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Preface

My foray into researching and modelling speech began quite by happenstance
when I was recruited to help with scaling up an experimental setup for speech
data collection whilst studying biomedical engineering – a project that later
turned into the first publication of this dissertation. Speech production was not
a topic I had given much thought to before the opportunity to delve into it was
presented to me. However, I am not a person to pass an unanswered question,
and speech and its modelling quickly proved to be a never-ending source of
questions awaiting answers – questions that are often seemingly simple but
upon closer inspection turn out to be extremely difficult to answer. In fact, one
of the biggest challenges in reaching this milestone on my research path has
been picking the questions that can be answered within the scope of a single
doctoral degree.

This work was mostly carried out at the Department of Signal Processing and
Acoustic at Aalto University, but some of the groundwork was laid earlier while
I worked at the Department of Mathematics and Systems Analysis at Aalto. At
both of these departments, I have been extremely fortunate to be surrounded
by people who not only provided the initial nudge towards speech as a research
topic but also have supported and encouraged me to keep at it. There are two
people, in particular, without whom this dissertation would likely never have
seen daylight.

First, my sincerest thanks go to my supervisor Academy Professor Paavo
Alku, who has been a fount of knowledge on all things related to glottal inverse
filtering and, perhaps even more importantly, on the quirky world of academia
(including, but not limited to, getting a doctorate completed in a somewhat timely
manner). Second, I’m deeply grateful for the help and guidance of my advisor Dr.
Jarmo Malinen, who has always been available for bashing out equations and
discussing the twists and turns of physical modelling, as well as for soldering a
wire or two. I would also like to thank the late Professor Timo Eirola, who was
my supervisor during my time at the Department of Mathematics and Systems
Analysis.

A large number of other people have contributed to the making of this disser-
tation in some manner. My thanks to Professor Ternström and Dr. Horáček for
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their critical but constructive comments as my pre-examiners; my numerous
co-authors for their work on the publications; my colleagues for their help, discus-
sions, and general camaraderie; and my friends and family for the sympathetic
ears and unwavering faith in me.

Espoo, June 6, 2019,

Tiina Murtola
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1. Introduction

Speech is one of the main tools humans use to covey information to one another,
and efficient, reliable production of speech is a skill often taken for granted.
Yet, speech production is a complex phenomenon employing organs from several
physiological systems, and understanding this production process can, for ex-
ample, help in diagnosing and treating speech disorders. Although increasing
numbers of speech and language technology applications have recently started
relying on machine learning approaches, understanding the physical and physi-
ological principles of voice production can still bring value to the development of
technological applications.

Obtaining information about speech production on which understanding of
related phenomena can be based can be challenging, however, due to the nature
and location of the physiological processes involved. Moreover, measuring or
observing all relevant quantities at the same time to obtain a complete picture
of the production of even simple utterances is infeasible. Observing a limited
set of variables can yield valuable information, however, particularly if other
major variables can be controlled or monitored. This dissertation focuses on
one specific aspect of speech, the production of vowels, and two methodologies,
computational physical modelling and glottal inverse filtering (GIF), which can
be used to increase the understanding of vowel production phenomena.

Vowels are an attractive subject of investigation for the purpose of increasing
understanding of speech production for three main reasons. First, vowels are a
relatively homogeneous group of sounds in terms of their physiological produc-
tion. For example, in contrast to consonants, vowel sounds are always produced
by a combination of vocal fold oscillations (i.e. voicing) and a positioning of the
speech production organs which results in an unobstructed vocal tract (VT).
Second, the speech pressure signal for vowel sounds comprises conceptually
simple features, particularly in the spectral domain, which are used to identify
the vowel as well as speaker- or utterance-related information. Third, vowels
are a major component of all spoken languages, and due to the first two reasons,
an understanding of vowel production in one language can generally be extended
to other languages as well.

Of the two main methodologies used to investigate vowel production in this
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dissertation, computational speech production models offer a tool to carry out in-
vestigations with virtually complete control of the variables of interest. In order
to specify this concept of a computational physics model, the three constituent
elements of the term are defined as follows:

• A model is a representation of an object, entity, or process. In this dissertation,
the term is used to refer both to tangible objects, which are constructed to
represent an entity, and to conceptual models, which use abstract tools (such
as mathematics) to describe the entity.

• A physical model is a conceptual model which provides a mathematical descrip-
tion of selected aspects of the physics related to the entity. Physical models
of speech production mostly utilise concepts from the fields of mechanics and
acoustics. Note that physical model may also be used to refer to tangible,
physically constructed objects, such as three-dimensional (3D) printed VTs or
scaled vocal folds made of synthetic materials. In order to avoid confusion in
the terminology, such objects are called laboratory models in this dissertation.

• A computational physics model is a computational implementation of a phys-
ical model (hence also sometimes called a computational physical model) in
which the mathematical equations constituting the model are solved numer-
ically. One of the main uses of these models is simulation, which imitates a
real-life process or system.

In contrast to computational physics models, GIF offers a tool to investigate
vowel production in vivo. Using both of these methodologies separately and
conjointly offers opportunities to address the vowel production process from
multiple perspectives.

1.1 Objectives

The general objective of this dissertation is to utilise multichannel data of natu-
ral speech in modelling vowel production using computational physics and GIF.
Multichannel data – which contains the output of the vowel production system,
the acoustic speech pressure waveform, and additional non-acoustic data on
phonation and articulation – can be used to parameterise and validate models.
The data can, naturally, also be analysed to obtain a better understanding of
vowel production phenomena, and this understanding may be used to guide mod-
elling decisions. Two datasets are used in particular: the first dataset focuses
on the VT, and it comprises speech pressure signals obtained simultaneously
with magnetic resonance imaging (MRI) data of the VT. The second dataset
focuses on the glottal source, and it consists of speech pressure signals recorded
simultaneously with high-speed videoendoscopy (HSV) of the vocal folds and
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electroglottography (EGG).
Two phenomena related to vowel production are investigated using multi-

channel data, modelling, and GIF: (i) vowel onsets, focusing especially on the
simultaneous development of the glottal area and glottal flow waveforms, and
(ii) fundamental frequency glides, focusing particularly on perturbations ob-
served when the fundamental frequency crosses a resonance of the VT. These
two phenomena were selected because, due to the challenges they pose for data
acquisition and modelling, they benefit from the use of multichannel data. At the
same time, the two phenomena represent different aspects of vowel production.

The onset of a vowel sound is mainly a phonatory process in which the mode of
vocal fold oscillation changes. Vowel onsets have previously been studied mostly
from the point of view of the vocal fold function, leaving out the second aspect of
phonation, the glottal flow. The combination of the second multichannel dataset
and GIF makes it possible to analyse both the vocal fold oscillations and the
glottal flow simultaneously during onsets.

Fundamental frequency glides are produced with a phonatory process where,
in contrast to onsets, the speed of vocal fold oscillations changes. These glides
are of particular interest due to the impact of the VT (i.e. articulation) on
phonation. This interaction is difficult to analyse directly in natural speech
but computational physics models, particularly those utilising high-quality
VT geometry data, can be used to analyse the impact of possible interaction
mechanisms.

1.2 The structure of the dissertation

This dissertation consists of two parts: an overview and a selection of publica-
tions. The first part presents key topics and concepts related to vowel production,
its modelling using computational physics, and its analysis using GIF. In particu-
lar, the physiological basis of human speech production is presented in Chapter 2,
and the various methods of obtaining information about vowel production in
vivo, including the basic concepts of GIF, are discussed in Chapter 3. Chapter 4
presents an overview of computational physics models of vowel production, with
an emphasis on low-order models, and Chapter 5 complements this overview
by discussing three key concepts in the practical implementation of the models,
namely, control, parameterisation, and validation.

The second part of this dissertation comprises a selection of peer-reviewed
articles from international journals and conferences. The first two articles focus
on the acquisition of multichannel data of vowel production and on the collation
of such data into datasets serving the needs of modelling and GIF (Publications
I and II). Publication III utilises a multichannel dataset to simultaneously
analyse glottal area and flow (obtained using GIF) during vowel onsets, and
steady phonation from the same dataset, together with its GIF analysis, is used
in Publication IV to parameterise a computational physics model of glottal flow.
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The final three publications are focused on using a computational physics model
of vowel production to understand phenomena observed during fundamental
frequency glides and to investigate the impact of modelling choices on these
phenomena (Publications V, VI, and VII).
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2. Human speech production

The linguistic information of speech is coded as a sequence of phonemes, the
smallest information-bearing units in a language. These phonemes combine
to make up words which, when arranged according to the rules of grammar,
facilitate the conveyance of complex concepts from a speaker to a listener. This
information needs to be produced physiologically by the speaker before it can be
perceived and interpreted by the listener.

Speech is produced using the vocal apparatus (Figure 2.1) which utilises
organs in other physiological systems, most notably those of the respiratory
and digestive systems. The lower respiratory tract, consisting of the lungs,
bronchioles, bronchi and trachea, is in often referred to as the subglottal tract
(SGT) in the context of speech production. The main function of the SGT in
speech is to produce a pressure difference which induces flow of air and to guide
this airflow to the glottis, an orifice between two vocal folds.

Above the glottis, the airflow enters into the VT, which consists of the larynx,
pharynx, and oral and nasal cavities, before entering the external world through
the mouth or the nose. The airflow gives rise to an acoustic field through a variety

nasal cavity

oral cavity

pharyx

vocal folds

tongue

velum

lungs

trachea

vocal
tract

subglottal
tract

Figure 2.1. Key elements of the speech production apparatus (based on Flanagan, 1972).
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of mechanisms, such as the cut-off effect of vibrating vocal folds, depending on
the sound being produced. Several organs, such as the tongue, jaw, lips and
velum, contribute to speech production by changing the shape of the VT.

The speech sounds or gestures produced using the vocal apparatus, which
correspond to phonemes, are called phones. Phones and their combination into
words are produced using sequences of phonatory and articulatory gestures.
Phonation, or voicing, is the process by which the vocal folds produce speech
sounds via quasi-periodic oscillations. Articulation, on the other hand, refers to
the movement and orientation of speech organs that shape the VT in order to
produce specific speech sounds.

This work focuses on vowels, which are phones produced with an open VT. This
is the phonetic definition of a vowel, and it separates vowels from consonants,
which are produced with the VT constricted or obstructed at some location along
its length. Another distinct feature of vowels is that in most languages, including
Finnish and English, they are always voiced, in other words, vocal folds oscillate
during their production.

This chapter gives a brief overview of the physiological and anatomical aspects
of speech production. Emphasis is placed on the key features in vowel production
according to the source–filter theory of speech production (Chiba and Kajiyama,
1941; Fant, 1960): the glottal excitation produced through phonation and the
modification of this excitation through articulation.

2.1 Phonation: Vocal folds and glottal flow

For voiced sounds, such as most vowels, the main source of the sound energy is
phonation. As air flows from the lungs towards the lips, it passes through the
glottis, inducing the vocal folds to vibrate quasi-periodically. The air flow through
the glottis, i.e. the glottal volume velocity waveform, or simply the glottal flow,
Ug(t), is constricted by the vibrating vocal folds into a series of pulses, where
each pulse corresponds to a single cycle of vocal fold oscillations. The pulsating
glottal flow, produced by the interaction between vocal fold vibration and airflow
produced by the lungs, acts as an acoustic excitation for the VT.

