe-
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However, speech is transmitted not only through air but also through bones. To
my best knowledge, bone-conduction has not been measured in experimental stud-
ies of SIS, even though bone-conductive (BC) microphones have existed for a while
(Norris, 1994; Zheng et al., 2003) and could be used speci cally for this purpose.
Bone-conduction can also track pitch and is less susceptible to noise pollution than
air-conducted recordings (Rahman & Shimamura, 2016) which suggests it could be

used in follow-up to FFR studies (e.g. So, 2015).

Behroozmand and Larson (2011) investigated whether self-produced speech
resulted in suppression of Event-Related Potentials (ERPs). They focused on the
auditory N1 component, which is the rst negative waveform and it peaks at around
100-150 ms post-stimulus onset (Luck, 2007). Cortical activity (ERPS) in self-
produced speech were compared to passive listening and pitch shifts were intro-
duced in altered voice feedback (externally-generated). The authors expected to
nd the largest N1 suppression for the unaltered voice feedback. These researchers
assumed, based on a previous study (Heinks-Maldonado, Mathalon, Gray, & Ford,
2005), that the identi cation of self-vocalisations can be measured by suppression
of N1 responses. The results of both studies showed that the N1 amplitude was
actually higher during vocalisations compared to passive listening. This effect was
particularly pronounced in conditions (both perception and production) that used
unaltered stimuli. Statistically signi cant differences were found when the ampli-
tudes of the N1 were compared between the above-mentioned conditions. These
ndings were the basis for using N1 as an ERP of interest in the current study.
Auditory N1 responses can be further subdivided into smaller subcomponents with
peaks in various areas (e.g. in superior temporal gyrus or fronto-central area, how-

ever the localisation of ERPs is a controversial topic.

Similar suppression effects during vocalisations of predictable stimuli have
been observed for the P2 waveform (Z. Chen, Chen, Liu, Huang, & Liu, 2012).
P2 follows the N1 at anterior and central areas, but can overlap with N1 in posterior

areas. In the study by Z. Chen et al. (2012) the participants experienced a pitch
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shift in voice auditory feedback while phonating an on-going vowel. This pertur-
bation was either self-triggered or externally controlled. The subjects had to click

a button to induce the shift. The delay between the click and the shift was either
predictable (O ms) or unpredictable (500-1000 ms). The self-triggered predictable
responses were suppressed when compared to externally-triggered shifts. The sup-
pression was not evident in self-triggered unpredictable conditions which led the
authors to conclude that the observed suppression might be due to predictability of

the stimulus rather than movement-related suppression.

Sato and Shiller (2018) observed SIS in N1 and P2 components during altered
auditory feedback (AAF). The AAF speech production used a modi cation of a
vowel's F1, the formant with the lowest frequency. They observed SIS in both
N1 and P2 components, but only P2's suppression was related to a compensatory
behavioural response. This result suggests that P2 component is more attuned to the

feedback mismatch between predicted and perceived auditory signal.

Sitek et al. (2013) showed that SIS depends on the variation of the self-
produced utterances within individuals. The researchers studied the N1 responses
and the corresponding audio productions of a large sample (N = 99) of participants.
Speech production and perception were the only conditions used in the experiment,
but the novelty of this study involved looking at each utterance separately, and re-
lating it to previous utterances. The N1 was more suppressed in speech productions
that varied greatly from the participant's preceding speech productions. This differ-
ence was explained by the researchers as being driven by suppression of a particular,
expected stimulus. When the self-produced utterance differed from what was ex-
pected, the corresponding N1 also differed. Even though there was a strong and
statistically signi cant difference between N1 amplitude in speech perception and

production, the perception actually ledltaver amplitude than production.

One of the early studies of SIS observed response suppression at the brainstem
level. Papanicolaou, Raz, Loring, and Eisenberg (1986) conducted a study involv-
ing four conditions: overt speech, whispering, silent articulation, covert verbal re-

hearsal, and control listening. The results showed an attenuation of the mean peak
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amplitude in speech production when compared to speech perception. The ampli-
tude was the lowest in overt speech, and increased when speech feedback was less
clear, i.e. in whispering or silent articulation. The main shortcoming of this study
was the lack of time-locked stimuli that would enable pinpointing the SIS effect.
Instead, the authors asked the participants to read a londriexige of Allegiance

while their neural activity was recorded. It is possible that the subcortical motor-
induced suppression could be caused by the inhibitory role of the auditory cortex.
Another tentative explanation for the subcortical suppression may be that the au-
ditory signal has been suppressed along the afferent pathway. The experimental
conditions used in the study by (Papanicolaou et al., 1986) were an inspiration for
conditions used in experiments reported in this thesis. Combining the recordings on
cortical and subcortical (brainstem) levels seemed like a desirable extension of the
studies reported above. Observing SIS on both levels could explain the interaction
between speech processing on both levels and test whether this process can shed

more light on speech pathways.

Dampening of activity in the auditory cortex was also observed using MEG.
Numminen, Salmelin, and Hari (1999) found that M100 (negative evoked potential
with a peak around 100 ms after the onset of the stimulus, the MEG counterpart
of the N1 ERP response) was suppressed when reading aloud. They asked their
participants to read silently and aloud while listening to 50-ms 1-kHz probe tones.
When the two conditions were compared, there was a delay of 10-21 ms and 44-
71% decrease in amplitude of the M100 response. The results obtained have been
explained as due to the interaction of speaking and audition in the central auditory
system. However, the suppression of activity in more peripheral areas, such as the

brainstem, could not be excluded.

Curio et al. (2000) also found M100 to be suppressed during speech produc-
tion. They observed that the suppression effect was more pronounced in the left
hemisphere, which is normally associated with language processing. In addition to
dampened amplitude (SIS), these researchers found the temporal effect of speech

production on the M100. M100 was delayed in speech production relatively to
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speech perception.

Heinks-Maldonado, Nagarajan, and Houde (2006) studied the MEG response
to altered and unaltered speech production. The amplitudes of the M100 component
during speech perception and production were compared. The researchers found
that M100 was suppressed in all speech production conditions relative to speech
perception. Additionally, the suppression of M100 was the strongest when produced
speech was not altered. The authors explained this result as supporting the idea of
feedforward speech mechanisms. In this model, the brain expects a certain sound
produced by the participant, and when it hears a different sound then the neural

activity gets attenuated.

Beal et al. (2011) used MEG on children who stutter and found that self-
initiated speech led to suppressed M50 responses. The M50 component was used
instead of the usual M100 auditory component because it is more robust and re-
producible in child participants. The suppression of M50 amplitudes and latencies
were found in both groups of control participants (who did not stutter) and in chil-

dren who stutter. This effect was consistent across the hemispheres.

Localising the exact source of SIS occurrence is dif cult using noninvasive
neuroimaging. However, SIS has also been studied using electrocorticographic
(ECoG) recordings from the surface of the auditory cortex (Flinker et al., 2010).
ECoG studies have ne-grained temporal and spatial resolution but they usually are
conducted on small clinical samples. This invasive technique found that suppres-
sion of the auditory cortex is also at times accompanied by enhancements of certain
regions of the auditory cortex. However, suppression is the dominant response to
speech production. This inconsistency of responses might be overlooked when us-
ing averaged cortex recordings such as occurs when EEG is used. Flinker et al.
(2010), while recording neural activity from patients going through neurosurgery,
found that N100 component of the auditory ECoG ERP was suppressed. Addition-
ally, producing speech also caused the reduction of spectral responses peaking at

100 Hz (high gamma oscillation).

Greenlee et al. (2011) also used ECoG to record high resolution data in pa-
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tients undergoing epilepsy surgery. The recordings were made on the lateral supe-
rior temporal gyrus (STG) which corresponds to the auditory cortex. They reported

predominantly suppressive responses to speech production that were spatially lim-
ited to the lateral superior temporal gyrus. The results showed that some STG areas

were enhanced during speech production.

Chang, Niziolek, Knight, Nagarajan, and Houde (2013) also studied SIS us-
ing direct cortical recordings (ECoG), but they also manipulated altered auditory
feedback (shifting pitch by 200 cents upwards and downwards) in their experiment.
Four electrodes were placed directly on peri-Sylvian speech cortices of nine pa-
tients who were under-going a procedure of localising seizures. The results showed
that speech production led not only to SIS, but was also accompanied by speech
perturbation-response enhancement (SPRE, the opposite of SIS). SPRE is a phe-
nomenon in which the cortical activity during speech production (speci cally dur-
ing altered feedback) is higher than during speech perception (i.e. listening). SPRE
was found previously in humans (Behroozmand, Karvelis, Liu, & Larson, 2009) and
primates (Eliades & Wang, 2008) and was shown to occur during auditory feedback
perturbations. Chang et al. (2013) showed that the areas where SIS and SPRE oc-
cur were to a large extent independent. The authors claimed that SIS and SPRE
have different purposes: SIS is used to identify self-produced speech and SPRE for

recognition of production errors.

Christoffels, de Van ven, Waldorp, Formisano, and Schiller (2011) studied SIS
using fMRI. They asked participants to produce overt speech in one condition, and
to listen to pre-recorded speech in the other condition. Both conditions were pre-
sented with four degrees of masking noise. When no noise was presented, i.e. nor-
mal feedback was used, then the Blood oxygenation level dependent (BOLD) con-
trast decreased during speech production compared to speech perception. The effect
of BOLD suppression was inversely proportional to the level of masking level, that
is speaking with a masking noise overlapped did not lead to SIS. This result suggests
that it is the auditory feedback that is driving the SIS.

In another fMRI study on speech production, Behroozmand et al. (2015) used
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normal and altered feedback (+600 cents). They found that the highest activation
to both speech perception and production was observed in temporal lobe auditory
cortices. Speech production was correlated with higher BOLD activation in bilateral
precentral gyrus, postcentral gyrus, anterior insula, SMA and IFG; all of which are
considered sensory-motor areas. This activation level did not differ when feedback

was normal or altered.

Feedforward models have been used to explain not only speech, but also other
actions. Self-initiated movements are accompanied by a signal (called corollary
discharge mechanism, CDM) pointing to the self as the origin of this movement
(Crapse & Sommer, 2008). This corollary discharge then suppresses perception of
the self-initiated action. This is one of the reasons why we cannot tickle ourselves
(Blakemore, Wolpert, & Frith, 2000).

The same mechanism that helps to identify actions as being self-initiated fails
in schizophrenia patients. Ford and Mathalon (2004) studied what caused auditory
hallucinations in schizophrenia patients using EEG recordings during speech per-
ception and production. They found that the ERPs (N1) in these two tasks were the
same in patients with schizophrenia whereas healthy controls showed a distinct ERP
pattern (although the ERPs were enhanced, rather than suppressed in overt speech).
Comparing covert speech to speech perception led to similar ndings, where the N1
activity in these two conditions were the same in patients with schizophrenia, but
differed from those seen in healthy controls. The effects were explained as being
driven by the action of a CDM which is responsible for distinguishing between own
actions and external events. The CDM is not functioning correctly in patients with
schizophrenia which then leaves them unable to identify auditory hallucinations as

being self-initiated.

Perez et al. (2012) compared the SIS in healthy controls, early schizophrenia
patients, and clinical patients with high-risk for psychosis. Even though the re-
searchers in this study used a relatively large sample (total of 152 participants), the
effect found across the groups showed that N1 ERP was more suppressed during

speech perception rather than speech production as expected based on SIS. A dif-
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ference between the groups (healthy vs. schizophrenia patients) was found in the
N1 responses to speech perception vs. speech production. Cortical N1 responses
to speech perception (listening) were lower in healthy controls when compared to
schizophrenia patients. This nding also supports the idea that CDM is not func-

tioning correctly in patients with schizophrenia.

1.4.4 The role of brainstem activity in speech and tone process-

ing
The vast majority of neuroscienti ¢ studies of speech focused on the cortical ar-
eas, but the brainstem (subcortical area) is implicated in many models of language
and is sometimes considered to be a low-level area that has received little attention
(Hickok & Poeppel, 2007; Scott & Johnsrude, 2003). A model by Chandrasekaran,
Skoe, and Kraus (2014) places more emphasis on the processes in the brainstem and
the plasticity in these structures that was previously played down. These authors ar-
gue that the brainstem is shaped by language experience, which then in uences how
sounds are processed. Short training can be ef cient in changing patterns of pitch
perception in the brainstem (Song, Skoe, Wong, & Kraus, 2008). It is also impor-
tant for understanding speech to see what effects training can have on production.
Motor learning is one type of training focused on changing the production, often by
using altered auditory feedback or perturbations to speech movements (e.g. Houde
& Jordan, 1998).

Compared to production, the auditory pathway during perception is well un-
derstood including brainstem involvement. A hypothesised role for the brainstem
is that it is the rst pre-attentional station in the auditory pathway (Grif ths, Up-
penkamp, Johnsrude, Josephs, & Patterson, 2001).

The main measure of synchronous sound-evoked neural activity is called Fre-
guency Following Response (FFR) (Kraus, Anderson, & White-Schwoch, 2017).
FFRs re ect acoustic properties of the eliciting stimuli like periodic and non-
periodic components. The origins of the FFRs were disputed since the early days
of the technique, but the current view is that the main contributions come from

the inferior colliculus (IC; part of the auditory midbrain). However, IC is not the
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only contributor to the emergence of FFR and recent research suggests that auditory
nerve, cochlear nucleus, thalamus, and cortex are also involved in generating FFR
(Coffey et al., 2019). However, a neurological case study by White-Schwoch, An-
derson, Krizman, Nicol, and Kraus (2019) demonstrated that a patient with auditory
cortex lesions could generate FFR, but not cortical responses. Conversely, a patient
with a subcortical lesion could not generate FFR, but had robust cortical responses.
These results suggest that undamaged auditory midbrain is required and suf cient

for generating FFR.

Literature on the FFR suffers from mixed use of terms. Earlier research tended
to use different terms to describe neural activity in response to sounds which had
its main origin in the subcortical areas. Among others, terms like ABR (auditory
brainstem response), CABR (auditory brainstem response to complex sounds), EFR
(envelope-following response) were used. However, there is a recent trend to use
FFR as an all-encompassing term (Coffey et al., 2019; Kraus et al., 2017). FFRs
can be collected using EEG or MEG. In this thesis FFRs were collected using EEG.
This type of recording is sometimes referred to as EEG-FFR, but here will be called

FFR for simplicity.

Mandarin tones are complex sounds that elicit neural activity at the brainstem
that follow the pitch contour (Kraus, 2011; Krishnan & Gandour, 2009; Krishnan,
Xu, Gandour, & Cariani, 2004). However, tone processing also involves cortical
control (Brown-Schmidt & Canseco-Gonzalez, 2004; Howell, Jiang, Peng, & Lu,
2012b; Klein, Zatorre, Milner, & Zhao, 2001). Krishnan et al. (2004) showed that
the frequency following responses (FFR), a brainstem response generated by pre-
sentation of low-frequency pitch stimuli, preserved tone-relevant information. This
representation is so precise that the contour in the FFR signal looks and sounds like
the stimulus presented (Kraus, 2011). Pitch-relevant FFRs re ect the phase-locked
(neural response to periodic sounds triggered to one part of the wave shape) activity
of neural elements in the rostral brainstem and are based on the temporal discharge
patterns (Krishnan et al., 2004). Perceived pitch of FFR waveforms is related to the

dominant interspike interval in the auditory nerve signal.
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Speakers of non-tonal languages can also perceive different pitch patterns,
but they do not identify the tones as precisely as do speakers of tonal languages
(Y. Wang, Jongman, & Sereno, 2001; Y. Wang, Spence, Jongman, & Sereno, 1999).
Pitch tracking (the ability of FFRs to represent the pitch of a stimulus) was found to
be in uenced by language experience, as delity of the pitch representation was dif-
ferent in Mandarin and English speakers who were presented with Mandarin tones
(Krishnan, Xu, Gandour, & Cariani, 2005). FFRs in the Chinese group showed
stronger pitch representation and smoother pitch tracking. Further studies showed
that subcortical pitch representations can be altered by a short training phase; Song
et al. (2008) trained native English participants to discriminate Mandarin pitch pat-
terns during eight sessions lasting approximately 30 minutes. The FFRs were mea-
sured before and after training. The results showed that after training the accu-
racy of pitch-tracking increased and the number of pitch-tracking errors decreased.
Pitch-tracking error is a measure of encoding accuracy, calculated by dividing the
distance between the fundamental frequency of the stimulus and response at each
time bin by the number of bins. The above-mentioned studies suggest the occur-
rence of plasticity at the brainstem level that is essential when motor learning takes
place.

The early experiments in this thesis focused on developing procedures to docu-
ment brainstem-cortex interactions, but later the focus moves to learning Mandarin,
differences between English and Mandarin speakers, and the interaction between
speech production and perception (i.e. Speech-Induced Suppression) which was

mostly observed on the cortical level.

1.4.5 The role of cortical activity in speech and tone processing

Cortical studies of speech have often tried to understand speech in its entirety (see
previous sections for examples). Focusing on particular elements of speech, such as
tones, was less frequent. Tones are convenient to study at subcortical levels, due to
the brainstem encoding many acoustic features (Skoe & Kraus, 2010). This means
that there is a relative dearth of research on tones at the cortical level even though

tones are an important part of language and speech.
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In other relevant literature, Brown-Schmidt and Canseco-Gonzalez (2004) ex-
amined tone processing in native Mandarin speakers. They measured the ERPs to
normal and anomalous sentences when tone, syllable, or both were manipulated on
sentence- nal words in a perception task. Their study focused on the N400 wave-
form (a negative component around 400 ms after the stimulus onset). The authors
showed that semantic anomalies (elicited by modifying tones, syllables, or both)
were re ected in N400 shape and that tonal information was processed within 150
ms to 200 ms from the word onset, presumably re ecting derivation of the word
meaning. If so, these results show that tones are processed for linguistic information
and N400 can re ect this. N400 is considered the best studied language ERP (Luck,
2007), it is the second major negative ERP and is usually the most pronounced over
central and parietal lobes. It is often a response to violations of semantic expecta-
tions, so it might not be the best waveform to answer the experimental question in

our work where the stimuli contain little or no semantic information.

Categorisation of speech sounds has distinct characteristics when language fea-
tures have been learned (Rosen & Howell, 1987). Bidelman, Moreno, and Alain
(2013) found that categorical perception is re ected in the ERPs around 175 ms af-
ter the presentation of stimuli (vowels perceived categorically on a continuum from
/ul to /al). The stimuli used in their experiment were gradually morphed on a syn-
thetic ve-step vowel continuum. The acoustic difference between the sounds was
minimal but they were perceived categorically. Brain activity to the stimuli was
recorded concurrently at subcortical and cortical levels. Brainstem encoding fol-
lowed closely the speech waveform but did not show categorical responses, whereas
the cortical ERPs showed that the stimuli were perceived discretely. Although the
auditory stimuli used by Bidelman et al. (2013) were not tonal, it can be argued that
the timing of the categorisation (i.e. re ected in P2 wave, around 175 ms after the
stimulus onset) is similar in tones because they are also perceived categorically (Xi,
Zhang, Shu, Zhang, & Li, 2010; Xu, Gandour, & Francis, 2006). However, what

precise process the ERPs re ect remains ambiguous.

Categorisation of Mandarin lexical tones was also studied using mismatch neg-
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ativity with a passive auditory oddball paradigm (L. Zhang, Xi, Wu, Shu, & Li,
2012). This study used a continuum of tones to elicit responses to within- and
between-category stimuli. The tonal continuum was created between the rising and
falling Mandarin tones. The between-category stimuli included a change to the
phonological category (e.g. tone 2 (rise) vs. tone 4 (fall)), whereas within-category
stimuli involved only an acoustic change (e.g. versions of tone 4 with varying pitch
contour). The results obtained in this experiment supported the view that the listen-
ers were sensitive to detecting changes in tonal stimuli and provided electrophysio-
logical correlates of the categorisation of Chinese tones. The controlled processing
of within-category stimuli elicited similar N2b and P3b ERPs in both hemispheres,
whereas between-category stimuli elicited larger responses in these same ERPs in
the left hemisphere (the language-dominant hemisphere). The ERPSs elicited in the
above mentioned studies occurred in perception. However, in production studies
the electrophysiological changes occur earlier in time.

Cortical and subcortical areas have been extensively studied separately but re-
cent experiments are starting to explore interactions between these areas. The inter-
actions are important for understanding speech processing as both areas are involved

in producing and perceiving speech (e.g. Kraus, 2011).

1.4.6 Concurrent subcortical and cortical activity in tone pro-

cessing

Recent studies have shown that it is possible to concurrently study neurological
activity at subcortical and cortical levels in perception (Bidelman, Moreno, & Alain,
2013; Krishnan, Bidelman, Smalt, Ananthakrishnana, & Gandour, 2012). These
studies were a proof of principle in perception but what the current experiments
aim to do is extend investigation to speech production and shadowing.

Krishnan et al. (2012) focused on examining pitch-related neural activity in
perception. They recorded responses to iterated rippled noise (IRN) with various
pitch saliences (no sensation of pitch, weak, and strong pitch). IRN is a complex
pitch-evoking stimulus that enables the manipulation of the temporal periodicity

(thus the term pitch salience). Control conditions lacking pitch salience (de ned
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conservatively as the identi cation of musical melody) was used to show that the
responses in experimental trials were pitch-speci c. The control condition was an
IRN with ne temporal structure removed that prevented the sensation of pitch.
Participants performed a two-alternative forced choice task consisting of a refer-
ence (noise, strong pitch, or stimulus devoid of pitch) and a comparison stimulus.
Their task was to identify the sound with a higher pitch. The results showed that
the brainstem and cortical pitch responses (CPR) predicted behavioural responses
to pitch. Neural (FFR and CPR magnitude) and behavioural measures were corre-
lated. Stimuli devoid of pitch and those that elicited weak pitch clustered together,
separately from the salient pitch conditions. The improvement of temporal regu-
larity of the IRN was re ected in the neural representation of pitch (both FFR and
CPR). The authors argued that the shorter latency and greater amplitude of CPR,
combined with improved representation of pitch at the brainstem level could ex-
plain the concurrent increase of temporal regularity and pitch salience. The authors
suggested that the pitch-relevant information is processed in the early pre-attentive
stage on subcortical (brainstem) and cortical level; however, this claim needs further

investigation.

A study by Coffey, Herholz, Chepesiuk, Baillet, and Zatorre (2016), published
after experiments 1-4 were conducted, showed that cortical contributions to auditory
processing can be measured using the correlations between MEG signal and FFR.
The authors used MEG, in addition to EEG, to understand the relationship between
cortical and subcortical processing. They found the cortical contributions to FFR in
right auditory cortex. The same pattern was found when Coffey et al. (2017) used
EEG combined with fMRI: neural activity in right auditory cortex was related to the

strength of fundamental frequency in FFR.

Concurrent recording of cortical and subcortical activity is becoming more
common in speech perception but there are many technical challenges in applying
it to speech production. Articulation activates many muscles which can then lead to
movement artefacts contaminating EEG recordings which tend to be fairly sensitive.

Additionally, speech production is variable within and between participants and this
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adds an extra level of noise to the signal which can be already contaminated by

movement artefacts.

1.5 Aims

Researchers studying speech pathways in the brain usually focused on only one
part of the pathway, either subcortical or cortical. However, the interaction between
these levels was less frequently studied. The reason why this topic was not covered
extensively is because itis dif cult to design experiments and collect data that would

measure speech-related activity in subcortical and cortical areas at the same time.

The auditory system is activated when listening to speech, whether the speech
is from others or is generated as you produce speech. What is not obvious is whether
cortical areas select and re ne auditory input in speech perception (corticofugal sys-
tems) and, if so, whether the same or a modi ed process occurs in speech production
(e.g. so the auditory inputs can be used for auditory feedback monitoring). This the-
sis addresses corticofugal and auditory-feedback control by measuring cortical and
subcortical activity concurrently in speech perception and speech production tasks.
The stimuli used were modi ed Mandarin rising and falling tones which produce a
distinctive frequency following response (FFR) at the brainstem where the change
in pitch over time follows that in the stimulus (this is illustrated in Figure 2.15 where

the FFR elicited by falling and rising tones are seen).