The vocal folds (also popularly known as vocal cords) are a pair of tissue
structures stretched horizontally in the anterior–posterior direction across the
larynx. Below a surface layer of epithelium, the vocal folds consist of two layers
of tissue: the lamina propria and the muscle tissue of the thyroarytenoid muscle.
The epithelium and the superficial layer of the lamina propria form the mucous
membrane of the vocal folds, which is loosely connected to the body of the vocal
folds, consisting of the closely intertwined elastic conus (the deep layer of the
lamina propria) and thyroarytenoid muscle (Hirano, 1974). In typical speech
production in the chest (modal) register, vibration of the focal folds occurs mostly
in the mucosal membrane. The inferior edge of the vocal folds leads the superior
edge in the vibrations (Figure 2.2), and the wave-like motion of the superficial
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Figure 2.2. The different phases of the glottal cycle. From top to bottom: a schematic transversal
cross section of the vocal folds, HSV images of the vocal folds (one image per ms
shown), glottal area (Ag) extracted from the above images, and glottal flow (Ug)
estimated using GIF.

layer of the vocal folds is known as the mucosal wave.
For ease of description and analysis, the 3D movement of the vocal folds is often

reduced to one-dimensional (1D) projections. One of the most commonly used
descriptions of vocal fold oscillations is the glottal area waveform, Ag(t). The
glottal area refers to the minimum area between the vocal folds on the horizontal
plane, that is, the area as seen from above (Figure 2.2). Alternatively, vocal
fold motions can be described through the time-varying distance between two or
more fixed points on the vocal folds. When the points are located identically on
the left and right vocal folds, the horizontal distance between them is the width
of the glottal gap.

The glottal area and glottal gap also form time-domain waveforms with pulses
similar to the glottal flow. The pulses in all of these three glottal signals have
a similar basic structure which can be described using key time instants and
durations. In an idealised pulse shape (Figure 2.3), the glottal opening, td, refers
to the instant when a signal becomes non-zero (i.e. when the vocal folds separate
or the glottal flow starts) and the glottal closure, tc, is the instant when the
signal returns to zero. The open phase is the time interval during which a signal
is non-zero (i.e. the duration from glottal opening to the following closure) while
the closed phase refers to the remainder of the glottal cycle (i.e. from glottal
closure to the next opening). The open phase can be split further into the opening
phase, Top, where the signal is increasing, and the closing phase, Tcl , where
the signal is decreasing. The time instant separating the opening and closing
phases is the peak time, tp.

These definitions are idealistic, and determining equivalent instants and dura-
tions in measurement data often requires a more practical approach, for example,
using small threshold values instead of zero to define td and tc. Furthermore,
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Figure 2.3. The time instants and amplitudes used to describe and parameterise glottal pulses
(flow shown on normalised scale).

vocal folds may remain fully or partially open throughout a glottal cycle causing
the three signals to remain always larger than zero. In these cases, equivalent
td and tc can be defined using a threshold which is related to the minimum
value of the signal within a cycle. Depending on the threshold, it is also possible
that td and tc are not defined, or that td = tc, when the glottis does not close
fully.

Phonation is used to produce two key features of voiced speech sounds, such
as vowels: fundamental frequency, fo, and mode of phonation. Fundamental
frequency refers to the frequency at which the vocal folds vibrate, i.e. the inverse
of the duration of a single vocal fold oscillation cycle, To. Natural voiced sounds
are quasi-periodic, and cycle-to-cycle variations occur both in fo (a phenomenon
known as jitter) and in peak-to-peak amplitudes (a phenomenon known as
shimmer). Due to this variation, fo is often estimated as a temporal average
of 1

To
, and this is the physiological quantity underlying perceived pitch. Pitch

conveys information, e.g. about the gender and age of the speaker, but it is also
used in tonal languages (e.g. Mandarin Chinese) for phonemic contrast. In the
speech pressure signal, To is seen as the interval after which the waveform
pattern repeats itself, but it is more clearly defined as the first frequency peak
in the harmonics of the spectrum of the signal.

The length of the vocal folds affects speech fo, leading to differences between
genders: Baken and Orlikoff (2000: Table 6-3) list 85–155 Hz for young adult
males and 165–255 Hz for young adult females in the normal mode of phonation,
based on Fitch and Holbrook (1970). Much higher fo values may also occur, e.g.
up to at least 1500 Hz during singing (Echternach et al., 2013) and 2500 Hz
in children (Keating and Buhr, 1978). Activation of the laryngeal muscles, in
particular the thyroarytenoid and cricothyroid muscles, can be used to elongate
or shorten the vocal folds and to change their tension (Hirano, 1974), providing
speakers with dynamic control over the fo of their utterances. It is worth noting
that fo is not determined solely by the anatomy of the vocal folds and muscle
activation affecting them, as will be discussed further in Section 2.3.

The mode of phonation refers to the classification of speech sounds as breathy,
normal (modal), pressed, or creaky. Whisper is also sometimes included as
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a mode of phonation category, although whispered sounds are not voiced. In
practice, the categories form a continuum, and typical speech sounds fall into
the breathy-normal-pressed range. Perceptually, the mode of phonation is linked
to the quality or colouring of the voice (Laver, 1960). In some languages (e.g.
Gujarati and Hmong), the mode of phonation is used to contrast phonemes, but it
is more generally related to, for example, intensity modulation (Holmberg et al.,
1988; Sundberg et al., 1993) or conveying emotions (Guzman et al., 2013; Li
et al., 2018). In the speech pressure signal, the mode of phonation is most clearly
visible in the frequency domain: the breathier the phonation, the steeper the tilt
of the spectrum, that is, the less energy the signal has at high frequencies.

Different modes of phonation are produced by different vocal fold vibration
patterns, and these differences mainly depend on the adduction of the vocal folds
(Sundberg, 1994), which is realised by moving the arythenoid cartilages using
the cricoarythenoid muscles. According to Sundberg (1994), pressed phonation
typically occurs when vocal folds are highly adducted, they close fully for a
notable part of each glottal cycle, and the amplitude the vocal fold oscillations is
small. In contrast, breathy phonation takes place at low vocal fold adduction
levels, oscillations are characterised by the glottis remaining fully or partially
open throughout the entire oscillation cycle, and oscillation amplitudes are high.
Normal phonation falls between breathy and pressed: adduction is such that
vocal folds close fully but the closed phase is not long, and oscillation amplitudes
are at a medium level as well.

Changes in the mode of phonation have been shown to be related to features of
glottal flow pulses (Gauffin and Sundberg, 1989), particularly parameters such
as the closing quotient (ClQ) and normalised amplitude quotient (NAQ) (Alku
et al., 2002). These two quotients measure the relative speed with which glottal
flow decreases when the vocal folds are closing. The ClQ is the proportion of the
closing phase in the glottal cycle, and it is defined as

ClQ = Tcl

To
= tc − tp

To
, (2.1)

where To is the fundamental period of the pulse, as shown in Figure 2.3. The
NAQ measures the ratio between the amplitude of the flow and its maximum
declination, and it is defined as

N AQ = Uac

dminTo
, (2.2)

where Uac is the amplitude of the glottal flow pulse and dmin = |mint U̇g(t)| is
the absolute value of the minimum of flow derivative, as shown in Figure 2.3. For
both of these quotients, a larger value (i.e. a slower decrease in the glottal flow)
reflects more breathy phonation. It is worth noting that while ClQ and N AQ
are traditionally used to parameterise glottal flow, they can serve to summarise
other glottal pulses, such as glottal area waveforms, as well. While the values
of ClQ and N AQ can be of limited interest, per se, when extracted from glottal
area waveforms, simultaneous parameterisation of glottal flow and area enables
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Figure 2.4. A spectral envelope illustrating formants as peaks with center frequencies Fn.

quantitative analysis of phenomena such as skewing (i.e. the delay of the flow
peak relative to the area peak).

2.2 Articulation: Vocal tract

The glottal source excitation produced by phonation has only limited variability;
hence, it cannot produce a sufficiently large number of distinct phones to serve
the complex needs of a spoken language. Instead, the required range of speech
sounds is produced through articulation which serves to modify the acoustic
excitation from pure phonation.

Articulation may involve movement of the speech organs, for example, the
closing and opening of the lips for the stop consonants [p] and [b]. Other sounds,
such as vowels, fricatives (e.g. [f, s]), and nasals (e.g. [m, n]), are produced with
static articulation, in other words, by holding the articulators steady in specific
locations and shapes. In vowel production, the position of the articulators keeps
the VT open along its entire length so that the main sound source is voicing.
This separates vowels from statically produced unvoiced consonants (e.g. [f, s])
as well as from voiced consonants (e.g. [m, l]).

The position of the articulators in vowel production changes the shape of the
VT, which acts as a resonating space for the excitation produced by phonation.
The resonances of the VT space (denoted fRn, where n = 1,2, ..., following Titze
et al., 2015) manifest as the formants of the vowel utterance. Formants are
the peaks of the spectral envelope of the utterance typically characterised with
center frequencies Fn (Figure 2.4; see also Aalto et al., 2018), and they are used
to distinguish vowels from each other. Although resonances and formants are
conceptually different, we generally expect Fn ≈ fRn, for n = 1,2, ...

Vowels are classically distinguished based on the position of the tongue in two
dimensions, openness (i.e. the location of the tongue in the inferior–superior
direction) and backness (i.e. its position in the anterior–posterior direction),
as well as the roundedness of the lips. This classification method produces a
quadrilateral representation of vowels in the International Phonetic Alphabet
(IPA) (left panel of Figure 2.5). The openness and backness of vowels are closely
related to their first two formants, as seen by comparing the quadrilatelar to
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Figure 2.5. Left: IPA vowel classification1 based on tongue position and lip roundedness. Right:
F1 −F2 mapping of American English vowels based on Ladefoged (2000) with num-
bered dots corresponding to 1-[i], 2-[I], 3-[E], 4-[æ], 5-[A], 6-[O], 7-[U], and 8-[u].

the F1 −F2 mapping of vowels in the right panel of Figure 2.5. However, the
position of other articulators affect the formant mapping as well, e.g. as seen
in the changes in F2 and F3 when lips are rounded (Lisker, 1989; Ao, 1990) or
in the centering of F1 when the velum is lowered to include the nasal cavity in
the VT (Arai, 2004). Further, not all changes in articulator position result in
the production of a different phoneme; for example, nasalised and non-nasalised
vowels are treated interchangeably in languages such as Finnish and English.

Although vowels are, in principle, produced with static articulation, a speaker
is unlikely to achieve a perfectly stationary VT shape. A large number of
muscles in the head and neck play a role in controlling the articulators, and
although these are largely composed of fatigue-resistant muscle fibre types
(Solomon, 2006) the basic mechanisms of muscle control are unlikely to result in
perfectly steady articulator positions even in healthy speakers. Furthermore,
there is a large variability in both the articulator positions and the acoustic
characteristics of vowels (see, e.g. Pisoni, 1980; Whalen et al., 2018), suggesting
that the communication of information between a speaker and listener does not
require stationary and precise matching of articulatory or acoustic targets. In
fact, the prevalence of cardinal vowels [A, i, u] in most languages has been been
explained using two theories: The dispersion theory is based on the argument
that cardinal vowels are used due to the maximal discriminability between
them (Liljencrants and Lindblom, 1972). The quantal theory, on the other hand,
argues that the perceptual quality of the cardinal vowels is not sensitive to small
variations in their production (Stevens, 1989).

2.3 The control of phonation

The two vowel production phenomena investigated in this dissertation, vowel
onsets and fo glides, are both dynamic in the sense that they require active

1IPA Chart, http://www.internationalphoneticassociation.org/content/ipa-chart,
available under a Creative Commons Attribution-Sharealike 3.0 Unported License.
Copyright ©2018 International Phonetic Association.
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control to either set them up or throughout the utterances. For both of these
phenomena, it is assumed that the utterances are short enough for articulation
to be considered perfectly static, and hence changes in the VT shape due to
variations in neural and muscle control can be neglected. The control actions
producing the two phenomena can, hence, be considered to be mostly related
to phonation or the subglottal pressure, ps, which drives speech production in
general.

The basic phonatory mechanisms allowing speakers to adjust their fo and
mode of phonation through contraction or relaxation of the intrinsic muscles
of the larynx have been addressed above. The fo control mechanisms are at
work during fundamental frequency glides where fo is increased or decreased
gradually during a vowel utterance. In addition to laryngeal mechanisms, fo

control can also utilise the fact that fo has been observed to increase with
increasing ps (see, e.g. Ladefoged, 1963; Lieberman et al., 1969). Subglottal
pressure refers to the pressure difference between a point in the SGT (e.g. the
lungs or the trachea) and the ambient pressure, i.e. it is a measure of the
pressure difference driving the airflow necessary for vowel production. The exact
definition used for ps, including factors such as whether it is considered to be
static or to include temporal changes (e.g. acoustic perturbations), depends on
its use (see Section 4.1.2). Nevertheless, the main method of its control is the
activation of the diaphragm and other respiratory muscles.

It is also worth noting that the vocal and subglottal tracts influence vocal fold
oscillations (including fo), and the strength of this influence varies, generally
depending on how close fo is to a load resonance, particularly a VT resonance
(Titze et al., 2008; Tokuda et al., 2010; Wade et al., 2017). Since even women
and children with high fo are able to produce low F1 vowel such as [i] without
difficulty, the control strategies employed by such speakers may include the
avoidance of high influence regions or compensatory strategies that are used to
mitigate the effect of the resonance– fo interaction.

The second phenomenon, vowel onsets, requires a control strategy to produce
glottal conditions that allow phonation to begin. The dynamics of phonation
onsets depend on the conditions preceding them. Acoustical analysis of onsets
typically focuses on the start of phonation following a stop consonant, but this
dissertation focuses on isolated vowel onsets without the preceding stop. For
these starts, the control strategy must accomplish three tasks: (i) vocal folds are
brought to a position where self-sustained oscillations can be achieved. This is
often done by adducting the vocal folds from a fully open position (soft onset)
but can also be achieved by abduction from a closed position (hard onset). These
movements are known as pre-phonatory gestures. (ii) Vocal fold tension, length,
and other phonatory control variables are set to achieve the desired fo and mode
of phonation although, naturally, these can also be adjusted once phonation
has begun. (iii) Subglottal pressure is increased to push air through the glottis,
which will serve to initiate vocal fold oscillations. The relative timing and speed
of these three control tasks can be varied to achieve different onset patterns (see,
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e.g. Shiba and Chhetri, 2016; Kunduk et al., 2017).

2.4 Summary

All spoken languages consist of a large variety of speech sounds whose produc-
tion utilises phonation and articulation to different degrees. This dissertation
focuses on vowel production which is characterised by the presence of phona-
tion and static articulation with an unobstructed VT. The division of the vowel
production process into phonation and articulation is convenient as these pro-
cesses can be considered to mainly take place at different anatomical locations
(phonation at the vocal folds and glottis, and articulation at the VT), operate at
different time scales (a glottal cycle is typically 10 ms or less while articulatory
postures often last at least an order of magnitude longer), and have a differ-
ent main contribution on the speech spectrum (phonation produces fo and its
harmonics while articulation produces the formant structure). The phonation–
articulation division is, therefore, carried through the following chapters while
addressing questions regarding how to obtain information about vowel pro-
duction (Chapter 3) and how to model vowel production using computational
physics (Chapter 4). It is worth noting, however, that these two processes are
not independent in natural speech production, and vowels are always produced
with varying degrees of interaction between the glottal source and VT.

27





3. Obtaining information about vowel
production

The construction of a physics-based model of any system requires a qualitative,
and preferably also quantitative, understanding of the system and its output,
which can only be obtained via the acquisition and analysis of data. In the case
of vowel production, the output, namely the uttered vowel sound, can easily be
recorded as a speech pressure signal using a microphone. The recorded signal
can be analysed by looking at the temporal features of the waveform or by
transforming it into the frequency domain. If both articulation and phonation
are stable, the spectrum of the speech pressure signal reveals key features of the
utterance (see the left panel of Figure 3.1): formants identifying the vowel, fo,
and the tilt of the spectrum, which is related to the mode of phonation (Gordon
and Ladefoged, 2001). When either articulation or phonation changes over time,
as in the case of running speech or fundamental frequency glides for example,
time-dependent spectral features can be tracked via a spectrogram (see the right
panel of Figure 3.1).

In contrast to the easy acquisition of data on vowel sounds, obtaining data on
the vowel production process is challenging due to the location and functioning of
many of the speech organs. As explained in Chapter 2, vocal fold oscillations and
glottal flow act as the main source in the production of voiced sounds, but they
cannot be observed or measured directly and non-invasively. Similarly, tracking
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Figure 3.1. Left: the speech pressure signal for a long [A] and its spectrum. Right: speech
pressure signal for a fundamental frequency glide and its spectrogram.
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the shape of the VT produced by articulation is currently not possible under
regular speaking conditions without the use of ionising radiation. To circumvent
the challenges of direct measurements, a number of indirect methods have been
developed for obtaining data about the glottal source in particular. However,
such methods rely heavily on assumptions or models which link the data they
produce to the underlying phenomena.

This chapter provides an overview of the currently existing methods for obtain-
ing vowel production data both directly and indirectly, with particular emphasis
placed on the methods used in this dissertation. The main analysis tools for ex-
tracting meaningful information from the different data types are also described
briefly. The methods for obtaining data on the two aspects of phonation are ad-
dressed in the first section: vocal fold oscillations before glottal flow. The second
section of this chapter focuses on data acquisition and analysis for articulation,
specifically static articulation.

3.1 Phonation

As explained in Section 2.1, phonation is produced through the interaction of
the glottal flow with oscillating vocal folds. Methods to obtain information about
phonation may focus on either of these aspects.

3.1.1 Vocal fold oscillations

The vocal folds are located just above the trachea, making direct, non-invasive
observation of their oscillations impossible. A further challenge is posed by the
high frequency of their oscillation. A variety of methods have been developed
to observe vocal fold oscillations directly (laryngeal imaging methods) or to
measure changes in the shape of the glottis, often indirectly (glottography).

Laryngostroboscopy and videokymography
Laryngostroboscopy (or videostroboscopy) (Bless et al., 1987) and videokymog-
raphy (Švec and Schutte, 1996) are two laryngeal imaging methods in which
the dimension of the imaging problem (two-dimensional (2D) images at a frame
rate at least an order of magnitude above fo) has been reduced. This makes
image processing and interpretation, e.g. in clinical settings, practical. Laryn-
gostroboscopy does this by obtaining an image of the vocal folds only (at most)
once per glottal cycle. The image acquisition is synchronised with fo, which can
be obtained, e.g. from an acoustic signal or from EGG (see below), so that each
image is taken slightly later in the glottal cycle than the previous image. The
result is a slow-motion video of the vocal fold oscillations, which can be viewed
in real time. Imaging can be done either using a rigid endoscope inserted via the
mouth or a flexible endoscope inserted via the nose, and due to the low frame
rate, both methods can produce high-quality images. Although laryngoscopy is a
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widely used clinical tool, it can only be used for utterances where fo and other
pulse characteristics remain steady.

In contrast, videokymography (Švec and Schutte, 1996) uses a high sampling
frequency but scans only one image line, typically across the middle of the
vocal folds. The recorded lines are stacked to obtain an image in which one
dimension is spatial (left to right) and the other is temporal. The resulting
image displays the variation of the glottal gap at the scanned location over time.
As only one point along the vocal folds is monitored, videokymography yields
no information about phenomena such as incomplete glottal closure. In clinical
use, videokymography is often used to supplement laryngostroboscopy to enable
the detection of aperiodic oscillations while also obtaining information about
the entire length of the vocal folds (Deliyski and Hillman, 2010). In speech
production research, however, high-speed videoendoscopy (see below) is often
favoured over both laryngostroboscopy and videokymography.

Both laryngoscopy and videokymography produce information about the pro-
jection of the glottis onto a single horizontal plane. Furthermore, the size of the
images is not calibrated in their basic forms. Hence, pixel sizes may vary from
one measurement to another, or even within an image sequence, if the larynx
or the endoscope moves vertically during the utterance. Depth-kymography
(George et al., 2008b,a) uses laser line–triangulation to track vertical tissue
movements in the glottis and also to include absolute distance measurements in
the data.

High-speed videoendoscopy
HSV and its predecessor, high-speed motion pictures1 (see, e.g. Herriott and
Farnsworth, 1938; Farnsworth, 1940), are capable of capturing 2D images of
the vocal folds at a frame rate of 2 kHz or more. This enables recording the
motion of the entire vocal folds regardless of the periodicity of the oscillations,
giving HSV an advantage over both laryngostroboscopy and videokymography,
and making it well suited to studying phenomena such as phonation onsets
and offsets in healthy (Orlikoff et al., 2009; Ikuma et al., 2016; Kunduk et al.,
2017) and disordered voices (Wittenberg et al., 1997; Braunschweig et al., 2008),
vibration asymmetries and irregularities (Kiritani et al., 1993; Mergell et al.,
2000; Mehta et al., 2011) and their treatment (Kimura et al., 2010), and the
analysis of healthy and disordered voices (Schwarz et al., 2006; Inwald et al.,
2011).

Although HSV currently offers the most direct and complete data on phonation,
it has limitations. Like laryngostroboscopy and videokymography, HSV requires
the use of either a rigid transoral or a flexible transnasal endoscope. The
first is capable of higher image resolution, but it is also more invasive. This
invasiveness limits both the recruitment of speakers for studies that use HSV
(over 20% of volunteers in Patel et al. (2017b) were not able to tolerate the rigid
endoscope) and the number of repeated measurements that can be carried out

1For the distinction between the two terms, see Deliyski et al. (2015)
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with each speaker. Basic HSV does not include a capability to calibrate the
images; hence, absolute dimensions of the glottis cannot be extracted from the
images. However, Schuberth et al. (2002) developed a laser projection system
which can be used with HSV to provide an absolute distance reference in the
images.

The videos obtained through HSV data contain a large amount of information
about the vocal folds oscillations, and for most purposes, it is necessary to ex-
tract the relevant information before it can be analysed further. The two main
approaches to this information extraction are (i) the construction of digital kymo-
grams and (ii) the estimation of the glottal area. Digital kymograms can be built
from HSV images by identifying the main glottal axis (the anterior–posterior
axis), selecting a point along it, and extracting a scan line perpendicular to the
axis from the images. This approach was introduced by Wittenberg et al. (1995),
using the mid-vocal fold point, and it has been used subsequently by, for example,
Wittenberg et al. (1997), Mergell et al. (1998), and Döllinger et al. (2002). Pixel
value thresholding can then be used to locate the vocal fold edges on each scan
line, and these positions can be used to compute the width of glottal gap or dis-
placements and velocities of each vocal fold. Alternatively, the kymograms can
be used to construct phonovibrograms which represent the vocal fold vibrations
in 2D geometric patterns (Lohscheller et al., 2008). Digital kymography suffers
from the same problems as traditional videokymography: only one point along
the vocal folds is investigated which may not be representative of the vibration
pattern of the entire vocal folds. However, HSV provides the opportunity to
extract multiple kymograms at different points along the vocal folds, gaining
a more complete representation of the oscillations. Ikuma et al. (2016) and
Kunduk et al. (2017), for example, used multiple digital kymograms to estimate
changes in the length of the vocal folds involved in the vibrations at the onset of
phonation.