Another aim of the thesis was to deepen understanding of Speech-Induced Sup-
pression (SIS). This was achieved by studying this phenomenon across various ex-
periments using novel stimuli (tones) and new participant groups (i.e. speakers of
tonal languages). Given the sometimes mixed results of the SIS experiments (see
the next chapters), it was deemed important to try to recreate, at least some, of the
reported ndings on SIS. The body of knowledge on SIS was expanded by applying
new neuroimaging technique (fNIRS) to studying SIS.

One of the practical aims of this thesis was to develop procedures to measure
subcortical (FFR) and cortical (ERP) activity concurrently in speech perception and

production tasks. The viability of this approach had to be rst established in or-
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der to understand relationship between subcortical and cortical processing. It was
expected that movement artefacts in speech production (vocalisation) conditions
might occur so the signal quality had to be tested in several experimental condi-
tions. The initial idea was to use this data to test for differences in cortical and
subcortical activity (e.g. SIS) and their relationship to for rising and falling tones
(Experiment 1). Interactions between these two levels (cortical vs. subcortical)

would suggest corticofugal and auditory-feedback in uences.

Having established that recording clean signal in relatively short experiments
is dif cult, the next step was to extend the length of recording sessions. It was
expected that extending the length of recording sessions would also lead to acqui-
sition of tone-related skills (like perception or production) in a speaker who was
not previously exposed to a tonal language. The expectation was that cortical and
brainstem responses will change (or at least the signal quality will improve) from
before to after a period of tone training, in both perception and production;va na

tone speakers (Experiment 2 and 3).

Data quality issues in the previous experiments, and the availability of data al-
lowed testing results reported in other studies on the occurrence of Speech-Induced
Suppression (Experiment 4). Experimental conditions in Experiment 4, i.e. the us-
age of Frequency-Altered Feedback, resembled some of the published papers on
Speech-Induced Suppression (SIS) so analysing this data was seen as a last chance
to test the occurrence of this phenomenon in the recorded data. Also, this exper-
iment bene ted from the continuous improvements in experimental procedures so
the expectation was that signal acquired in this study will be superior to those in

Experiments 1-3.

SIS was tested in the previous experiments (1-4) using EEG but this neu-
roimaging technique is susceptible to movement artefacts related to articulation so
recording clean subcortical signal was challenging. Also, the obtained results were
not consistent. The nal study's (Experiment 5) aim was to test if SIS can be ob-
served using fNIRS, a technique less susceptible to movement artefacts, which has

not been used previously to test the occurrence of the SIS. fNIRS records the signal
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from the cortical areas and does not penetrate down to subcortical areas.



Chapter 2

Experiment 1 - Developing a new

experimental paradigm

2.1 Summary

The novel aspects of this experiment concerned measurement of speech perception
and production in the same study along with concurrent brain responses. This exper-
iment also tackled the problem of recording subcortical and cortical brain activity
concurrently. Simultaneous audio recordings were also collected in production con-
ditions to provide information about how speech perception and production interact.
As this was the rst experiment in this thesis, many initial settings and procedures
were ne-tuned (i.e. changed) in the later studies.

Looking at prior related literature, Howell, Jiang, Peng, and Lu (2012a) inves-
tigated the neural control of falling and rising Mandarin tones using fMRI. They
focused on tone production which had been overlooked as an aspect of tone pro-
cessing. The authors researched rising and falling tones because of their clearly
different pitch patterns which require different laryngeal-control mechanisms. Both
tones that were studied (fall and rise) have a single direction of change in funda-
mental frequency contour unlike the other two Mandarin tones (at and dip-rise)

which have either no change or both changes. Using Mandarin tones should pro-

This study was conducted with assistance from Tiffany Tsoi, who helped in data collection. Dr
Stephen Nevard designed and prepared the electronic equipment used to collect data.
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vide insight into the interaction between the cortical and subcortical areas control-
ling speech because the work mentioned above (Howell et al., 2012a) indicates that

both areas are involved in processing of Mandarin tones.

The results of Howell et al. (2012a) showed that left insula and right putamen
were involved in the control of rising tones, whereas the left brainstem was involved
in the control of falling tones. The analysis of tracts showed that the projection from
laryngeal motor cortex to brainstem was active when producing the rising tones, but
not the falling tones. The current study used similar stimuli to those in Howell et al.

(2012a) so it was expected that similar brain areas would be activated.

The methods used were an improved version of a pilot study conducted in
collaboration with J. Zhang (2013), which is not reported here. Brainstem record-
ings in that pilot were made using two polarities (presented in separate blocks), but
this method of obtaining data was changed in subsequent experiments because it
imposed unacceptable time demands on participants (using two polarities doubles
the time needed to obtain the FFRs relative to one polarity). Also, there is evi-
dence that alternating polarities can be averaged to provide reliable FFRs (Aiken
& Picton, 2008). Alternating polarities means that alternate auditory stimulus was
multiplied by -1. Alternated polarities can then be averaged (by polarity) and added
or subtracted. Adding enhances the temporal envelope (corresponding mainly to
the fundamental), while subtracting enhances temporal ne structure, which corre-
sponds to spectral energy from higher frequencies (Krizman & Kraus, 2019). Pitch
was of interest in this study so the alternating polarities were added. This approach
was used here and in all subsequent studies so that the best possible data quality

could be obtained.

There is a well-established event related potential (ERP) recording procedure
and best practices (Luck & Gaspelin, 2017) were followed in all experiments (see
details in section 2.3). Minor changes were made to these procedures because cer-

tain tasks or behaviours created movement artefacts that affected results.

The present experiment improved the procedure over that used in the pilot

study. The effects of speech production movements (e.g. larynx) and other muscular
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movements (e.g. jaw movements) were dif cult to remove from the EEG record-
ings. To address this, a novel Silent Mouthing condition, was included. Similar
conditions have been used in previous studies on speech production (e.g. Dhanjal,

Handunnetthi, Patel, & Wise, 2008).

FFRs to Mandarin tones were observable in the Perception condition (i.e. pas-
sive listening; see section 2.4.2.2) and so were ERPs in all conditions (see section
2.4.1) in this experiment. This would lead us to expect an interaction between cor-
tical and subcortical levels. This interaction was not evident given the quality of the

data obtained.

EEG recordings (cortical and subcortical) in this experiment were analysed in
various ways in order to nd the most appropriate settings for analysing the data.
Trials involving speech production still resulted in high rejection rates when the
neck electrode was used as a reference (the one used most often in the literature)
and Cz was used as the active electrode. Other potential combinations of active
and reference electrodes were investigated, but Neck/Cz combination yielded the
highest number of accepted trials and was chosen for the analysis in the current and

later studies.

The results showed, contrary to the existing literature, that the ERPs were not
attenuated in vocalisation conditions, but were actually enhanced. Speech-Induced
Suppression (SIS) is a widely reported phenomenon but there is a lack of consis-
tency in the results of previous studies (see section 1.4.3). Type of tone had no
effect on the suppression so only one tone (fall) was used in the following studies.

The current ndings are surprising and require further exploration.

The expected and con rmed result when the subcortical recordings were anal-
ysed, was that pitch track was relatively well preserved in the Perception (passive
listening) condition. The remaining conditions involved speech-related movements

which resulted in noisy signals.
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2.2 Introduction

The vast majority of studies on brainstem speech processing have focused on
speech perception, not production, probably because motor activity occurring dur-
ing speech production is a complex phenomenon that makes data acquisition and
analysis dif cult. Movement artefacts can often make data dif cult to interpret, es-
pecially when cortical activity is measured concurrently. The experiments on speech

processing often do not include production conditions because of these issues.

Papanicolaou et al. (1986) conducted one of the few studies that have tackled
this issue. They used non-tonal overt speech production in a study that examined
suppression of click-related auditory brainstem responses (ABRs). Clicks are reg-
ularly used for brainstem hearing assessments as they elicit speci c responses with
well-de ned peaks that signal neural ring at sequential points in subcortical path-
ways (Kraus, 2011). However, clicks are simple auditory stimuli that carry little
information compared to that which occurs in speech (e.g. pitch). In order to ex-

plore speech pathways, investigations with real language-sounds, are required.

Papanicolaou et al. (1986) attempted to establish whether production had in-
hibitory effects on auditory input to the brainstem. They included conditions with
overt speech, whispering, silent articulation and covert verbal rehearsal. The stim-
uli used in their experiment were unusual; the authors required the participants to
produce in all conditions thBledge of AllegianceThis choice was motivated by
the familiarity of the passage but it can be argued that it is not appropriate for testing
afferent control as it is a long stimulus that varies throughout the utterance (single
words would have been better). The authors found that Peak V (a peak that indi-
cates when the auditory stimulus reaches the inferior colliculus) in the brainstem
response was attenuated in the speech production condition and explained this on
the assumption of inhibitory processes from the cortex to the brainstem. The level
of attenuation varied according to the motor complexity for the production tasks,
with speech creating higher attenuation than whispering, which was higher than in

silent articulation and covert rehearsal.

The current experiment was motivated by the results of Papanicolaou et al.
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(1986), but the stimuli used were chosen to be easier to control and whose use is
well established in auditory brainstem research (Krishnan et al., 2004). It sought to
establish a tightly controlled paradigm for investigating efferent control in speech
production. In the procedure an attempt was made to avoid as much as possible
the previously-mentioned confounding effects introduced by use of long speech
stimuli by using single tonal words, and time-locking presentations and productions
in order to acquire accurate measures at the brainstem and cortex so we could see
how they interact. The most important extension was that we were able to obtain
the FFR to this stimulus.

A limitation in the pilot experiment (Walczak, 2012), which was my rst at-
tempt at measuring concurrent FFRs and ERPs, was the lack of controls that would
permit different activity during the tasks being unambiguously identi ed and to en-
sure that this activity was not a movement artefact. In order to establish that this was
the case, the present experiment included a Silent Mouthing condition. During this
condition the participants were presented with an audio stimulus and were asked to
make the movement required to produce the syllable they heard, but without voicing
the stimulus.

Four experimental conditions were used in the EEG-part of the experiment, each of

which lasted around 25 minutes. These were as follows:
1. Perception - passive listening.

2. Shadowing - repeating the sound when it was played, trying to produce the
sound as close in time and quality to the target as possible. This condition

potentially should also show suppression (SIS).

3. Silent Mouthing - moving the mouth as if one was producing the sound,
but without actually producing any speech for assessing movement artefacts.
This was a new control condition that was included to control for the speech-

related movements.

4. Self-Production - producing the sounds (/da/ with falling or rising tone) sim-

ilar to those that were heard in previous conditions, but without hearing the
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actual sound or any prompt. Self-Production was included to provide a condi-
tion where the speaking-related activity can be measured and compared with
other conditions. Participants were asked to pace their productions as in the
other conditions. Audio recordings were made in this condition to ascertain
that the sounds were produced correctly and so that they were available for
further analysis. No external sound was played but participants were required
to leave the earphones inserted. The only sound they could hear was their
own production, which was attenuated by the insert earphones, i.e. the partic-
ipants were asked to wear the inserts in the remaining conditions to make the
hearing level similar. Audio productions of participants were recorded in this
trial. Vocal responses were transmitted to a laptop running Adobe Audition
2.0 which recorded the productions at the standard rate of 44.1 kHz and 128
Kbps.

In Self-Production participants were required to produce a target syllable ev-
ery second and they did not hear the audio stimulus at that time. Participants
were monitored during the Self-Production task to ascertain that they behaved as
instructed. Recording the responses in this condition was a technically challenging
problem in itself (see Figure A.1). The set-up used to create the trigger elicited
by Self-Production was created speci cally for this experiment with the help of
Dr Stephen Nevard. Based on previous research (Baessatiprdacobsen, &
Schibger, 2011), it was predicted that the N1 component should be suppressed dur-
ing Self-Production.

Greenlee et al. (2011) placed intracranial electrodes in the patients' cortex to
study cortical responses during Self-Production (vocalisation) to demonstrate that
vocalisation impacts the auditory cortical activation in more than one way. The
results showed that both suppression (SIS) and enhancement of neural signals oc-
curred during vocalisations. Although, the suppressive effects were much more
frequent, they were limited to the area of the lateral superior temporal gyrus. En-
hancement of neural signal during vocalisations was limited to the same brain area.