The alternative approach to extracting easy-to-interpret information from HSV
images is to estimate the glottal area from them. Straightforward thresholding
can be used to segment the images if the image quality is high (as used, e.g.
by Tao et al., 2007; Rahman et al., 2014). However, this segmentation can be
unreliable if the lighting of vocal folds varies either within an image or between
the images of a sequence, if the contrast between the vocal folds and the glottis
is poor, or if the images contain some of the structures surrounding the vocal
folds and their shadows. To account for these typical challenges in HSV image
segmentation tasks, several alternative algorithms have been proposed which
rely on adaptations of, e.g. seeded region growing (see, e.g. Chen et al., 2005;
Lohscheller et al., 2007), level set algorithms (see, e.g. Qin et al., 2009), edge
detection techniques (see, e.g. Zhang et al., 2010), the watershed transform
(Osma-Ruiz et al., 2008; Andrade-Miranda et al., 2015), and active contour
models (see, e.g. Schenk et al., 2014; Andrade-Miranda et al., 2015). Although
recent research emphasis is on developing fully automated segmentation to
extract the glottal area from HSV image sequences, semi-automatic methods
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remain widely used. For example, the adapted seeded region growing algorithm
developed by Lohscheller et al. (2007), which uses manually picked seed points,
and a spatially and temporally varying threshold as the region membership
criterion, has been used by, for example, Aichinger et al. (2017), Döllinger et al.
(2017), and Patel et al. (2017a), and included in HSV data analysis toolkits such
as GlottalImageExplorer (Birkholz, 2016).

Indirect glottography methods
Glottography can be carried out indirectly by passing a probe signal through
the glottis and observing the modulation of the signal caused by the opening
and closing of vocal folds. EGG (Fabre, 1957) is one of the oldest glottography
methods, and as it is inexpensive and non-invasive, it is still widely used despite
its limitations, such as the difficulty of reliable interpretation of the results (for
further details, see, e.g. Colton and Conture, 1990; Kitzing, 1990). In EGG, two
electrodes are placed on the skin on either side of the larynx, and a small electric
current is passed through the neck. The vibration of the vocal folds affects the
admittance to the current: admittance is high when the vocal folds are in contact
and low when the vocal folds are open. Thus, an electroglottogram is generally
interpreted to be an indicator of the vocal fold contact area. Experiments carried
out with excised larynges indicate that this is true as a first approximation, but
interpretation should be done cautiously, as the EGG signal can deviate notably
from the vocal fold contact area (Hampala et al., 2016). The salient features of
the EGG signals and glottal area waveforms (obtained using high-speed filming)
have also been observed to have a good correspondence (Childers et al., 1985),
but the two signals may carry different, or even complementary, information
about vocal fold dynamics (see, e.g. Selamtzis et al., 2018).

Photoglottography was introduced by Sonesson (1960) as a means to measure
the glottal area indirectly by tracking changes in light transmitted through the
glottis when a light source is pressed against the skin of the neck below the
glottis and a photosensor is placed in the pharynx. Löfqvist and Yoshioka (1980)
modified the setup by using a fiberoptic light source inserted through the nose
and placing the photosensor against the skin below the glottis, and efforts have
since been made to reduce the invasiveness of the method by placing the light
source in the mouth (Gerratt et al., 1991) or against the skin of the neck (Honda
et al., 2006) while the photosensor remains external. The signal produced by
photoglottography has been compared with ultra high-speed filming (Harden,
1975; Baer et al., 1983) and laryngostroboscopy (Habermann et al., 2000). These
comparisons indicate that a photoglottogram is a reasonable estimate for the
glottal area, particularly at peak glottal opening and glottal closure.

Several different ultrasound technologies have been used to acquire glotto-
graphic information. For example, a Doppler velocity monitor, which measures
frequency shifts caused by moving vocal fold surfaces, was used by Minifie et al.
(1968) to estimate the relative velocity (and hence displacement) of the vocal
folds of an excised larynx, and a continuous-wave technique, which records
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changes to the acoustic transmission caused by the opening and closing of the
glottis, was used by Hamlet and Reid (1972) to obtain a signal similar to that of
EGG. More recently, Tsai et al. (2009) used dynamic B-mode ultrasound imag-
ing to produce strobe-like slow motion videos of a coronal cross section of the
vocal folds in vivo, and Jing et al. (2017) developed an array-based transmission
method which enabled the imaging of vocal fold contact in the sagittal plane at
a 5 kHz frame rate, and investigated its performance on excised larynges.

Electromagnetic glottography (Holzrichter et al., 1998) is a newer indirect
glottography method which tracks glottal oscillations via the scattering of elec-
tromagnetic waves. An electromagnetic sensor (containing both sending and
receiving electrodes) is held in front of the neck at the level of the vocal folds, and
it transmits wave packets in the GHz range. The moving air–tissue interface
during phonation affects the scattering of the signal, and the received signal can
be interpreted to indicate volume displacement (i.e. product of the tissue area
and the vibration amplitude). A comparison of electromagnetic glottography
with EGG for four healthy male speakers showed that the two methods pro-
duce signals with many similar features but the agreement varied with subject,
the mode of phonation, and sensor placement (Titze et al., 2000). Currently,
electromagnetic glottography is not able to separate vocal fold motion from, e.g.
tracheal movements (Burnett, 1999), but it does have the benefit that it requires
no contact with the speaker.

Other methods
There are also other methods that are able to provide information about vocal
folds and their oscillations. Stroboscopic X-ray laminagraphy records a coronal
cross-section of the vocal folds during vibrations (Hollien et al., 1968), but its
use is limited by the exposure of the speaker to radiation. Optical coherence
tomography can be used to obtain a strobe-like sequence of coronal cross sections
extending up to 2 mm below the surface of the vocal fold tissues (Kobler et al.,
2010). However, in vivo measurements must be done endoscopically (Yu et al.,
2009), and the method is not yet capable of high enough sampling frequencies
to represent a single glottal cycle. Laryngeal MRI is mostly used for studying
laryngeal tissues statically (see, e.g. Herrera et al., 2009; Brandenburg et al.,
1996), but Ahmad et al. (2009) designed measurements using dynamic MRI that
were capable of producing phonation-related information, namely changes in
laryngeal position and vocal fold adduction. However, image acqusition times
for MRI remain too long to be able to capture vocal fold oscillations.

Although it does not provide direct information about vocal fold oscillations,
laryngeal electromyography (see, e.g. Heman-Ackah et al., 2007) is worth men-
tioning as a method for investigating phonation. It can be used to measure
activation of the muscles involved in controlling phonation though it is highly
invasive as it requires insertion of the electrodes into the muscles.
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3.1.2 Glottal flow

As seen above, there are numerous methods which can be used to obtain infor-
mation about vocal fold oscillations. This is not the case for the second aspect of
phonation, the glottal flow. Direct measurement of the glottal flow is challenging
and has only been attempted in a few studies (Cranen and Boves, 1985a,b, 1988;
Kataoka et al., 2007, 2016). Cranen and Boves used four pressure transducers,
two located inferior to the glottis and two superior to it, in order to estimate
glottal flow from the pressure differences (Cranen and Boves, 1985a,b, 1988),
while Kataoka et al. used hot-wire anemometry to measure the airflow immedi-
ately superior to the glottis (Kataoka et al., 2007, 2016). Both of these methods
are invasive, requiring the insertion of the probes into the larynx, e.g. through
the nose. Hence, for most purposes, glottal flow estimation methods which rely
on GIF are more practical. These methods are sometimes jointly referred to as
flow glottography (see, e.g. Scherer et al., 1989; Hertegård and Gauffin, 1995),
highlighting their similarity of purpose with indirect glottography methods such
as EGG and photoglottography.

Glottal inverse filtering
GIF is a collection of signal processing methods which aim to solve the inverse
problem of estimating the glottal source excitation (i.e. the glottal flow) from
the output of the speech production system. This output can either be the oral
volume velocity measured using a Rothenberg’s mask (Rothenberg, 1973) or
the speech pressure signal recorded with a free-field microphone. With proper
calibration, GIF performed on the oral volume velocity can yield the absolute
glottal flow values including the DC level, but the mask has drawbacks, such
as distorting high frequencies and the limited ability to be performed simulta-
neously with endoscopic studies. In contrast, GIF performed on a microphone
signal can only yield the glottal flow waveform, not its absolute value, but as
microphones are the dominant tool for speech recording, the required raw data is
straightforward and inexpensive to obtain, and measurements can be done with-
out contact with the speaker. The following description of the GIF methodology
focuses on microphone-based GIF.

GIF is based on the classic source–filter theory: The production of a voiced
sound is a linear process, where (in the discrete-time z-domain) the glottal flow
excitation, G(z), is modified first by a dimensionless VT with a transfer function,
V (z), and then by the lip radiation effect, L(z) (i.e. the conversion of volume
velocity to speech pressure; see Flanagan, 1972), producing the final speech
pressure signal, S(z), that is

S(z)= L(z)V (z)G(z). (3.1)

This process can be reversed to obtain

G(z)= 1
V (z)

1
L(z)

S(z) (3.2)
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if V (z) and L(z) are known. The lip radiation effect is typically estimated
as a first-order differentiator: L(z) ≈ 1− z−1. The main task of different GIF
algorithms is then to estimate the VT transfer function and cancel its effect.

The closed phase covariance method was introduced in the 1970s (Strube, 1974;
Wong et al., 1979) as the first digital GIF method. It uses linear prediction (LP)
with the covariance criterion to compute an all-pole model for V (z). Only the
closed phase of each glottal cycle is used in this computation, as the the excitation
signal makes no contribution to the speech output during these intervals. This is
problematic, of course, if there is no clear closed phase (e.g. breathy phonation),
if the closed phase is short (e.g. high fo), or if the estimation of the instant of
closure is inaccurate.

Iterative adaptive inverse filtering (IAIF) uses an iterative process to refine
a glottal source model through consecutive steps of spectral tilt and VT filter
estimation and removal (Alku, 1992). The VT is modelled using either LP or
discrete all-pole modelling. The latter, in particular, offers improved performance
at high fo. Further development of the standard IAIF algorithm has addressed,
in particular, the pre-emphasis step that deals with the spectral tilt caused by
the glottal source signal, resulting in better performance with breathy to normal
phonation (Mokhtari et al., 2018).

The quasi-closed phase (QCP) analysis introduced by Airaksinen et al. (2014)
uses a time-domain weight function to emphasise the closed phase of the speech
signal in the computation of the autocorrelation. This emphasis enables bal-
ancing the benefits of using the intervals that provide the most information
about the VT against the potentially low number of samples in these intervals.
Recently, MV and Ghosh (2019) proposed using a probabilistic methods with
weighted LP to deal with the uncertainty of determining glottal closure and
opening instants.

Glottal flow estimation can be also carried out via decomposition methods
which do not require an explicit inverse filtering step. For example, the zeros-of-
the-z-transform method (Bozkurt et al., 2005) is based on the assumption that
the VT contributes the minimum-phase components of the speech signal while
the glottal source contributes the maximum-phase components. Hence, G(z) can
be estimated by computing the zeros of S(z) and removing those corresponding
to the minimum phase.

Extended Kalman filtering GIF (Sahoo and Routray, 2016) is another method
which avoids explicit spectral modelling of the VT. Instead, a state space model
based on the Liljencrants-Fant (LF) model of glottal flow (Fant et al., 1985) and
a wave reflection model of the VT (see Section 4.2.1) is used to estimate both the
pressure distribution in VT and the glottal flow. This approach is closely related
to the computational physics models of vowel production (see Chapter 4), and as
such, it is computationally expensive compared to other GIF methods.

Compared to other methods for obtaining information about phonation, such
as the laryngeal imaging methods or glottographic methods described above,
GIF has several benefits. The instrumentation is easy and inexpensive to obtain
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as the method relies on the digital signal processing of an acoustic signal. The
microphone recordings required are non-invasive, can be done simultaneously
with many other measurements (including endoscopic methods), and place few
limitations on the phonatory or articulatory tasks which can be attempted. GIF
also has the benefit that, compared to methods such as EGG or ultrasound
methods, it estimates one of the core components of phonation, namely the
glottal flow, directly without the use of an intermediary quantity, such as the
vocal fold contact area.