This enhancement was not observed in the averaged evoked potential waveforms,
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but only in high gamma band (i.e. 70-150 Hz range).

The current experiment was conducted to test whether:

1. Cortical activity differed across the tasks (Self-Production, Shadowing, Silent
Mouthing, and Perception) and particularly whether producing speech atten-
uated the ERPs (SIS).

2. Itis possible to record clear brainstem signals during overt speech production.

3. There were any differences between the conditions in the brainstem's repre-

sentation of pitch.

2.3 Method - using custom-built set-up with speech-

activated triggers

2.3.1 Participants

Eight participants took part in the experiment. All of them were females and had
Mandarin as their rst language. They were highly pro cient in English and could
even be considered late Mandarin-English bilinguals due to their high-level of com-
mand of English. Their mean age was 21.6 (sd = 1.3 years). The choice of female
participants was dictated by convenience and by the fact that women show on aver-
age larger ABR peak amplitudes and shorter peak latencies (Burkard & Don, 2007).
Five participants had received musical training at some point in their lives and none
reported any problems with hearing or vision. Audiometric testing con rmed nor-
mal hearing sensitivity (i.e. 20 dB HL) at octave frequencies between 250 and
8,000 Hz. All participants were predominantly right-handed, as established using

the shortened version of the Edinburgh Handedness Inventory (Old eld, 1971).

2.3.2 Apparatus

Three PCs were used for EEG recordings. The rst delivered the stimuli and sent

triggers that indicated when the stimulus had been presented to a second PC. This
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second PC recorded the EEG responses using ActiView (BioSemi's EEG acqui-

sition software) and the trigger was recorded on an unused channel. The third PC
used CoolEdit to record audio responses in the Shadowing and Self-Production con-
ditions.

The stimuli were sent from the rst PC to an external soundcard (RME
FireFace UC, 44.1 kHz) and then to electrically-shielded ER-3 insert earphones
(Intelligent Hearing systems, Miami, FL). The earphones provided +30 dB attenua-
tion of external sounds. The intensity of the presented stimuli was 75 dB SPL in all
conditions.

Audio responses in Shadowing and Self-Production trials were recorded by a
Sony ECM-50PB microphone which was attached to participants clothing, approx-
imately 20 cm from their mouths. The sampling rate for audio responses was set to
22.05 kHz.

2.3.3 Cortical and subcortical recordings

A BioSemi EEG system with thirty-two channels was used to record from scalp
electrodes. The recorded EEG signals were then analysed to obtain concurrent
ERPs and FFRs. The origindddf (BioSemi Data Format) les were recorded
at 16,384 Hz frequency but were later down-sampled (1/32) to 512 Hz using the
BioSemi decimator tool. Down-sampling was done to speed up the process of
analysing ERP data.

Temperature in the EEG booth was set to 18 degrees Celsius to avoid sweating.
Impedance was maintained below 25 pV in the vast majority of recordings.

Electrodes were positioned on participants' scalps using a 32-channel cap ac-
cording to the montage shown in Figure 2.1. Electrical activity was also measured
on four external electrodes (EX1: Eye (horizontal), EX2: Neck, EX3: Left mas-
toid, EX4: Right mastoid). Common Mode Sense (CMS) and Driven Right Leg
(DRL) electrodes, both located over the parietal lobe, were used as the reference
and ground electrodes.

FFRs were measured using three electrodes - active (Cz), ground (averaged

mastoids: EX3 and EX4), and reference (EX2 on the seventh cervical vertebral).
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FFRs were extracted using Cz and EX2. The sampling rate for FFRs was kept
at 16,384 Hz. The recent guidelines (Coffey et al., 2019) recommend using these
settings to extract high quality FFRs.

Figure 2.1: Locations of the electrodes on the cap used in EEG recordings. External elec-
trodes are designated by EX. Electrodes used for recording FFRs are high-
lighted in red.

2.3.4 Materials

The stimuli were synthetic /da/ syllables used as a standard stimulus in many FFR
studies (Russo, Nicol, Musacchia, & Kraus, 2004; Skoe & Kraus, 2010). /da/ syl-
lable recorded by a female native Mandarin speaker was transformed using Praat
(Boersma & Weenink, 2013). The pitch of the stimulus with the rising tone started
at 120 Hz and rose linearly to 190 Hz over 170 ms. The pitch of the stimulus with
the falling tone started at 150 Hz and fell to 80 Hz again over 170 ms. Although the
stimuli are stylised compared to natural rises or falls, they are clearly recognisable
by Mandarin listeners as utterances of the respective tone (Lee, Tao, & Bond, 2008)

- see Figure 2.2 and Figure 2.3 for the visualisations of the speech stimuli used in
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this experiment.

Previous research showed that the cortex processes linear and natural pitch
contours differently (Krishnan, Gandour, & Suresh, 2014). Krishnan et al. (2014)
demonstrated that the cortical pitch response components to the rising Mandarin
tone (second tone) elicited larger amplitude than the linear tone (like the one used
in this study). This result was explained by the experience of native Mandarin
speakers of speaking the natural tones. However, the pitch-relevant cortical com-
ponents (ERPSs) to the linear stimuli still occurred. Language experience played a
role in perceiving pitch stimuli, so using linear stimuli might help to avoid this ef-
fect. Billings, Bologna, Muralimanohar, Madsen, and Molis (2019) tested the FFR
responses to linear pitch contours and found that rising and falling tones can be ac-
curately recorded using this technique. These ndings mean that the linear stimuli

were deemed appropriate as stimuli.

Figure 2.2: Rising (top screenshot) tone stimulus used in the experiment. The top part
shows the oscillogram. The bottom part shows the broadband spectrogram
with the pitch contour superimposed (blue line).
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Figure 2.3: Falling (bottom screenshot) tone stimulus used in the experiment. The top part
shows the oscillogram. The bottom part shows the broadband spectrogram with
the pitch contour superimposed (blue line).

One hundred milliseconds of silence were added at the beginning of each stim-
ulus to avoid onset transients and potential trigger artefacts. The audio stimuli
consisting of the silent portion plus the 170 ms /da/ syllable, were played at an
inter-stimulus-interval of 1s in all conditions (see Figure 2.4). The 780 ms of post-
syllable silence was long enough so that N1 and P2 cortical responses could be
recorded and allowed suf cient time for participants to respond in the Shadowing

and Self-Production conditions.

The stimuli were joined together using a script (developed by Professor Stu-
art Rosen) which played them continuously for twelve and a half minutes (due to
limited Random Access Memory available) and used alternating polarity. Previous
research (Aiken & Picton, 2008) showed that FFRs can be recorded using alter-
nating polarities, and this way of presenting audio stimuli halved the length of the

experiment.
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Figure 2.4: Speech stimuli (top) and triggers (bottom) used in the experiment. The auto-
matic triggers were used in all conditions, except Self-Production where the
vocalisations created a trigger.

The customised set-up used to record the stimuli and triggers was prepared
by Dr Stephen Nevard (see Figure A.1). The positive-going triggers that were sent
to the EEG le were at the onset of /da/ vocalisation, i.e. participants' articulations
activated the triggers). Decreasing of the trigger was a time period where occurrence
of other triggers was blocked - see the screenshot on Figure 2.5 which shows the
waveform view in Audacity software. This blocking period stopped recording of

false positives (e.g. coughs).

Figure 2.5: Audio recordings (top pane) in Self-Production condition combined with the
triggers (bottom panel) sent to the EEG recording. Horizontal axis is showing
time (in seconds), and vertical axis is showing amplitude (linear scale).

2.3.5 Statistical tests - linear mixed models
Experimental studies often deal with variation that is speci c to both participants
and experimental stimuli. This relationship is particularly common in psycholin-

guistic research where the between-participant variation might not be the only ran-
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dom effect (Barr, Levy, Scheepers, & Tily, 2013). For instance, stimuli used (e.g.
speci ¢ words) can impact the variable of interest (response) and might be crossed
with random effect of participant. One of the ways to control for such variation,
which is common in experimental psychology, neuroscience and psycholinguistics,
is to use linear mixed models (LMMs; Baayen, Davidson, & Bates, 20G8neEr,
Maier, & Abdel Rahman, 2018; Winter, 2013). LMMs estimate batd andran-
domeffects. In brief, xed effects are explanatory variables, and random effects
are grouping variables that are controlled for in a model. The advantage of LMMs
over ANOVA is that LMMs allow nesting random effects, that is they allow random

effect(s) to be part of another random effect.

In this thesis nested random models were used which took into consideration
not only the overall variation among the participants, but also the variation of condi-
tion, tone, electrode/optode and ERP component for each of those participants (see
Section A.2 for the speci cations of models used in this thesis). Multiple combina-
tions of random effects can be speci ed (Judd, Westfall, & Kenny, 2017), but the
model tted in this chapter was chosen because it was deemed relatively simple,

guided by the experimental questions, and should converge (i.e. provide results).

Multiple names have been used in the literature to describe the LMMs. Some of
them include: hierarchical regression, multi-level regression, mixed-effects model,
or linear mixed-effects model (Barr et al., 2013). LMMs in this and following chap-
ters were tted usingme4 (version 1.1-21) R package (Batesabhler, Bolker,

& Walker, 2015). P-values are not provided lmye4 so they were obtained us-
ing ImerTestR package (Kuznetsova, Brockhoff, & Christensen, 2017). Reported
degrees of freedom fdt-values (Type Il ANOVA) were calculated using Satterth-
waite's approximations ilmerTest This method is recommended for extracting
F-values from LMMs as it produces relatively few Type | errors (Luke, 2017). The

same procedure was followed throughout the thesis unless stated otherwise.
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2.4 Results

2.4.1 Cortical data - testing various Itering methods, active

electrodes, and reference electrodes

The analysis of the pilot study (Walczak, 2012, not reported here) provided guidance
when Itering EEG recordings. The same settings were used in this experiment.
These settings are consistent with the literature and are prevalent in studies using
ERPs (e.g. Luck, 2007). Other potential settings were also tested (details below).

The positive trigger pulse in Self-Production occurred at the onset of speech
(see Figure 2.5). In other conditions the 100 ms of silence was introduced at the
beginning of each le to avoid potential artefacts in the EEG signal caused by the
triggers (see Figure 2.4). Using an initial period of silence meant that different
baselines were used for analysing Self-Productions vs. the remaining conditions.

EEGLab (Delorme & Makeig, 2004) and ERPLab (Lopez-Calderon & Luck,
2014) were used in this analysis. Thirteen channels were studied: ten cortical (Fp1,
F3, Fz, F4, C3, Cz, C4, P3, Pz, and P4) and three external (eye, and two mastoids).
The neck electrode was excluded as it does not carry any information relevant to the
ERPs. The Fp1 electrode was used to control for eye movements as it was closest to
the left eye. The remaining nine channels were chosen because their locations were
likely to show N1 and P2 brainwaves.

The down-sampled continuous EEG recordings were re-referenced to the right
mastoid (left mastoid was noisy so inappropriate for referencing), event les were
created and the les were epoched to extract the ERPs. The continuous les were
epoched over -150 ms to 450 ms, where 0 ms is the occurrence of the trigger. The
custom baseline correction was set at -150 ms to 0 ms in the Self-Production con-
dition. The baseline correction took into account the initial 100 ms of silence intro-
duced in the remaining conditions, thus using the baseline of -150 ms to 100 ms.
The les were then Itered using a digital version of a Butterworth in nite impulse
response (IIR) lter with 0.5 Hz high-pass and 30 Hz low pass settings, the lter
roll-offs were set at 12 dB/octave (40 dB/decade).

The logistic infomax algorithm (Bell & Sejnowski, 1995) with default set-



2.4. Results 79

tings was run on the pre-processed data. The Independent Component Analysis
ICA algorithm is a part of the default EEGLab plug-in and is recommended by
the EEGLab developers to remove artefacts in EEG data (Delorme, Sejnowski, &
Makeig, 2007). When ICA was completed, components and spectra were plotted
and examined. Components that were identi ed as typical for eye or tongue move-
ments were removed (at least two components in each recording were removed).
They were chosen based on visual inspection of the graphs. Removed components
had peaks that were mostly lateral-frontal (i.e. blinks) or bipolar. These compo-
nents were considered to be related to speech movement artefacts and removing
them was previously found to be a reliable way of cleaning the ERPs (Porcaro,
Medaglia, & Krott, 2014). Components with peaks at around 10 Hz indicated corti-
cal activity and were not removed from the data set. The components were chosen
by Eryk Walczak, and then independently con rmed by a local ERP expert - Jyrki

Tuomainen.

After cleaning the ERPs, grand averages for all participants and across the
conditions were created (see Figure 2.6). Mean amplitudes for N1 and P2 com-
ponents were extracted from the grand averaged ERPs (average response for each
participant) for all participants, electrodes, and conditions. The N1 mean amplitude
was extracted in the range 130-180 ms. The time range 200-250 ms was used for
P2. These time ranges took into consideration the 100 ms delay introduced in all

conditions apart from Self-Production.

Two linear mixed models (LMMs) were t to the data to assess the impact of
experimental conditions and tones on the amplitude (see Section A.2.1.1 for more
detail). Model 1 tested the effect of experimental conditions on amplitude, and
Model 2 tested the effect of aggregated experimental conditions (i.e. occurrence
of vocalisation) on amplitude. The effect of participant, electrode, component, and
tone was controlled for (i.e. treated as a random effect). These two models are

compared in Table 2.1.

Coef cients in Model 1 showed that every condition, compared to Percep-

tion, led to increase in amplitude. The largest coef cients was observed in Self-
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Figure 2.6: ERPs averaged across participants in all conditions after processing. ERPs
were collapsed across the tones. Symbols in columns and rows signify the
electrodes used in the recording. Rows were the following: F - frontal, C -
central, P - parietal. Columns were: 3 - left, z - central, 4 - right. See Figure
2.1 for locations of electrodes on the scalp. 100 ms delay in all conditions
apart from Self-Production was removed from the plot (i.e. signals were time-
aligned). N1 and P2 components (peak and troughs) are roughly aligned across
conditions and occur when expected. Conditions drawn in the shades of green
included vocalisation.
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Table 2.1: Comparison of linear mixed models used to assess the impact of experimental
conditions on the average amplitude. The primary values in the table are xed
effects coef cients. They are reported with the standard errors in parentheses.
Model 1 uses all experimental conditions, and Model 2 aggregates conditions
by the occurrence of vocalisation (i.€ocalisationYesncludesShadowingand
Self-Productioph The random effects of condition, tone, electrode, and ERP
component were controlled for each participant.

Model 1 Model 2

(Intercept) 0040 0:050

(0:0006 (0:003
ConditionSelf 0069

(0:016
ConditionShad 054

(0:015H
ConditionSilent @16

(0:01)
ToneRise 0:001 0:004

(0:006 (0:009)
ConditionSelf:ToneRise 0:014

(0:033
ConditionShad:ToneRise 0:007
(0:017)
ConditionSilent:ToneRise 0:003
(0:01))
VocalisationYes @47
(0:008
VocalisationYes:ToneRise 0:009
(0:012
AlIC -3333.288 -3341.625
BIC -2242.649 -2271.183
Log Likelihood 1882.644 1882.813
Num. obs. 1152 1152
Num. groups: Participant 8 8
Var: Participant (Intercept) 0.000 0.000
Var: Residual 0.002 0.002
Controls Yes Yes

p< 0:001, p< 0:01, p< 0:05
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Production, followed by Shadowing, and Silent Mouthing. Participants in Self-
Production had their amplitude increased by 0.069 uV compared to Perception.
Silent Mouthing increased by the smallest amount (0.016 pV). An F-test was con-
ducted on Model 1 usingmerTestpackage. The results showed the main effect
of condition (Table 2.2). Post-hoc pairwise comparisons (Tukey's HSD) con rmed
that all contrasts between the conditions were signi cant when p-value was adjusted
according to Hochberg (1988) (see Table A.4). However, when conservative Bon-
ferroni's correction was applied, then the contrasts between Silent Mouthing vs.

Perception, and Shadowing vs. Self-Production were not signi cant.

Table 2.2: ANOVA table for Model 1 - ERP (Experiment 1).

SumSg MeanSgq NumDF DenDF Fvalue ¥FK)

Condition 0.03 0.01 3.00 7.84 5.43 0.0256
Tone 0.00 0.00 1.00 8.37 0.51 0.4960
Condition: Tone 0.00 0.00 3.00 7.76 0.10 0.9567

The impact of vocalisation on the amplitude was tested in Model 2 by ag-
gregating the vocalising (Shadowing and Self-Production) vs. non-vocalising con-
dition (Perception and Silent Mouthing). Model 2 demonstrated that there was a
statistically signi cant increase in amplitude, by 0.050 yV, when participants were
vocalising. The main effect of condition in Model 2 was statistically signi cant
(see Table 2.3). There was larger variation in the amplitudes in conditions where
the participants were vocalising. This can be seen on the box plot (see the plots in

the shades of green in Figure 2.7).

Table 2.3: ANOVA table for Model 2 - ERP (Experiment 1).

Sum Sq Mean Sq NumDF DenDF Fvalue ¥F)

\Vocalisation 0.03 0.03 1.00 8.21 16.04 0.0037
Tone 0.01 0.01 1.00 10.23 2.69 0.1313
\Vocalisation: Tone 0.00 0.00 1.00 11.12 0.57 0.4653

Models 1 and 2 also tested the main effect of tone and the interaction between
tone and experimental conditions on amplitude. When Type Il F-test was applied

on Models 1 and 2 the main effect of condition was found, but the result was not
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Figure 2.7: Box plots and overlapping distribution of mean amplitudes across the condi-
tions and components. Each dot represents an average ERP amplitude of a par-
ticipant collapsed across all electrodes for simplicity of presentation. Columns
represent ERP components. Rows represent tones. Colours were used to repre-
sent experimental conditions. Shades of green were used to describe conditions
that involved vocalisation.

signi cant for tone as main effect or in interaction with condition (both aggregated

or disaggregated) - see Tables 2.2 and 2.3.

Additional predictor (component) was added the LMMs specied above.
Model 3 used disaggregated conditions, and Model 4 aggregated (by vocalisation).
Coef cients for P2 were higher than N1 in both models, which supports the predic-
tion that P2 component should have a higher amplitude. See Figure 2.8 for graphical
depictions of simple means. The interaction between the component and experi-
mental conditions were tested using LMMs (see Table A.3). The results showed
that there was a signi cant effect of the component, with P2 component having

higher amplitude than N1 (by 0.044 or 0.026 uV, depending on the predictors used
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in a model).

Figure 2.8: The differences in amplitude between the components and vocalisation group-
ings. The amplitudes were collapsed for each participant by tone and electrode.
The error bars show the mean standard errors.

2.4.2 Subcortical recordings - testing various Itering methods,

active electrodes, and reference electrodes

Continuous EEG recordings were split into epochs starting at -49 ms pre-trigger and

nishing 250 ms post-trigger presentation. All the grand average les had the same
length. The length of the epoch could not be longer than that of the ERPs including
the components of interest (i.e. at least 250 ms).

The recordings were band-pass Itered (70 Hz and 2000 Hz). This lItering
removed slower cortical ERPs and decreased the noise above the limit of phase-
locking (Skoe & Kraus, 2010). Artefacts above 35 uV were rejected. FFR les
were epoched and averaged between -49 ms and 250 ms. The baseline in Self-
Productions was set between -49 and 1ms. The baseline for the remaining condi-
tions was set between 50 and 101 ms, these periods were used because the 100 ms

silence was inserted at the beginning of each condition except for Self-Production.
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Initially, the recordings were referenced to EXG2 (located on the neck) and
Cz was the active electrode, but plotting the signal showed high levels of noise. A
possible explanation of this result was that the reference electrode (EXG2) or ac-
tive electrode (Cz) could have been faulty (either due to insuf cient gel, or external
pressure, e.g. rubbing against the armchair when participants were tested). To test
whether changing the active and reference electrodes improved the number of ac-
cepted trials, different settings were used. Averaging and Itering were conducted
using the same lter settings as previously, but using Fz as an active electrode (be-
cause it was centrally located and relatively close to Cz), and using EXG3 (left
mastoid) as a reference electrode to active Cz.

The results showed that three pairs tested (reference/active electrode) were
fairly similar in the number of accepted trials (see Table 2.4).

However, EXG3-Cz combination resulted in almost no signal for one of the
participants (see Figure 2.9). Percentage of accepted trials across conditions was
very similar (see Figure 2.10), but noticeably lower in conditions involving vocali-
sations.

The combination of EXG2-Cz electrodes was chosen for conducting further
analysis because it showed the highest number of accepted trials (Table 2.4). Also,

this pairing of electrodes is commonly used in FFR research.

Table 2.4: Comparison of the acceptance rates using different electrode settings.

Reference-Active\ Mean Percentage of Accepted Trials
EXG2-Cz 49.07%
EXG2-Fz 48.11%
EXG3-Cz 48.80%
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Figure 2.9: Percentage of accepted trials by each participant. Error bars represent standard
error of the mean (by condition).

Figure 2.10: Percentage of accepted trials in each condition. Error bars represent standard
error of the mean (by participant).
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2.4.2.1 Final choice of electrodes: reference EXG2 and active elec-

trode Cz

The subcortical responses were averaged across the conditions and tones. The low
cut-off of the Iter was set to 70 Hz, and the high cut-off Iter was set to 2000 Hz.
Artefact rejection was set to a voltage threshold of 35 uV (i.e. trials above that value

were rejected). See Figure 2.11 and Figure 2.12 for grand averaged responses.

There were no obvious differences in the signal quality of the non-vocalising
and vocalising conditions. The only outlier was the Self-Production which showed
large distortions. When signals of the individual participants were taken into con-
sideration, it turned out that only three individuals (participants 5, 7, and 8) had a
signal with amplitude below 1 pV. In the Self-Production rise condition, the noise

was due to one participant (participant 4).

Figure 2.11: Grand Average FFRs in the non-vocalising conditions. The vertical line at the
beginning is the trigger artefact.
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Figure 2.12: Grand Average FFRs in the vocalising conditions. The vertical line at the
beginning is the trigger artefact. Self-Production is clipped to keep the same
range on all plots, it shows the distortion of the signal in this condition.

2.4.2.2 Pitch tracking with Brainstem Toolbox

Grand averaged FFRs and the audio stimuli heard were used to test the pitch track-
ing and autocorrelation using Brainstem Toolbox (BT) 2013 (Skoe & Kraus, 2010)
in MATLAB R2016b.

In the rstrun, the grand average FFR responses (in all conditions and includ-
ing all participants) were turned into aavg le (format accepted by Brainstem
Toolbox). The audio stimuli played to the participants were also converted into an
.avg le. FFRs and audio stimuli had to be time-aligned to be comparable. The
audio stimuli used in all conditions except Self-Production had a 149 ms of silence
added at the beginning to account for the baseline in the FFR les (see Figure 2.13).
The .avg les for Self-Production responses did not include a silent period, as it
was not added in this condition, but had the same total length of 299 ms as in the

remaining conditions (see Figure 2.14).
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Figure 2.13: Schema ofavg les used in Brainstem Toolbox in all conditions except Self-
Production.

BT stimulus was the audio le used. BT response was the brain stem response
(see the previous section for more detail about creating brainstem responses). 100

ms delay was added after the trigger (see section 2.3.4 for more detail).

Figure 2.14: Schema ofavg les used in Brainstem Toolbox in Self-Production.

Autocorrelation was the frequency extraction method used. The block size of
40 ms was used with a step size of 1 ms (both default settings). The time window
of tracking analysis was set to 100-250 ms in relation to the audio stimulus, as this
was the window where the pitch was changing. The expected neural lag was set to
10 ms (default). The target frequency range for response and stimulus was set to
160-300 Hz. This range was based on the audio analysis of speech productions and
on the frequency of the audio stimuli used.

The results showed that pitch tracking was relatively accurate in the Perception
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condition (see Figure 2.15). The only condition when pitch signal extracted from
the brainstem resembled the audio signal presented was Perception Fall. Other con-
ditions, even Perception Rise (see below) which was expected to have the highest

correlation, were not aligned.

Figure 2.15: Pitch tracking in Perception across the tones (left-hand side - falling tone,
right-hand side - rising tone). Black line is the pitch extracted from the au-
dio stimulus. Yellow line is the pitch extracted from the brainstem signal.
Horizontal axis shows time aligned with the brainstem response.