On the other hand, GIF relies on a number of assumptions to solve the inverse
problem of estimating the glottal flow; hence, it does not provide direct data on
phonation, unlike, for example, HSV. The GIF assumptions and methodology
also place limitations on its accuracy and use. Most GIF methods assume
that the speech production process is linear, which is naturally not the case
physiologically. This means that GIF is not capable of capturing the glottal flow
before the effects of the coupling between non-linear flow and acoustics take
place. Instead, the GIF estimate of the glottal flow represents the equivalent
linear source signal exciting the VT. This distinction is of little interest in
practice as interaction-free glottal flow is a purely theoretical concept. The
separation of the glottal source from the effect of the VT becomes difficult if fo

is high (e.g. as is with women and children) or if F1 is low (e.g. [i]), as these
result in a relatively sparse harmonic structure in the speech spectrum (Alku,
2011). As the difference between fo and F1 decreases, non-linear effects are
also expected to become more pronounced (Titze, 2008), making the inversion
problem more difficult. Most GIF methods also assume that the VT can be
modelled with an all-pole transfer function, which results in decreasing quality
of the glottal flow estimate if the vowels are nasalised.

3.2 Articulation

Obtaining information about static articulation poses both spatial and temporal
challenges (Aalto et al., 2011). In the case of vowel production, the main feature
of interest is not the movement, or generally even the specific location, of the
articulators but the 3D shape of the VT resulting from their positions. Temporal
challenges are posed by the fact that the medical imaging technologies that can
capture this shape are either slow when compared to the ability of a speaker to
produce prolonged vowel sounds or use ionising radiation.

Magnetic resonance imaging
MRI is a medical imaging technology that relies on the magnetisation properties
of hydrogen atoms primarily. It is non-invasive and safe for the subject, and
capable of capturing either a static 3D VT shape or a dynamic sequence of 2D
images. The 3D shapes are formed by stacking 2D images, and in the early
studies of the VT shape, accurate 3D reconstruction was considered to require
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Figure 3.2. Left: air-tissue interface of the VT extracted from MRI data. Centre: centreline and
cross-sectional area slices of the same VT geometry. Right: area of each slice as a
function of distance from the glottis, i.e. the area function.

images in several different planes (Demolin et al., 1996). Story et al. (1996b)
presented a full set of VT shapes for a male speaker based on axial MRI images
only; however, they argued that measurement accuracy only suffers if the image
slice is thicker than the air gap, as might happen in the oral cavity for front
vowels. A corresponding VT shape set for a female speaker was published by
Story et al. (1998). Both sets of geometries were presented as VT area functions,
which are sequences of cross-sectional areas perpendicular to the centerline
of the VT. Area functions are generally used for low-order models of the VT
(see Section 4.2.1), but they do not include details such as the curvature of
the centerline or the shape of each cross-sectional slice (see Figure 3.2). The
omission of these details has little impact under 4–5 kHz although they can
cause small changes in formants or their bandwidths (Arnela et al., 2016b).

Although MRI is one of the most practical methods for obtaining information
about the 3D shape of the VT, it has limitations. The long image acquisition
times are problematic as they require unnaturally long, steady articulations
and, in some cases, treating the resulting images as the averages of several
utterances. The imaging sequence used by Story et al. (1998), for example, lasted
4 min 48 s, requiring approximately 36 repetitions of each phoneme to obtain
a single 3D geometry. Advances in MRI technology have reduced the required
time, enabling the acquisition of a 3D VT shape during a single prolonged vowel
utterance, but the duration (often 11–14 s) is still long compared to running
speech (see, e.g. Demolin et al. (2003) and Publication I).

Due to the long imaging time of 3D MRI, 2D (typically midsagittal) images are
used when articulation is dynamic or when a more realistic utterence duration
is desired (see, e.g. Echternach et al., 2010; Oliveira et al., 2012; Nunthayanon
et al., 2015). Midsagittal images can be used to track, for example, the tongue
position, but they do not afford sufficient representation of the VT geometry for
tasks such as formant estimation or analysing the tongue shape in the coronal
plane. Proposed solutions to this problem include models for estimating the
VT area function from a midsagittal image, such as the αβ model (Heinz and
Stevens, 1964), and multi-slice real-time MRI which obtains coronal and axial
images virtually simultaneously with the sagittal images (Kim et al., 2012).
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Whether MRI is done in 3D or 2D, quantitative analysis of the resulting artic-
ulatory data requires that the images be segmented. The optimal segmentation
method depends both on the MRI data and its intended use; for a recent review
focused mainly on 2D dynamic MRI data, see Ramanarayanan et al. (2018).
Grid-based analysis is commonly used for static articulation, particularly for
modelling purposes (Ramanarayanan et al., 2018), in order to extract the air–
tissue interface in a coordinate system superimposed on the images (see, e.g.
Ojalammi and Malinen, 2017), from which an area function can be calculated if
necessary.

The MRI room is a very noisy environment, which may affect the natural-
ness of the uttered vowels. Furthermore, magnetic fields produced by the MRI
machine interfere with electronics and place restrictions on the use of ferromag-
netic materials in its vicinity; hence, standard instrumentation for simultaneous
recording of the speech pressure signal or other quantities of interest cannot be
used. Since recording both the speech output and the VT anatomy that produced
it provides information on causal relationships in articulation, different solu-
tions for obtaining the speech pressure signal during MRI have been developed.
These include the use of passive acoustic instrumentation (Lukkari et al., 2007;
Malinen and Palo, 2009), an optical microphone inside the MRI machine (e.g.
Bresch et al., 2006; NessAiver et al., 2006), or the internal microphone of the
MRI machine (Švancara and Horáček, 2006). The MRI machine type may also
allow for the use of directional microphones placed sufficiently far from the
machine (Přibil et al., 2011, 2012) or the placement of an electret microphone
inside the machine (Baer et al., 1991).

Teeth and bone tissues are not visible in MRI images due to their low water
content. This poses a challenge both because teeth are part of the acoustic space
determining vowel qualities and because of the resulting gaps in the air–tissue
interface in the images. Methods for imaging the teeth separately and aligning
the images have been proposed (Takemoto et al., 2004; Nunthayanon et al., 2015;
Luukinen et al., 2018), but standardised procedures do not yet exist.

Other methods
Before the advancement of MRI, the most complete set of VT shapes were
based on 2D X-ray images (Fant, 1960). More recently, electron beam computed
tomography has been used to obtain 3D images of the VT (Story et al., 1996a;
Tom et al., 2001). The chief benefits of this technique over MRI are its high
spatial resolution and short imaging time (12–18 s according to Tom et al., 2001),
but the use of ionising radiation places a limit on the number of safe scans.

An ultrasound probe placed against the underside of the jaw can be used
to obtain static or dynamic sagittal images of the VT (see, e.g. Stone, 2005;
Wilson, 2014). As the ultrasound probe signal is reflected from the interface
between the tongue and the air in the oral cavity, ultrasound images are best
suited to tracking the position of the tongue. While the tongue position in the
sagittal plane alone does not provide a full description of articulation, ultrasound
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is comparatively inexpensive and portable, making it more feasible for many
applications than MRI or computed tomography.

Electromagnetic articulography tracks the location of sensors placed on key
articulators in three dimensions. The produced point-wise location data is of
most interest in dynamic articulations (see, e.g. Recasens, 2002; Harper et al.,
2018) although proposals have been made to construct a representation of the
VT configuration based on electromagnetic articulography data (Dabbaghchian
et al., 2016; Lee et al., 2016). Electromyography is another method that is more
suited to investigating dynamic articulation (Alfonso and Baer, 1982; Honda,
1996), but as it monitors articulatory muscle activity, it can also provide insight
into the control of static articulation.

Finally, electropalatography uses a net of sensors placed against the palate to
record the spatio-temporal contract between tongue and the palate (Hardcastle
and Gibbon, 1997). While this technology is suitable for studying consonant pro-
duction, it can produces little, if any, information about static vowel production.

3.3 Summary

The location and functioning of the speech organs make obtaining information
about vowel production challenging. However, a variety of technologies have
been developed to overcome these challenges and provide direct and indirect
information about phonation and articulation. This information has a crucial
role in modelling vowel production, as it enables establishing links between a
model and the physiological system during the stages of modelling: development,
parameterisation, and validation.

Multichannel datasets, containing vowel production data obtained using more
than one method simultaneously, are particularly versatile. They enable cross-
validation of the methods themselves, which is especially important for the
evaluation of the performance of indirect methods such as GIF. Publication
II addresses GIF evaluation using datasets from different sources, including
multichannel data containing the speech pressure signal and data from HSV
and EGG. The same multichannel dataset is also used in Publication III to
simultaneously analyse the two parts of phonation – vocal fold vibration (via
glottal area obtained using HSV) and glottal flow (estimated using GIF) – during
vowel onsets.

Multichannel datasets are also of interest from the point of view of computa-
tional physics models, as they can be used, for example, for parameter estimation
and validation tasks. Publication I looks at the acquisition of simultaneous MRI
and speech pressure signal data for the specific purpose of using it in computa-
tional physics models. The remaining publications, IV–VII, utilise the HSV and
MRI datasets in computational physics models in manners detailed further in
Chapters 5–6. First, however, the key concepts of computational physics models
of vowel production are reviewed in Chapter 4.
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4. Modelling vowel production using
computational physics

Computational physics models, i.e. the mathematical equations describing the
physics of the modelled system which are solved numerically (see the definition
in Chapter 1), can be constructed for different purposes but the underlying
objective is generally to gain increased understanding of the phenomenon or
system being modelled. In the case of vowel production, one of the main uses
of computational physics models are simulation experiments which would be
difficult or unfeasible with humans. The models make it possible to track any
variable of speech production without the disturbance caused by comparable
observations in humans. In addition, physiological parameters are known
exactly and can be manipulated at will in models. These properties enable, for
example, producing a large range of speech signals with known glottal source
and VT properties (for uses in GIF evaluation, see, e.g. Airaksinen et al., 2014;
Chien et al., 2017; MV and Ghosh, 2019) and estimating physiological parameter
values by matching model output to some aspect of natural speech (see, e.g.
Schwarz et al., 2008; Pinheiro et al., 2012; Gómez-Vilda et al., 2017).

There are three interlinked concepts that govern modelling in general and
computational physics models in particular. First, there is a trade-off between
simplicity and accuracy in modelling: the more accurately a model is required
to represent the modelled system, the more details it must contain. Second,
overfitting occurs when a model contains more parameters than can be inferred
from limited data, in other words, when modelling does not follow the princi-
ple of Occam’s razor1. As a result, the model reproduces the available data
very well but may fail when presented with new data. Although overfitting
is usually a concern with statistical or machine learning models, it can occur
in physical modelling as well. Third, computational complexity refers to the
inherent difficulty of running an algorithm, and it is associated with practical
considerations such as the usability of the algorithm. Computational physics
models of vowel production often require running multiple algorithms during
a simulation; hence, the complexity of these models cannot generally be stated
explicitly. However, different models can be compared qualitatively based on the

1A heuristic problem-solving principle which states that the simplest solution among
those explaining the observation is most likely to be correct
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expected time complexity arising from their design and purpose.
Computational physics models of vowel production can be characterised based

on their placement in the range from low-order models to high-order models.
Low-order models contain a large amount of simplifications based on a concep-
tual understanding of the phenomenon, and as a result, details of the model and
its output may not match real vowel production accurately. Due to the simplifica-
tions, the parameters of these models may not have a one-on-one correspondence
to physiological data, even if it is available. Producing valid simplifications is
an intellectual and scientific process by itself, and the purpose of the model
dictates the necessity of this effort. The main reasons for undertaking low-order
modelling is the robustness of the produced models against overfitting scarce
data and their relatively low computational complexity, which makes a large
number of simulations feasible.

At the other end of the range, high-order models aim to represent the vowel
production system as accurately as possible. This means that both parameters
and the simulation output have direct correspondence with physiological data,
and hence the interpretation of simulation results is, in principle, more straight-
forward than with low-order models. However, high-order models have high
computational complexity, meaning that repeated simulations, e.g. to investigate
the impact of varying input parameters, may not be feasible. Furthermore, the
more complicated the model, the less tractable it becomes, and the more difficult
it also becomes to estimate the impact of unmodelled physics. The placement of a
model in the low-order to high-order range hence largely depends on its intended
purpose and use. The key criterion for a good model is typically whether it
is appropriate for the task under consideration, and the ability of a model to
replicate reality faithfully is, per se, often secondary.

This chapter provides an overview of the computational physics models of
vowel production (for the remainder of the chapter, simply called models) avail-
able in literature as well as their key properties and uses. The range and
variability of the purposes of existing models are large so the main focus of
the chapter is on low-order models, although higher-order models are briefly
reviewed for contrast. Section 4.1 reviews the modelling of the glottal source
by looking at the two aspects of phonation: vocal fold vibrations and glottal
flow. Different ways to model vowel articulation are addressed in Section 4.2
where both the contributions of the VT and the SGT acoustics are reviewed.
The separate treatment of the glottal flow using fluid dynamic tools, and the
VT and SGT with linear acoustics is a simplifying modelling decision in itself.
However, unified approaches (e.g. Degirmenci et al., 2017) are currently compu-
tationally unfeasible for most purposes. The separate glottal source and acoustic
load models are connected in Section 4.3 which reviews how these two models
interact.
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Figure 4.1. A coronal view of one side of the glottis for two of the lumped-element models with
two DoFs. Left: a one-mass model allowing medio-lateral translation and rotation.
Right: a two-mass model that allows medio-lateral translation of each mass.

4.1 Glottal source

A large variety of glottal source models has been developed over the years for
the purpose of modelling phonation. These models contain subsystems for the
vocal folds and for the glottal flow, but depending on the model construction
and intended use, some properties of these subsystems may not be explicitly
computed. The vocal fold and glottal flow submodels available in literature are
reviewed separately below, but in practice, the choice of one submodel often
places limitations on the choice of another so that tissue–flow interactions can
be implemented. It is this interaction that produces phonation, and thus its
design is one of the key elements in any glottal source model.

4.1.1 Vocal fold models

From lumped-element to continuum models
The publication of the one-mass model of the vocal folds by Flanagan and
Landgraf (1968) can be considered the beginning for the development and use
of lumped-element models in modelling vowel production. In these low-order
models, each vocal fold is represented with a mass–spring–damper system
with masses m j, springs with stiffnesses k j, and dampers with coefficients b j,
j = 1, ..., J (see, e.g. Figure 4.1). Additional springs can be also be included to
connect the masses to each other (see, e.g. kc in Figure 4.1). This system is
generally governed by

Mÿ+Bẏ+Ky=F, (4.1)
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where y = y(t) is a vector of mass displacements, F = F(t,y(t)) is a vector of
load forces, and M, B, and K are the mass, damping, and stiffness matrices
of the system, respectively. The structures of y, M, B, and K depend on the
number of masses, springs, and dampers in the model, and the locations and
orientations of each of the elements, as well as the allowed movement directions
and the degree of freedom (DoF). Note that Equation (4.1) assumes ideally
elastic springs following Hooke’s law. More generally, the spring force can be
modelled by replacing Ky with a (non-linear) function fk (k,y), where k contains
the spring stiffness coefficients. The load force F links the vocal folds to other
subsystems in the vowel production model, such as the glottal flow.

The one-mass model by Flanagan and Landgraf (1968) consists of a single
mass (per side), connected to a rigid base with a single spring and damper,
with one DoF (see left panel of Figure 4.1 without the rotation of mass m =
m1). This model is not able to produce self-sustained oscillations under all
feasible VT and SGT load conditions, nor can it produce phenomena such as
the mucosal wave; hence, numerous variants of lumped-element models have
been proposed since (see, e.g. the reviews by Birkholz, 2011; Erath et al., 2013).
The classical two-mass model (Ishizaka and Flanagan, 1972) consists of two
masses (an inferior and a superior mass), each connected to a rigid base with a
spring and damper, and an additional spring connecting the two masses (see the
right panel of Figure 4.1). Each mass can move in the medio-lateral direction,
giving the whole system two DoF, and enabling the model to overcome the
limitations of Flanagan’s one-mass model. Although it contains a large number
of simplifications, the two-mass model and its variants remain widely used as
glottal source models (see, e.g. van den Doel and Ascher, 2008; Ho et al., 2011;
Pinheiro and Kerschen, 2013; Döllinger et al., 2017).

An alternative approach to expanding the functionality of the one-mass model
is to allow an additional DoF, for example, through rotation (see Figure 4.1, left
panel) (Liljencrants, 1991; Horáček et al., 2005) or translation and distortion in
the vertical direction (Adachi and Yu, 2005). Mucosal wave dynamics can also
be modelled by assuming a fixed delay between inferior and superior vocal fold
edges and then computing the superior glottal area from the position of a single
mass at the inferior edge (Avanzini, 2008). These models have the benefit of a
continuous medial surface which enables the use of different glottal flow models,
including models with flow separation (Section 4.1.2), although their accuracy in
representing real vocal folds remains low. Aerodynamic surfaces that are either
piece-wise linear and continuous (C0) or that have a higher order of continuity
(C j, j ≥ 1) have also been introduced for two-mass models (see, e.g. Pelorson
et al., 1994; Lous et al., 1998; Scimarella and d’Alessandro, 2004).

Two-mass models are capable of oscillating with a phase difference between
inferior and superior masses, producing vibrations similar to the mucosal wave.
However, standard two-mass models do not make use of known differences in the
dynamics of the body and cover of the vocal folds (see Section 2.1). The behaviour
of the vocal fold cover has been modelled by Titze (1988) by considering the
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small-amplitude oscillations of a central point-like mass and a surface wave
travelling through the medial vocal fold surface from this point. A full body-cover
model was introduced by Story and Titze (1995), and this model includes two
small masses (the cover) connected by a spring to each other and by springs
and dampers to a larger mass (the body). The mass representing the body is
connected to a rigid base by a spring and damper. Variations of the body-cover
model include replacing the cover masses with a plate that can rotate (Titze,
2002) and the addition of a third cover mass and aerodynamic surfaces (Tokuda
et al., 2010).

The above models use bar- or plate-like masses so that the glottal gap does not
vary in the anterior–posterior direction, i.e. the models are essentially 2D. As
a consequence, these models are only suitable for modelling phonation where
the vocal folds either close completely and simultaneously along their entire
length, or not at all. An additional parallel flow channel has been proposed to
enable low-order models to better match phonation with a glottal chink (i.e. an
opening, typically in the posterior glottis, which does not close during the glottal
cycle), which occurs commonly in female, child, and pathological speech (see, e.g.
Zañartu et al., 2014; Elie and Laprie, 2016).

In natural speech, a glottal chink is not the only glottal gap variation occurring
in the anterior–posterior direction. Depending on the phonation control strat-
egy, e.g. vocal fold adduction and tension, the glottis can be rectangular, oval,
triangular, or hour-glass shaped (Lohscheller et al., 2008), and in the last three
cases, glottal opening and closure tends to happen gradually along the vocal fold
length. Birkholz et al. (2011) angled the masses of the classical two-mass model
relative to the midsagittal plane to produce a triangular glottis. More versatility
and realism can be achieved by using multiple masses in the anterior–posterior
direction, i.e. with 3D lumped-element models. These 3D multi-mass models
range from six-mass models (a single layer of 2 x 3 masses) (e.g. Schwarz et al.,
2008; Wurzbacher et al., 2008) to a 25-mass model (one layer of 5 x 5 masses)
(Yang et al., 2010) or even up to a 175-mass model (seven layers of 5 x 5 masses)
(Titze, 2006). As the number of masses in the model increases, the computational
complexity of the model rises rapidly. For example, in the 25-mass model (Yang
et al., 2010), each mass is allowed to move in three dimensions so that there
are 150 position variables to solve if no assumption of symmetry between left
and right vocal folds is made. Furthermore, this model has 410 free vocal fold
parameters (masses, spring stiffnesses, damping coefficients, and rest positions)
which need to be estimated for simulations or tuned to achieve the desired
output (see Chapter 5).

If a potentially long computation time is not a problem, high-order 3D lumped-
element models have the ability to model most observed vocal fold oscillation
patterns. However, the modelling paradigm, namely the reduction of the tissue
structure of the vocal folds to mass–spring–damper systems, places limitations
in regard to how accurately lumped-element models are able to represent vocal
folds. Physically more realistic, extremely high-order models can be obtained
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using the governing equations of continuum mechanics solved in with the finite
element method (FEM) (see, e.g. Alipour et al., 2000; de Oliveira Rosa et al., 2003;
Daily and Thomson, 2013). The vocal folds in these models can be considered
either 2D (with motion in the coronal plane only) (e.g. Alipour et al., 2000) or
3D (e.g. Tao and Jiang, 2007). Continuum models are well suited to modelling
complex boundary conditions, histological (including pathological) structures
(see, e.g. Jiang et al., 1998; Pham et al., 2018), and providing information (such as
stresses) in high spatial resolution (see, e.g. Tao and Jiang, 2007). However, they
have high computational complexity and, hence, are not suitable for experiments
and applications where speed is important or the number of simulations is high.

Vocal fold contact forces
Glottal closure is part of the glottal cycle for most modes of phonation. The
closure is typically complete in pressed to normal phonation and partial in
breathy phonation, but some speakers exhibit a glottal chink in a wider range of
phonation types. The modelling of the glottal closure depends on the modelling
paradigm and a number of additional assumptions.

Most 2D lumped-element models are capable of producing either complete
closure or no closure at all. In the small-amplitude model by Titze (1988), glottal
closure is assumed not to occur at all as the model focuses on phenomena such
as the onset of phonation from an open glottis. In other models, the occurrence
of glottal closure is determined by the selected parameter values. The masses
in lumped-element models are assumed to be carried by rigid geometries, and
contact is modelled by allowing the geometries to overlap. The elasticity of
collision is assumed to produce contact forces which contribute to pushing the
vocal folds apart. The contact forces have been modelled using linear (Steinecke
and Herzel, 1995) and nonlinear springs (Ishizaka and Flanagan, 1972; Story
and Titze, 1995) with constant stiffnesses, as well as with Hertz contact models
with damping (Zañartu et al., 2007) and without damping (Horáček et al., 2005).
The Hertz impact model takes into account the curvature of the colliding surfaces,
or an equivalent estimate; hence, it is best suited to models with smooth (C1)
aerodynamic surfaces.

The angle and location of collision are factors in models such as the triangular
glottis model (Birkholz et al., 2011) and 2D models with C0 continuous aerody-
namic surfaces. Proposed solutions include contact area weighting (Birkholz
et al., 2011), the adjustment of spring and damper coefficients (Lous et al.,
1998), and the use of constant hydrostatic load pressure (Titze, 2002). In 3D
lumped-element models, the location and extent of vocal fold contact is typically
determined by the subset of the geometric elements carrying the masses, which
are in full contact, rather than by partial contact of the elements. Contact forces
can therefore be modelled using restoring springs with stiffnesses determined
by the springs surrounding the point of collision (Schwarz et al., 2008; Yang
et al., 2010).