Additionally, the correlation coef cients did not seem to be accurate as high
values were obtained for pairs where visual inspection showed inaccurate pitch
tracking. An example of this was in the Perception Rise condition (right-hand side
of Figure 2.15) which showed a correlation coef cient of 0.72 vs. 0.59 in percep-
tion fall (left-hand side of Figure 2.15). Documentation of BT explained that the
correlation coef cient could be lower when the audio stimulus is at or near at, but
this was not the case in the current experiment, where the presented sounds were
rising or falling tones.

Self-Production conditions were very noisy. Different settings in BT were
tested to improve the signal quality, i.e. window of analysis or frequency ranges,
but none led to improved signals.

The measurements extracted in the pitch tracking analysis are presented in
Table 2.5. The strongest correlations between the audio signal and the brainstem
pitch signal were observed in the non-vocalising conditions. Pitch error was the

lowest in the Perception conditions, and it increased in the remaining conditions,
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i.e. all conditions involving speech-related movements.

Table 2.5: Measurements of the pitch tracks extracted using Brainstem Toolbox.

Condition Tone | Pitch error | Pitch strength | Correlation coef cient
Perception Fall 375 0.14 0.59
Perception Rise 21.53 0.1 0.72
Shadowing Fall 44.89 0.05 -0.41
Shadowing Rise 43.51 0.25 -0.46
Silent Mouthing| Fall 44.81 0.18 0.23
Silent Mouthing| Rise 43.06 0.38 0.41
Self-Production| Fall 58.98 0.02 -0.09
Self-Production| Rise 51.12 0.03 0.56

The same Brainstem Toolbox (BT) settings were tested on the recordings from
the individual participants. The recordings that looked the cleanest (participant 2
and 5) were used to test whether the noisy results could be improved if cleaned
grand averages were used. Even using these responses, the pitch track did not im-
prove.

Potential explanation for the noisy signal in this condition could be the fact that
the audio signal heard by the participants was their own voice, and not the stimulus
used in the remaining conditions. This possibility was tested by using the audio
responses with the pitch values extracted from the actual audio recordings in the
experiment (i.e. participants' pitch values). This modi cation did not improve the
signal either.

Pitch tracking was very inaccurate in other conditions which involved vocal-
isation movements, i.e. all conditions except perception. This led the author to
the conclusion that speech-related movements were the most likely culprit of the
noisy recordings. However, even the passive listening (Perception) task resulted in

a relatively noisy signal, at least in comparison to published ndings.
2.4.3 Audio recordings - developing an automated pitch process-
ing pipeline

Audio recordings were collected during trials involving vocalisations, i.e. Shadow-

ing and Self-Production. It was expected that speech in the Shadowing condition
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would be synchronised with the presentations because shadowing out-of-synchrony
would be confusing for participants (Takaso, Eisner, Wise, & Scott, 2010). The
recordings were also collected to control the quality of vocalisations and to moti-
vate participants to produce the sounds as expected.

Recordings of Self-Productions were split into two channels - left consisting
of recorded speech and right with trigger. The right channel was removed as it
was irrelevant for the audio analysis. The remaining left channel was turned into a
mono track. It was then cleaned by removing non-speech sounds (e.g. coughs, door
opening etc.) and substituting them with silence using Audacity software. This
pre-processing was conducted to improve the accuracy of the algorithm for nding
vocalisations in Speech Filing System (SFS) (Huckvale, 2018).

SFS was used to develop a script to extract temporal information about the
delimitation of speech productions. This temporal information was subsequently
used to split the continuous audio les into separate utterances which were then
analysed by extracting pitch characteristics. A batch script that was developed to
extract speech utterances is available in the code repository.

SFS's Graphical User Interface (GUI) was used to ne-tune the parameters
used in the script and to visualise the results of automatic delimitation. The screen-
shot of the GUI is presented on Figure 2.16.

Audio recordings of participants' vocalisations were analysed to see how pitch
differed between the individuals and conditions. Potential changes in speech pro-
duction between the conditions could explain the discrepant neurophysiological
recordings.

The audio (wav) les that the participants heard had the following frequency:
falling tone - from 255 to 166 Hz, and rising tone - from 189 to 269 Hz. The stimuli
were a modi ed natural speech of a native female Mandarin speaker, which was
modi ed in Praat to create a linear tone (see Figure 2.2 and Figure 2.3).

1,500 utterances were extracted for each participant in a single condition/tone

lWalczak, E. (2014). Annotation script (Version 1.0) [Software].  Available from
https://github.com/erzk/phd-thesis/blob/master/annotate _export
_split _SFS.bat
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Figure 2.16: Example of a le automatically annotated by SFS. The lower channel shows
delimiters of syllables.

combination. For instance, there were 12,000 utterances (8 times 1,500) in Shadow-
ing with a rising tone (Shadowing-Rise). A total of 48,000 utterances was extracted:
Shadowing-Fall, Shadowing-Rise, Self-Production-Rise, and Self-Production-Fall;

each consisting of 12,000 utterances.

An R (R Core Team, 2018) script was developed to extract pitch information
from the utterances. The code is available online and it used an R-connection to
Praat called PraatR (Albin, 2014). Praat is not able to compute pitch values if a
window of analysis is shorter than approximately 40 ms. This restriction, combined
with false-positive (noise extracted as utterance), meant that 5830 data points were

rejected from the analysis.

Recently, other tools for detecting speech onset were released (Roux, Arm-
strong, & Carreiras, 2016). However, manual examination of the speech boundaries

suggests that the methods used in this experiment was accurate.

The entire procedure for one participant in a single condition/tone lasted
around three and half hours. This included cleaning the original audio le, split-
ting the continuous le into single utterances, and extracting speech measurements
from the individual utterances. The processing of audio information of all partic-
ipants in this experiment took around 112 hours. This time included the manual

checks of audio quality and computing time (eight participants by two conditions
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Figure 2.17: Violin plots and box plots showing the distribution of minimum (left chart)
and maximum (right chart) pitch values across the tones (experimental condi-
tions were aggregated).

by two tones, each lasting three and half hours).

When the simple (arithmetic) means were created (i.e. without controlling
for participant-speci c variation) then the minimum pitch values were lower in the
rising tone (M = 191.89 Hz, sd = 27.58 Hz) than the falling tone (M = 194.26 Hz,
sd =24.83 Hz). The same pattern was found with the maximum pitch values, where
the maximum pitch was lower in the rising tone (M = 234.13 Hz, sd = 28.13 Hz)
than in the falling tone (M = 246 Hz, sd = 26.70 Hz). Violin plots, a combination
of box plot and kernel density plot, in Figure 2.17 show the data distribution.

Minimum pitch was lower in the Self-Production condition (M = 190.43 Hz,
sd = 25.49 Hz) than in the Shadowing (M = 196.27 Hz, sd = 26.92) condition. This
pattern was found also in the maximum pitch values, where pitch was lower in Self-
Production (M = 237.98 Hz, sd = 27.96 Hz) than in Shadowing (M = 243.26 Hz, sd
= 28.16 Hz). Please see Figure 2.18 for an overview.

Linear mixed models were tted to the data set to control for variation be-
tween participants. This led to slightly different results than reported above using
simple means. Minimum pitch (Model 1) and maximum pitch (Model 2) were used
as dependent variables. The participants were treated as a random effect, while
condition, tone, and the interaction between them were predictors. The results are

presented in Table 2.6.

The coef cients of condition and tone were found not to be statistically signif-

icant for minimum pitch in the LMMs (Model 1). Model 1 demonstrated that there
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Figure 2.18: Violin plots and box plots showing the distribution of minimum (left chart)
and maximum (right chart) pitch values (simple means) across the conditions

(tones were aggregated).

Table 2.6: Linear mixed models tted to acoustic data. Dependent variables were minimum
pitch in Model 1 and maximum pitch in Model 2. The effect of participants was

controlled for.

Model 1 Model 2
(Intercept) 191236 239994
(7:54) (6:796)
ConditionSelfProduction :070 2070
(0:892 (1:249
ToneRise 880 5585
(1:976) (1:453
ConditionSelfProduction:ToneRise 4:395 4:288
(1:233 (1:087
AIC 329368.090 358905.621
BIC 329497.832 359035.363
Log Likelihood -164669.045 -179437.810
Num. obs. 42170 42170
Num. groups: participant 8 8
Var: participant (Intercept) 454.866 369.382
Var: Residual 143.572 289.384
Controls Yes Yes

p< 0:001, p< 0:01, p< 0:05

was a signi cant interaction between condition and tone. Producing rising tones

in Self-Production led to lower (by 4.4 Hz) minimum pitch than when falling tone

were used. Model 1 was passed to a type Il ANOVA usingrTest(see Table 2.7)

and then the interaction between tone and condition were also signi cant.

In Model 2 the rising tone led to an increase of the maximum pitch by 5.58
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Table 2.7: ANOVA table for Model 1 - audio (Experiment 1).

Sum Sq Mean Sq NumDF DenDF Fvalue PF)
Condition 206.49  206.49 1.00 8.00 1.44 0.2647
Tone 28.48 28.48 1.00 7.99 0.20 0.6679
Condition:Tone 1823.82 1823.82 1.00 799 12.70 0.0074

Hz. The type of speech production condition employed did not have an impact
on both maximum and minimum pitch. Self-Production led to slight increases in
both minimum (by 1 Hz) and maximum (by 2 Hz) pitch, but these effects were not
signi cant. The effects of interaction between condition and tone were then found

to be statistically signi cant (see Table 2.8).

Table 2.8: ANOVA table for Model 2 - audio (Experiment 1).

Sum Sq Mean Sq NumDF DenDF Fvalue FPFK)
Condition 794.72 794.72 1.00 8.02 2.75 0.1360
Tone 4272.61 4272.61 1.00 7.98 14.76 0.0050
Condition:Tone 4507.37 4507.37 1.00 8.01 15.58 0.0042

Figure 2.19: Box plots showing mean minimum (left) and maximum (right) pitch values
(simple means) across conditions and tones.

A signi cant interaction between tone and condition was found for both min-
imum and maximum pitch values (see Table 2.7 and 2.7). The coef cients were
higher for the minimum pitch (Model 1) where the values in Self-Production Rise
were lowered by around 20.1 Hz relative to Self-Production Fall. The same inter-
action on maximum pitch lowered it by 17.9 Hz. See Figure 2.19 for the graphical

representation of interactions between Tone and Condition.
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2.5 Discussion

Previous studies have reported that speech production both increases ERP N1 ampli-
tude (Behroozmand & Larson, 2011) but also reduces MEG M100 amplitude, MEG
equivalent of N1 (e.g. Houde, Nagarajan, Sekihara, & Merzenich, 2002; Numminen
et al., 1999). The results of the current study showed a lack of suppression, which
might support the results by Behroozmand and Larson (2011). The lack of SIS was
observed in both components (N1 and P2) so it is unlikely to be due to sampling
of ERPs at a particular time. The same effect was observed when data were disag-
gregated by tone, electrode, and the combination of both, which suggests that the
obtained result was correct. However, closer inspection of the individual electrodes
(see Figure 2.6), especially Cz and Fz, which were also used by Behroozmand and
Larson (2011), showed a lack of consistency of the effect. One potential explanation
of why the same pattern was not found could be a slightly different experimental ap-
proach. Behroozmand and Larson (2011), in their non-altered feedback condition,
played back the speech production to participants via the earphones, whereas in the
current study participants kept the earphones in, but the sound with their speech
production was not played in the Self-Production condition (it was played in the
remaining conditions). This lack of auditory feedback could have potentially had
an impact on the shape of ERPs. This explanation is still not suf cient as in some
electrodes, notably F3 and C4, the observed ERPs had very similar shape to those

reported by Behroozmand and Larson (2011).