As continuum models of the vocal folds are physiologically more accurate, the
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modelling of vocal fold collision does not require the introduction of additional
non-physiological elements. Instead, vocal fold contact can be modelled, e.g. by
manipulating the boundary displacements to avoid overlapping (Alipour et al.,
2000) or by computing and applying sufficiently large contact forces to prevent
overlap (de Oliveira Rosa et al., 2003). The latter approach is analogous with
the approaches taken to compute contact forces in lumped-element models (see
above) but utilising the more realistic and computationally costly no-overlap
conditions.

4.1.2 Glottal flow models

The oscillation of the vocal folds produces a channel with a time-varying cross-
sectional area S(t, x), x ∈ [0,L], where L is the thickness of the vocal folds, (see
Figure 4.2) through which the pressure difference between the lungs and the
atmosphere induces air to flow. The airflow within the glottis is characterised by
the velocity potential ψ=ψ(t,r), where r is the position vector within the glottis.
Particle velocity v= v(t,r) and pressure p = p(t,r) are then

v=−∇ψ and p = ρ∂ψ
∂t

, (4.2)

where ρ is the density of air.

Bernoulli flow to Navier–Stokes equations
Lumped-element models of vocal folds typically rely on a low-order flow model
to express the relationship between the glottal flow (i.e. volume velocity) Ug(t)
and the glottal area Ag(t)=minx S(t, x). This relationship is commonly derived
by considering a series of pressure changes from the source of the subglottal
pressure, ps, to the atmosphere

ps =∆pSGT +∆pg +∆pV T , (4.3)
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Figure 4.3. Pressure changes across the segments of the speech production system.

where ∆pSGT , ∆pg, and ∆pV T are the pressure changes across the SGT, glottis,
and VT, respectively (Figure 4.3).

The simplest glottal flow models assume that all pressure changes occur at
the glottis (ps =∆pg) and that the flow through the glottis is 1D, incompressible,
and inviscid. This flow is, furthermore, governed by the stationary Bernoulli
equation

p1 + 1
2
ρv2

1 = p2 + 1
2
ρv2

2, (4.4)

where (p1,v1) and (p2,v2) are the pressure and velocity pairs at any two points
along a streamline. Considering the two points to be in the subglottal space
(p1 = ps, v1 = 0) and at the point of minimal glottal area (v2 =Ug(t)/Ag(t)), and
assuming atmospheric pressure downstream from the second point (p2 = 0), the
glottal flow becomes

Ug(t)=
√

2ps

ρ
Ag(t). (4.5)

This model of glottal flow has been used by, e.g. Steinecke and Herzel (1995),
but it cannot capture flow phenomena that involve the deviation of flow from the
area, such as skewing. Skewing of the flow refers to a delay in the peak of the
flow relative to the glottal area in the same glottal cycle, a phenomenon observed
in natural speech production (Childers et al., 1985; Hertegård and Gauffin,
1995). Furthermore, for the stationary Bernoulli equation to be a reasonable
approximation, the glottal boundaries must move slowly compared to the flow
velocity. This becomes increasingly inaccurate and non-physical right before
glottal closure.

Equation (4.5) models glottal flow as completely lossless. The glottis is, how-
ever, a narrow flow channel where viscous losses would be expected to be notable,
particularly immediately after opening instants and before closures. Further-
more, pressure loss at the glottal entrance and its partial recovery at the exit
can lead to transglottal pressure changes, which are not well modelled using a
simple viscosity law in a narrow gap and which are also not included in Equa-
tion (4.4). Van den Berg et al. (1957) carried out experiments with a laboratory
model to investigate these two effects, proposing two pressure change terms for
a rectangular flow channel: pressure change due to viscosity,

∆pvisc =
12µLh2Ug(t)

Ag(t)3 , (4.6)
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where µ is the dynamic viscosity of the air and h is the width of the flow channel
(i.e. the length of the vocal folds), and pressure change due to entrance/exit
effects,

∆pent/ex =
ktρUg(t)2

2Ag(t)2 , (4.7)

where kt is the transglottal pressure loss coefficient, which can also be di-
vided into separate entrance and exit coefficients. One or both of these terms
can be considered in the pressure balance equation (4.3), i.e. ps = ∆pg =
∆pvisc +∆pent/ex (Ishizaka and Flanagan, 1972; Titze, 1988; Pelorson et al.,
1994; Story and Titze, 1995; Lucero, 1996). The cubic dependence on Ag(t)
in Equation (4.6) is only a good approximation for limited glottal dimensions,
and an improved power law based on laboratory model experiments has been
proposed by Fulcher et al. (2013). Entrance/exit effects are a heuristic correction
following the mathematical form of the steady Bernoulli law, and they were
shown to be generally non-negligible by Fulcher et al. (2011) using laboratory
model experiments. It is worth noting that the assumption of a stationary flow
underlies both of these correction terms (the laboratory models used by van den
Berg et al. (1957), Fulcher et al. (2011), and Fulcher et al. (2013) were static),
limiting the accuracy of loss-corrected flow models when the vocal folds are
moving.

Phonation causes the air column within the speech production system to be
constantly accelerating and decelerating. The inertia of the air mass would
hence be expected to affect the glottal flow pulses. A stationary Bernoulli flow
does not include inertance, but additional pressure change terms can be added to
account for its effects. Inertia within the glottis is often modelled by considering
it to cause temporal changes in the velocity potential ψ(t, x). This results in a
pressure change term of the form

∆pg,iner = ρ∂ψ
∂t

= ∂

∂t

[
Ug(t)

∫ L

0

ρ

S(t, x)
dx

]
(4.8)

(Pelorson et al., 1994; Lous et al., 1998; Elie and Laprie, 2016), where the
integral is the inertance of the glottis. Another form used to model inertial
effects in the glottis, used by, for example Ishizaka and Flanagan (1972), is

∆pg,iner = ρL
Ag(t)

∂Ug(t)
∂t

. (4.9)

The common feature of both of these forms is the dependence on U̇g(t), following
Newton’s second law of motion.

The inertance of air in the VT and SGT can have a notable impact on the
glottal flow, particularly on skewing the flow pulses. As this effect does not occur
without the VT or SGT load added to the glottal model, it can be argued that
this inertive component is a feature of the source–filter interactions rather than
glottal flow, per se. However, the ability of many acoustic load models to capture
this inertive effect correctly is largely unverified, and even for models known

49



Modelling vowel production using computational physics

to be theoretically capable of it (e.g. Webster’s model, see Section 4.2), there
is no guarantee that their numerical implementation maintains this property.
Furthermore, lung tissues and respiratory muscles have inertia as well, which
affects phonation but cannot be accounted for by acoustics. It is, hence, often
more practical to add the inertial effect directly to the glottal flow model by
using equations of the form

∆pV T = RV TUg(t)+ IV TU̇g(t) (4.10)

in the pressure balance equation (4.3) (see, e.g. Rothenberg, 1981; Titze, 1988).
Parameter IV T is the inertance of the VT and RV T is resistance modelling
losses in the VT. An equivalent equation can also be written for ∆pSGT . If this
approach is used in a model containing acoustics-to-flow feedback, care must be
taken to ensure that the inertial effect is not accounted for twice in any part of
the model.

A final point to note regarding these Bernoulli-based flow model variations
(Equations (4.5)–(4.10)) is that they can be modified to accommodate a variable
point of flow separation (Pelorson et al., 1994). Flow separation point refers to a
point x = xs, which separates the inferior region where the air flow is in contact
with the vocal fold surfaces from the superior region where the air flow enters
into the VT as a free jet. While flow separation affects the constituent elements
of the glottal flow, such as the length over which viscous losses occur, its main
impact is on the force the airflow exerts on the vocal folds (see below).

Even with all the above corrections, Bernoulli flow remains a highly simplified
model of the glottal flow. While its complexity matches those of the lumped-
element vocal fold models, continuum models of vocal folds are better matched
by more physically accurate models, such as 1D, 2D or 3D Euler or Navier–
Stokes equations within the glottis, and with incompressible or compressible
flow (see, e.g. de Oliveira Rosa et al., 2003; Zheng et al., 2009; Balázsová et al.,
2018). Due to the high computational complexity of solving both the continuum
and Navier–Stokes equations using the FEM or alternative methods such as
the space-time discontinuous Galerkin method, possible benefits combining
high-order flow models with low-order vocal fold models (de Vries et al., 2002;
Horáček et al., 2005; Sváček and Horáček, 2018), or vice versa (Decker and
Thomson, 2007), have also been explored. Increased understanding of glottal
flow phenomena, such as flow separation (Guo and Scherer, 1993), has also been
sought by solving the Navier–Stokes equations within time-invariant glottal
geometry. Note, however, that while Navier–Stokes equations form the basis of
current state-of-art glottal flow models, entropy generation and heat transfer in
turbulent 3D flow in the glottis and, similarly, in the whole VT remain difficult
questions. Most of the recent computational flow dynamics work relies on
simplistic assumptions about the flow thermodynamics, for example, a turbulent
flow at constant temperature (e.g. Schickhofer et al., 2019), contradicting the
isentropic assumption of linear acoustics.
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Aerodynamic force
When the glottis is open, the airflow through it exerts an aerodynamic force on
the vocal folds. Together with the constriction of flow caused by the moving vocal
folds, the aerodynamic force forms the basis of the tissue–flow interaction which
drives phonation. In lumped-element models, the load force F in Equation (4.1)
is due to the aerodynamic force when the the glottis is open. When the glottis
is closed, F is usually computed from the vocal fold contact model (see above).
In continuum models of the vocal folds, the tissue–flow interaction is realised
through the displacement of boundary nodes at the free surface of the vocal folds
and the boundary conditions at those nodes.

The calculation of the aerodynamic force F for lumped-element models is a
two-step procedure: (i) the pressure distribution p(t,r) within the glottis is
estimated from the glottal flow model and (ii) the pressure is integrated over
the vocal fold surface and redistributed to the number of required point loads
in F. The conversion of flow to pressure distribution depends on the selected
glottal flow. If a 1D Bernoulli flow is used, then p(t, x) can be computed from
Equation (4.4) (see, e.g. Steinecke and Herzel, 1995). A similar approach can
be taken for corrected Bernoulli flow models by utilising the pressure balance
equation (4.3) (see, e.g. Ishizaka and Flanagan, 1972; Pelorson et al., 1994; Lous
et al., 1998). If flow separation is included in the model, then p superior to the
point (or the line in 3D models) of flow separation becomes constant and equal
to the pressure at the start of the VT, as the glottal flow is no longer in contact
with the vocal fold surface. It is also worth noting that if a Navier–Stokes flow
model is combined with a lumped-element vocal fold model (such as in the work
of de Vries et al., 2002), the pressure distribution is extracted directly from
the flow solver rather than through semi-analytic manipulation as would be
typical for low-order flow models, but otherwise the two-step procedure remains
unchanged.

In lumped-element models with aerodynamic surfaces, integration of the
pressure over the vocal fold surface to obtain F can include the direction of
the surface normal (Pelorson et al., 1994), or if vocal fold masses are only
allowed to move in the y-direction (see Figure 4.1), the integration can be
simplified by considering the force exerted parallel to the flow to be negligible
(Lous et al., 1998). When the vocal fold masses have medial surfaces parallel
to the midsagittal plane, further simplifying assumptions may be made, such
as assuming the pressure on the surface of each mass does not vary in the
x-direction (Steinecke and Herzel, 1995) or using the average of the pressures
existing inferior and superior to the mass in load force computation (Ishizaka
and Flanagan, 1972).