The fact that the mean amplitudes for both N1 and P2 have similar value in
Perception and Silent Mouthing decreases the possibility that the activity in Self-
Production and Shadowing was caused by movement artefacts. The participants
also had to move the mouth, as if they were speaking, in the Silent Mouthing con-
dition. A CCTV was installed in the lab and participants were observed by the
experimenter. Clear instructions were given to the participants before the experi-
ment and their performance was monitored throughout the experiment. The results
showed that the Shadowing results were not a movement artefact because the tasks

that required vocalisation showed similar amplitude levels. On the other hand, the
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conditions that did not require vocalisation (Perception and Silent Mouthing) were
clustered together. Silent mouthing also involved speech movements but the results
did not resemble those in Shadowing, thus decreasing the possibility of the activity
in Shadowing being caused by speech movements. The quality of ERPs in all con-
ditions can be considered good. It appears that band pass Itering combined with

Independent Component Analysis got rid of the movement artefacts.

ERP and MEG studies (Curio et al., 2000; Ford et al., 2001; Houde et al.,
2002; Numminen et al., 1999; Ventura, Nagarajan, & Houde, 2009) found SIS of
the amplitude, but using high-resolution invasive methods, yielded more ambigu-
ous results (Flinker et al., 2010; Greenlee et al., 2011). The lack of SIS was also
observed in ERP studies (e.g. Behroozmand & Larson, 2011) so the results are far
from unambiguous. The occurrence of SIS was predicted by feedforward models
in which the predicted sensory consequences are matched with perceived auditory

input (see section 1.4.1 for examples of speech models).

A procedure for automatic analysis of audio recordings was developed. The
goal was to ascertain that participants produced the required tones, which they
did. Also, extracted characteristics of speech productions could be compared to

the brainstem signal.

Coffey, Colagrosso, and Lehmann (2016) demonstrated that FFRs can vary
highly between-participants but the signal quality of FFRs recorded in the current
study requires improvement. The FFRs seemed to be more sensitive to the move-
ment artefacts than the ERPs. Relatively high rejection rate also suggest that better
control for speech movement and longer testing period are necessary to improve the
signal quality.

The frequency tracking of the audio signal in the brainstem responses was rel-
atively accurate only in the passive listening condition (Perception). The conditions

including speech-related movements were much more noisy and harder to interpret.

These results suggest that the quality of signal needs to be improved. The next
experiment, among other goals, aimed to improve the signal quality and to develop

new methods of analysing collected recordings. It also tried to replicate the lack of
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Chapter 3

Experiment 2 - Tone training study

(improving signal quality)

3.1 Summary

This experiment sought to replicate the nding from Experiment 1 that showed ERP

amplitude increased in conditions where vocalisation was involved. This increase
was contrary to the majority of what has been reported in previously published

studies (e.g. Ford et al., 2001; Numminen et al., 1999). However, some recent
studies found a similar effect of enhanced brain activity during speech production
(e.g. Behroozmand & Larson, 2011; Sitek et al., 2013). Hence, it was important to
try to replicate the results of the previous experiment.

The hypothesis was that training ave participant on tone production over
several sessions should change their tone representation and those for production in
particular, and that the change should be observed in brain recordings, especially at
subcortical levels. Subcortical changes should be re ected in the increased accuracy
of pitch-tracking observed in FFRs, similar to that reported by Song et al. (2008).
This accuracy can be measured by comparing FO values of the stimuli and FFR
recordings or, more qualitatively, by sonifying FFRs. Additionally, increased length

of the recording sessions should allow assessment of how consistent is occurrence

Jamie So, Daixi Wu, and Kirsten Beltran helped in data collection for this experiment.
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(or lack of) of SIS. The results showed that the SIS did not occur consistently.

A native Mandarin speaker performed the study as a control. Recordings were
made over several sessions to increase the quality of the subcortical signal (its rep-
resentation was weak in Experiment 1). This experiment was limited to studying
speech production of only one tone (falling tone) in order to limit the length of the
study.

Experiment 1 showed that it was possible to record clear ERPs during produc-
tion trials, but the subcortical recordings were sensitive to artefacts deriving from
speech-related movements. One way to improve the signal quality and increase the
number of accepted trials in the subcortical recordings was to increase the number

of recording sessions in the experiment.

Increasing the number of sessions in the experiment allowed potential changes
due to training to be observed. The previous study only tested native Mandarin
speakers. They were unlikely to show any effects of tone training. Recruiting a
native speaker of a non-tonal language (English in this case) who did not have any
experience with any tonal language allowed measurement of perceptual, acoustic,
and electrophysiological changes over time. Training paradigms can extend over
long periods of time. As this was the rsttraining study of this kind, it was necessary

to estimate training duration.

An additional perceptual test of tone discrimination ability was added to mea-
sure the speed and accuracy of acquisition of tone perception. A novel method of
training tone production that used near real-time visual feedback of produced tone

contours was added.

The results showed that speech perception (tone discrimination) and speech
production (pitch contours of syllables produced by participants) changed after the
rst training session. However, neurophysiological changes at the cortical and sub-
cortical level were not clear.

In order to make the conduct of future similar experiments possible, the length
of the training can be shortened based on the results obtained. The current train-

ing study lasted for approximately forty hours per participant in order to ascertain
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whether training improvements had plateaued and so that the effects of interest were
clear. Also, the repetition of training phases over ve weeks allowed the experi-

menter to record high quality data from motivated participants.

3.2 Expanding the investigation to a training study

This study attempted to test the results from Experiment 1 (the lack of clear FFR in
speech production and the lack of SIS). The experimental procedure was expanded
to include several recording sessions. Lengthening the procedure would also lead
to learning of tones in the English speaker. This created an opportunity for study-
ing the effects of tone training. An additional aim was to estimate the number of
sessions needed to record changes in neural activity when learning to perceive and
produce falling tones. There is a rich body of literature about tone learning that has
appeared in recent years (e.g. Chandrasekaran, Kraus, & Wong, 2012; Song et al.,
2008; Y. Wang, Jongman, & Sereno, 2003; Y. Wang, Sereno, Jongman, & Hirsch,
2003; Y. Wang et al., 1999; Wong & Perrachione, 2007). However, none of the
available research papers have examined the effects training has on several aspects
of performance simultaneously (i.e. speech perception, production, and electro-
physiological).

Mattock, Molnar, Polka, and Denis (2008) showed that lexical tones are recog-
nised early in life (between six and nine months of age) and that non-native tone
distinctions disappear by the age of nine months (Mattock et al., 2008). Learning
to distinguish tones has a U-shape form in infants. At the start ( ve-six months)
infants can distinguish the tones, then (around nine months) their performance de-
teriorates, and it improves again around the 1%-b8onth (Liu & Kager, 2014).

The ability to distinguish linguistic tones does not develop in speakers of non-tonal
languages such as English. English uses varying tone contours over a sequence of
syllables to convey non-lexical information (for instance, questions tend to have a
rising tone), but tone does not differentiate between word meanings based on tone

patterns within syllables.

The in uence of early tone learning on brain activity continues well into adult-
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hood, even when people are not exposed to tones (no longer speak or hear them).
Thus, distinctive ERP activation patterns speci c to processing of lexical tone dis-
crimination have been found in international adoptees who were not exposed to
Mandarin after their adoption in early childhood. In fact, their patterns of neural ac-
tivity were almost the same as those of fully functional French-Mandarin bilinguals

(Pierce, Klein, Chen, Delcenserie, & Genesee, 2014).

Native speakers of non-tonal languages can learn to distinguish Mandarin tones
perceptually after a relatively brief training. This was shown by Sadakata and Mc-
Queen (2014) who studied the effects of speech perception training. They found
that both low- and high-aptitude perceivers (de ned based on their performance in

the perceptual tests) improved tone perception after a ve-day training.

Looking at production training more generally, Kartushina, Hervais-Adelman,
Frauenfelder, and Golestani (2015) developed a training protocol that used visual
feedback to teach participants to produce Danish vowels. F1 and F2 values were
displayed visually. Displayed formant values relate to vowel articulation. An hour
of this type of training alone was suf cient to improve vowel production (i.e. make

the utterances sound more like the Danish target vowels).

Suemitsu, Dang, Ito, and Tiede (2015) supported the effectiveness of visual
feedback during learning of a second language. They used real-time visual feedback
with electromagnetic articulometry (EMA) to train Japanese speakers to produce an
/eel sound which was non-native to them. This training method alone improved the

acquisition of novel sounds even though audio training was absent.

Segawa, Tourville, Beal, and Guenther (2015) showed that speech motor se-
guence learning can occur after two days of training. However, they did not include
consonant clusters and tones that are not permitted in the native language as in
the current experiment. Segawa et al.'s (2015) experiment also involved recording
fMRI activity, and found that learning speech-motor sequences involved not only
speech-motor areas, but also areas responsible for sensory-motor feedback during

speech learning.

Other early Mandarin tone training studies did not include neuroimaging
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(Y. Wang et al., 2001, 1999). For instance Y. Wang et al. (1999) trained native
American English speakers to perceive Mandarin tones. They found that after train-
ing involving eight sessions of forty minutes conducted over two weeks, participants
increased their tone-identi cation accuracy by 21%. Moreover, their training proce-
dure generalised to new stimuli, new speakers, and the improvements were retained

six months after training was completed.

Y. Wang, Jongman, and Sereno (2003) investigated whether perceptual training
of Mandarin tones transferred to their production. They found that tone perception
training was suf cient for improving tone production (improved by 18% compared
to the pre-training measurement). They also reported that pitch contour was easier

to train than pitch height.

The ways that training affects cortical activity were examined by Y. Wang,
Sereno, et al. (2003) over a two-week training period. fMRI was used to scan the
brains of students before and after taking part in a Mandarin learning program. The
participants' performance improvements were related to changes in activation in
three of Brodmann's areas (22, 42, and 44). This showed that brief tone training

changes cerebral activity.

The effects of training on perception has been studied in other tonal languages
such as Thai (Kaan, Wayland, Bao, & Barkley, 2007). Kaan et al. (2007) studied
changes in mismatch negativity (MMN) as a result of lexical tone training. They
found that speakers of tonal and non-tonal languages used similar mechanisms to
process Thai lexical tones. Additionally, they found difference in sensitivity to the
initial FO onsets differences, with, somewhat counterintuitively, English speakers

being initially more sensitive than the Mandarin speakers.

Based on the ndings described above, it was predicted that tone training will
have effects on perceptual (tone discrimination), speech (tone contours of speech
productions), and neurological (ERPs and FFRs) data. Given the length of the ex-
periment and the number of sessions, it was expected that the nding from Experi-

ment 1 would replicate and that the data would be of better quality.
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3.3 Methods

3.3.1 Participants

Two female participants were tested in this experiment. The participants were both
UCL Psychology undergraduate students willing to learn about the recording and
analysis of FFR/EEG signals and as such were highly motivated to participate in
the study.

The native English participant was twenty-two year old, had basic knowledge
of Spanish (no formal education), limited musical education (voice - six years; pi-
ano - three years), and was exclusively right-handed (Laterality Index of +100 in-
dicating strong right-handedness, assessed using Edinburgh Handedness Inventory;
Old eld, 1971). Her pitch perception ability was self-assessed at 7/10 (where 1 is
tone-deaf and 10 is pitch-perfect). She had normal hearing sensitivity @@ dB
HL) at octave frequencies between 250 Hz and 8000 Hz tested audiometrically.

The native Mandarin control participant was twenty-one years old and was a
uent speaker of English. Her musical education consisted of three years of pi-
ano classes. The participant did not report any problems with eyes or ears and her
pitch perception ability was self-assessed at 8/10 (where 1 is tone-deaf and 10 is
pitch-perfect). She was exclusively right-handed (Laterality Index of +100 indicat-
ing strong right-handedness) and had normal audiometrically assessed hearing (as
above).

Participants were paid £250 for completing the study. They had the opportunity

of withdrawing earlier, and receiving pro rata remuneration (neither opted for this).

3.3.2 Materials

The experiment was conducted in two facilities that were used to acquire different

data, and which were set up differently.

1. Baseline recordings, perceptual tests, and speech production training were

conducted with the following equipment:

(a) Desktop PC with a standard audio headset used for baseline record-

ing, perceptual testing (forced choice task of tone discrimination), and
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speech production training.
(b) Alvin2 software was used in the perceptual testing.

(c) RTPitch software was used in the speech production training.
2. EEG sessions used the following:

(a) BioSemi EEG system with 32 channels, used to record EEG signals.
(b) ER-3 insert earphones (Intelligent Hearing Systems).

(c) Sennheiser ME66 condenser microphone, used to record audio signals.
The audio tracks were recorded on two separate channels using Adobe

Audition 2.0.

(d) Audio snapshots with sound settings were loaded to maintain a xed
presentation volume. The volume was set to 75 dB for the experimental
/da/ trials.

3.3.3 Procedure
3.3.3.1 Overview

This experiment was designed in order to see how much training is needed to ob-
serve changes in speech productions (tone contours) and in brain activity related to
it. Additional aim was to record FFRs and ERPs when vocalising speech, especially
the occurrence of Speech-Induced Suppression.

The study had the following structure:

1. Week 1 - around twelve hours in total. Two hours of baseline perceptual
tests (tone discrimination tested using Alvin2 software) and speech baseline
recordings (see Table A.1). Two sessions of EEG testing, each lasting three
and a half hours (seven hours altogether), and three hours of speech produc-

tion training (between EEG sessions).

2. Week 2 - around eight hours in total. Three hours of speech production train-
ing, ten minutes of perceptual testing (tone discrimination), and three and a

half hours of EEG testing.
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3. Week 3 - around eight hours in total. Three hours of speech production train-
ing, ten minutes of perceptual testing (tone discrimination), and three and a

half hours of EEG testing.

4. Week 4 - around eight hours in total. Three hours of speech production train-
ing, ten minutes of perceptual testing (tone discrimination), and three and a

half hours of EEG testing.

5. Week 5 - around four hours in total. Carry-over tests: three and a half hours
of EEG tests, fteen minutes of speech baseline recordings, and ten minutes

of perceptual testing (tone discrimination).

EEG testing took place in a different building to the speech production training
and perceptual testing, so additional time was necessary to transfer between those

locations.

3.3.3.2 Baseline tests

The study started by familiarising the participants with the idea of tones (see Figure
A.2). They saw a brief description of rising and falling tones and were then shown
an introductory presentation of Chinese tones prepared by the BBC (see Figure
A.3).

The baseline perceptual test (tone discrimination) was conducted to establish
how participants distinguished the tones initially (falling vs. rising tone). Sixteen
mono-syllable Mandarin words were used in this forced-choice test. The audio
stimuli involved the same syllables that differed in tone (e.g. /mao2/ vs. /mao4/
- see the full list in Table A.2). The sounds were played in random order, each
repeated ten times (total of 160 trials). Participants were asked to decide whether
the tone was arise or a fall. They pressed keys to choose the correct ansvise (
andm - fall). This test was designed and conducted using Alvin2 (Hillenbrand &
Gayvert, 2005).

Baseline production test consisted of reading the list of words (see Table A.1
for the full list) which were recorded for phonological analysis. The falling /da/

syllable, which was used throughout the experiment, was among these words.
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Figure 3.1: The individual /da/ sound that was used to create continuous audio les that
were played to participants. The top section of the screenshot shows the oscil-
logram and the bottom section shows the spectrogram (see scale at left) with
the tone superimposed in blue (see scale at right).

3.3.3.3 EEG recordings

Audio stimuli in the EEG part were created using alternating polarities as in the
previous study (see section 2.3.4 for more details). Only the falling tone was used
in the current experiment. Audio stimuli were the same as in Experiment 1, i.e.
female /da/ voices. The stimulus was modi ed in Praat, with the linear frequency

starting at 255 Hz and nishing at 166 Hz over 170 ms (see Figure 3.1).

Continuouswav les were created using a custom MATLAB script that con-
catenated /datvav les (falling tones) into a series of 750 repetitions (see Figure
3.2 for an extract). The onsets of the individual audio stimuli were marked with a
trigger on a second channel that was sent to the EEG recording to allow averaging

the EEG signal around the event (audio stimulus presentation).

There was a pre-stimulus silent period of 0.1 s to check for artefacts caused
by the triggers. The inter-stimulus-interval (ISI) was set to one second. This is
suf cient in length to record both the subcortical (brainstem) and cortical activity
(event-related potentials take longer to be elicited by a stimulus). Such a long ISI

was necessary because we were interested in N1 and P2 cortical components which
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Figure 3.2: A section overview of the continuouwav le that was played to participants
and the EEG triggers. Only the top channel was sent to the participants' ear-
phones, the second channel (triggers at the bottom) was recorded within the
EEG le to mark the time when sounds were played. These triggers allowed
extracting FFRs and ERPs around the time when the audio stimuli were pre-
sented.

occur roughly 100 ms and 200 ms (respectively) after the stimulus presentation.
Setting the ISI to 1 s also allowed the participants to produce /da/ sounds at a man-
ageable pace.

Each condition (except Self-Production where no sounds were played) re-
quired this continuouswav le to be played twice, with a short break between

them. The total length of the continuous le played twice was 25 minutes.

Four experimental conditions were used in the EEG-part of the experiment
(detailed description is available in Section 2.2). The main difference between this
and previous experiment was that now only falling tone (/da4/) was used. The

experimental conditions were:
1. Perception
2. Shadowing
3. Silent Mouthing
4. Self-Production

The conditions were conducted in a pseudorandom order, i.e. Self-Production

was never the rst condition so that the participants had the opportunity of hearing
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the /da/ sounds before they were asked to produce them. The experimenter moni-
tored the participants' behaviour using a video camera and a microphone.

A customised set-up (created by Dr Steve Nevard) was used in Self-Production
(see Figure A.1). A laryngograph in the EEG booth picked up participants' utter-
ances and created a voice activated trigger that was then recorded on a separate
channel in both audio and EEG recordings (the triggers were time-aligned with au-
dio and EEG). The trigger responses could not be separated by less than 500 ms, so
utterances that were produced more often were not picked up. This pace matched
the production pace and was twice as fast as the pace in the trials where the sounds

were played (/da/ stimuli were played every second).

The following settings, based on default Praat settings, were used to extract
information about pitch from the audio recordings made during the EEG sessions.
The underlined values were customised, the remaining ones were default settings
used by the Praat algorithm. The same settings were used to analyse audio data

from both participants.

» Time stepvas set at 0.005 seconds (time step of 0.75/150 Hz; calculated using

the standard value of 0.0).

» Pitch oor was set to 150 Hz. The candidate pitches below this frequency
were not included. The length of the analysis window was set at 0.02 seconds

(3 periods of 150 Hz).
» Hanning windowwith a physical length of 0.02 seconds (3/150 Hz) was used.

» Silence threshol@vas set at 0.15. This setting is an amplitude threshold rel-

ative to the global maximum amplitude. The frames that did not contain the

amplitude above this value were considered 'silent'.

 Voicing thresholdvas set at 0.45. This is the strength of the unvoiced candi-

date, relative to the maximum possible autocorrelation.

» Octave costvas set at 0.01 per octave relative to the maximum possible au-

tocorrelation. This favours high-frequency candidates to some degree.
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» Octave jump-costvas set at 0.35. This disfavours to some degree pitch

changes, relative to the maximum possible autocorrelation.

» Voiced/unvoiced costvas set at 0.14. This disfavours to some degree
voiced/unvoiced transitions, relative to the maximum possible autocorrela-

tion.

* Pitch ceilingwas set at 300 Hz, any candidates above this frequency were

ignored.

3.3.3.4 Speech-training sessions

Speech-training sessions were conducted in the Acoustic Laboratory. They were

divided into 30-minute slots that consisted of:

1. Theinitial part where /da4/ syllables used in the EEG recordings (falling tone)
were played. This part was introduced to make sure that the participants knew
what the ideal stimulus sounded like with the falling tone pitch contour. The
audio les were played using SFS WASP, this software allowed pitch contours

to be displayed in real time while the sounds were played (see Figure 3.3)

2. The second part involved producing /da4/ syllable for 30 minutes. Partici-
pants observed the pitch contour of the sounds they produced during their
speech productions. RTPitch was used in this part - see Figure 3.4. Partici-

pants' speech was recorded using Speech Filing System (SFS)

3.4 Results

3.4.1 Perceptual results - rapid perceptual learning by the native
English participant

The nativeEnglish participant took part in the tone discrimination test (forced

choice) to measure her tone recognition abilities. The tests were conducted at the

end of each training session. Due to technical dif culties data were not collected

for session two.
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Figure 3.4:
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Screenshot from WASP showing a pitch contour of the stimulus. These stimuli
were played and pitch contours were shown to participants for one minute to
introduce the sounds that they should be producing. The vertical axis shows
frequency (in Hz) and the horizontal axis time (in seconds).

Screenshot from RTPitch showing real-time pitch feedback during vocalisa-
tions of /da/ syllables with a falling tone (the screenshot shows male voice
recording - not from the experiment). The y-axis shows the frequency range of
100-150 Hz. The x-axis shows time; this excerpt shows audio recording of 5
seconds.
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Figure 3.5: Results for both participants from the tone discrimination test. English par-
ticipant's data from Day 2 is missing, but speech production data (Figure 3.9)
suggests that tones were already mastered on Session 2.

The nativeMandarin control performed the tone discrimination test (forced

choice) as a baseline, and at the end of every training session.

Although the data for the second session was missing for the Native English
participant, it is clear that her recognition and production of tones improved dramat-
ically between sessions one and three. For an indication about how quickly learning
to perceive/discriminate and to produce falling tones occurred see Figures 3.5 and

3.7 respectively.

Visual inspection of the performance in tone discrimination tasks (Figure 3.5)
provided an indication that the performance increased quickly (by Session 2 or 3),
and that performance was better when rising tones were used. These hypotheses
were formally tested. Behavioural responses had a binary form (1 for correct and
0 for incorrect) so generalised linear mixed-effects models GLMM were used to
evaluate the performance. Three models (see speci cations in Appendix A.2.2.1)
were tted using maximal random-effects structure (as recommended by Barr et al.,

2013). Full model, which included all factors, was compared to reduced models,
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which had a factor of interest removed. The random effects were the same between
the models. The likelihood ratio tests showed that the main effect of Toi{g)(=
6.65,p< 0.01) and Sessiorc#(4) = 325.96 p< 0.001) were statistically signi cant.
Code for this analysis was adapted from Hulme, Barsky, and Rodd (2019).

Overall, the rising tones were recognised better (81.5% correct) than the falling
tones (75.75%). Performance from the third session onwards was almost at ceiling

(> 96.25%) for the native English participant when the rising tones were played.

3.4.2 Baseline production improved after the training

The patrticipants read the list aloud (see Table A.1) at the beginning and the end of
the experiment. Each syllable was read three times in a xed order. There were
nine different syllables that had to be read with both a rising and a falling tone. An
example is the syllable /ma/ which was read with a falling and a rising tone. This
test was added to measure whether improvements in speech production generalised

to other stimuli which were not presented during the training phase.

Visual representations of recorded sounds were created intPRisth con-
tours of syllables produced by the native English participants were initially very
inaccurate (see blue lines on Figure 3.6). At the end of the training session, the
pitch contours had the required falling contour. See the pitch contours in blue on

Figure 3.7.

lPraat - Viewing a spectrogram. Available fromhttp://www.fon.hum.uva.nl/
praat/manual/Intro _3_1_Viewing _a_spectrogram.html
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Figure 3.6: Baseline productions of /da/ syllables produced with the falling tone by the na-
tive English participant (before the training). This is a 5 second extract of audio
recordings showing examples of tone productions. Blue lines show the pitch
contours and blue numbers on the right-hand side show the scale used (in Hz).
The contours are incorrect: they should be falling, but are discontinuous/ at.
These pitch contours show that the participant could not yet produce falling
tones. Compare these results to post-training tone contours on Figure 3.7.

Figure 3.7: Baseline productions of /da/ syllables produced with the falling tone by the na-
tive English participant (after the training). Blue lines show the pitch contours
which have the expected falling contour. This result shows that the participant
learnt how to produce falling tones.

Visual examination of the pitch contours and listening to the audio recordings
con rmed that English participant's tone contours got closer to the model /da/ sound

after the training.

3.4.3 Audio recordings (Self-Productions during the EEG trials)

Participants' vocalisations were recorded during the EEG sessions. Audio record-
ings were made only in the Self-Production condition due to technical reasons. The
audio channel was used in the remaining conditions to play the stimuli to the par-
ticipants.

Inspection of the raw recordings showed that tone learning in production had

occurred after the rst Speech Training session for the native English participant.
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