The aerodynamic loading of continuum models of the vocal folds is done via
boundary conditions regardless of the glottal flow model used. If the flow model
is a FEM-based Navier–Stokes solver, the fluid and solid domains can be coupled
with consistent displacements and stresses enforced on the boundary between
the domains (see, e.g. Daily and Thomson, 2013). If Bernoulli-based flow models
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are coupled with continuum models of vocal folds, the tissue–flow interface needs
to be implemented outside standard FEM solvers (Decker and Thomson, 2007).
The general principle is that the vocal fold displacements are used as inputs
for the Bernoulli flow model, and the glottal flow model is used to compute the
boundary condition on the vocal fold surfaces. In other words, step (i) of the
lumped-element aerodynamic force computation is carried out, but the lumped
load force calculations of step (ii) are not necessary.

The source of subglottal pressure
The subglottal pressure ps plays a critical role in producing phonation. There
is, however, some ambiguity in its definition and very few available models for
its source. In vowel production models containing no SGT, ps can be defined
as the pressure existing immediately inferior to the glottis (see, e.g. Ishizaka
and Flanagan, 1972). If the SGT is included, ps can be defined either as the
pressure existing at the lung end of the SGT (see Figure 4.3 and Equation (4.3)),
or it can remain the pressure inferior to the glottis, in which case lung pressure
pl is often defined separately. Another distinction required is whether ps is
the total, static, or acoustic pressure. If, for example, ps and pl are the static
pressures just inferior to the glottis and in the lungs, respectively, and the SGT
is considered purely acoustic (i.e. there are no non-acoustic losses and negligible
inertial effects), then ps = pl and the same static pressure exists throughout the
SGT.

The source of static ps is often modelled as ideal, i.e. ps can be maintained
constant at an arbitrary level throughout simulations. The origin of ps in
humans, whatever its defined location, is the total force exerted to the air
volume in the lungs by muscle controls. The contraction of the lungs can be more
accurately modelled using an adiabatic process to relate pressure and volume
changes in the lungs (Tanihara et al., 2018). However, the benefits of including
such respiration in vowel production models are limited, unless the model is
specifically intended for simulations where the control of the lung volume might
play a notable role, such as simulations of prolonged vowels or pre-phonatory
control.

4.2 Resonant loads

Glottal source models produce glottal flow which then enters the resonating
spaces produced by articulation. Since articulation is static in vowel production,
neither the VT nor the SGT change shape so the two tracts form resonating
spaces with many similar characteristics. Hence, the VT and SGT are typically
modelled following the same principles. In this section, these principles and the
resulting models are first reviewed for the VT, and the modifications required
for the SGT models are then outlined.
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Figure 4.4. A vocal tract geometry approximation using n = 1, .., N cylindrical elements with
cross-sectional area An and thickness δsn.
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Figure 4.5. The transmission line model of the vocal tract comprising of a cascade of T-sections
(following Ishizaka and Flanagan, 1972).

4.2.1 The vocal tract

Low-order models of the VT start from the assumption that the VT can be
approximated as a sequence of N hard-walled cylinders at the distance sn from
the glottis (Figure 4.4), where n = 1, ..., N is the index of the cylinders from just
superior to the glottis (n = 1) to the lips (n = N). Each cylinder is of the length
δsn, the cross-sectional area An = A(sn), and the circumference Pn = P(sn).

There are three main approaches to constructing models for the variation of
acoustic velocities and pressures within this cylindrical approximation. First,
the transmission line model uses the electrical circuit analogue for acoustics
(see, e.g. Flanagan, 1972; Ishizaka and Flanagan, 1972). Each cylinder n is
modelled with an electrical circuit segment with resistance Rn, inductance Ln,
and capacitance Cn (Figure 4.5). These parameters are related to the cylinder
geometry (following Ishizaka and Flanagan, 1972) by

Ln = ρδsn

2An
, Cn = δsn An

ρc2 , Rn = Pn

A2
n

√
ρµω/2. (4.11)

The viscous losses in the VT, Rn, depend on frequency ω, but for time-domain
simulations Rn can be estimated by using, for example, one of the eigenfre-
quencies of the vocal folds (Ishizaka and Flanagan, 1972). Some models include
additional resistance, inductance, and capacitance, as well as a flow source,
in parallel with Cn to model wall effects (see, e.g. Flanagan, 1972; Mokhtari
et al., 2008). The circuit segments are joined in a transmission line where the
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first segment is connected to a glottal source model producing Ug(t) and the
final segment is connected to a termination segment modelling speech pressure
radiation to the outside space. The termination segment is composed of the
parallel resistance and inductance (see, e.g. Flanagan, 1972) given by

LR = 8ρ
3π

p
πAN

, and RR = 128ρc
9π2 AN

. (4.12)

The transmission line model is suitable for use in both the frequency (Fant, 1960;
Flanagan, 1972) and the time domain (Flanagan and Landgraf, 1968; Ishizaka
and Flanagan, 1972), and it is capable of dealing with side branches (Mokhtari
et al., 2008).

Second, the wave reflection model, the first version of which was the Kelly–
Lochbaum model (Kelly and Lochbaum, 1962), considers the propagation of 1D
plane waves within each cylinder (see, e.g. Liljencrants, 1985; Story and Titze,
1995; Lous et al., 1998). The pressures and particle velocities in cylinder n can
be expressed, following Lous et al. (1998), as

pn(t, s)= p+
n(s− ct)+ p−

n(s+ ct) and vn(t, s)= p+
n(s− ct)− p−

n(s+ ct)
ρc

, (4.13)

where c is the speed of sound, and p+
n and p−

n are the forward and backward
travelling pressure waves, respectively. At the junction between cylinders n
and n+1, the surface areas An and An+1 determine the reflection coefficient
kn,n+1 = (An − An+1)/(An + An+1), and the transmission and reflection of each
partial pressure wave can be computed from the scattering equations

p+
n+1 = (1+kn,n+1)p+

n −kn,n+1 p−
n+1,

p−
n = kn,n+1 p+

n + (1−kn,n+1)p−
n+1.

(4.14)

Attenuation factors can be added to account for losses in the VT (Story, 1995).
Methods for handling a branching or dynamically changing VT have been intro-
duced (e.g. Liljencrants, 1985), but the wave reflection model is most tractable
and efficient when handling simple static geometries. Although the wave reflec-
tion model is defined in the time domain, the termination condition at the lips
typically relies on a frequency domain description of radiation impedance, such
as is described for the transmission line model in Equation (4.12) (Story and
Titze, 1995; Lous et al., 1998).

The third approach uses Webster’s equation, a 1D approximation of the wave
equation, to model the VT (van den Doel and Ascher, 2008; Aalto et al., 2009).
This model differs from the transmission line and wave reflection models in that
the governing equations assume a continuous tubular geometry (i.e. A(s) instead
of the spatially discretised sequence An) although numerical implementations
utilise the cylindrical structure in Figure 4.4. Webster’s equation for the acoustic
velocity potential ψ=ψ(t, s) within the VT is

∂2ψ

∂t2 = c2

A(s)
∂

∂s

(
A(s)

∂ψ

∂s

)
. (4.15)
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The glottal source is connected to Equation (4.15) as a boundary condition at
s = 0, and the boundary condition at s = LV T represents the effect of lip radiation,
which has been realised, e.g. with a purely resistive boundary (Aalto et al., 2009)
or with a construction corresponding to Equation (4.12) (van den Doel and
Ascher, 2008). Webster’s equation can also be expanded to include the effects
of VT curvature and radiative losses along the walls (Lukkari and Malinen,
2013; Aalto et al., 2015). Van den Doel and Ascher (2008) showed that their
Webster’s equation VT model is capable of dealing with non-uniform spatial
and temporal grids in simulations, and it can also take into account temporally
changing VT geometries. Although Webster’s equation based models have yet
to be implemented for a branching VT, a theoretical framework showing the
well-posedness of the problem exists (Aalto and Malinen, 2013).

Currently, the highest physical and physiological accuracy of the acoustic de-
scription of the VT can be achieved with models based on the 3D wave equation.
However, due to the extremely high computational complexity of time-domain
simulation with these models, most studies couple them with mathematical
source pulses (Arnela et al., 2016a,b) or focus on stationary solutions, namely
eigenmodes and formant frequencies (see, e.g. Hannukainen et al., 2007; Vam-
pola et al., 2008).

4.2.2 The subglottal tract

In principle, all models used for the VT can be adapted to the SGT provided
that the SGT geometry is known. However, there are two competing factors
that guide SGT modelling: the anatomical structure of the SGT has numerous
branches, which necessitates a complex model structure, and simultaneously,
the contribution of the SGT to key features of vowels is relatively small. Hence,
the increased physiological accuracy of a SGT model does not necessarily yield
notable improvements in the output of a full vowel production model whereas
the computational complexity increases disproportionately. Due to this high
cost–benefit ratio, some models intended for general vowel production omit the
SGT completely (Ishizaka and Flanagan, 1972) or only include the trachea (Daily
and Thomson, 2013).

If the first-order effects of the SGT are necessary for the purpose of a model,
they can be modelled using an expanding horn and transmission line or wave
reflection models (Lous et al., 1998; Birkholz et al., 2007; Zañartu et al., 2007).
Higher physiological accuracy was achieved by Ho et al. (2011), who constructed
a transmission line model for the full branching SGT structure. Considering
that most phenomena of interest in vowel production occur in the glottis and
the VT, more accurate models (e.g. based on the wave equation) have a too high
cost–benefit ratio to be currently practical. Furthermore, such models would
require a detailed 3D geometry of the SGT during vowel production, which is
difficult, if not unfeasible, to obtain.
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4.3 Interaction between the source and loads

According to the classical source–filter theory of speech production (Chiba and
Kajiyama, 1941; Fant, 1960) the glottal source signal, produced by a glottal
source model, is fed into the VT, which filters the signal. In this feed-forward
configuration, the acoustic VT load (or the SGT load) has no impact on the glottal
source model. In reality, the interaction between the glottal source and acoustic
loads is two-way, and the feedback from the loads can become strong enough to
induce observable changes in voice production and its output (Titze et al., 2008;
Zañartu et al., 2011; Wade et al., 2017).

The glottal source and resonant load models in Sections 4.1 and 4.2, respec-
tively, have been described in the feed-forward configuration, with the exception
of the impact of the load inertance on the glottal flow (Equation (4.10)), which
represents non-acoustic or zero-frequency feedback. One of the main theoretical
frameworks for implementing two-way interaction in such models was presented
by Titze (2008). In this framework, interaction occurs at two levels. Level
1 interaction describes the dependency of the glottal flow pulse on the trans-
glottal pressure difference. Since the acoustic VT and SGT models produce
perturbations to the pressures immediately superior and inferior to the glottis,
respectively, these perturbations would also be expected to impact the glottal
flow. Using a Bernoulli-based flow model and wave reflection model for the
loads, Titze (2008) presented formulas for Ug(t) which utilised the difference
p+

SGT − p−
V T , where p+

SGT is the forward travelling partial pressure wave from
the SGT and p−

V T is the backward travelling wave from the VT.
Level 2 interaction describes the dependency of the vocal fold vibration pattern

on the load reactance. The main focus of the analysis of level 2 interaction by
Titze (2008) is to reason which VT and SGT conditions are most favourable
for self-sustained phonation, and this was done by using the small-amplitude
model (Titze, 1988). The consideration of load reactances is closely related to the
inertance equation (4.10), but as the load force on the vocal folds in the small-
amplitude model is computed directly from the average transglottal pressure
difference, this interaction bypasses the glottal flow. More generally (see, e.g.
Ishizaka and Flanagan, 1972; Zañartu et al., 2007), the feedback from the loads
is connected to the glottal flow, and vocal fold oscillations are affected through
the computation of the aerodynamic load force from the glottal flow.

The two-level interaction framework (Titze, 2008) does not explicitly consider
the division of pressures into static and acoustic perturbation pressure compo-
nents. Zañartu et al. (2007) included this division in their vowel production
model that consisted of a one-mass model of vocal folds, a Bernoulli-based glottal
flow model, and a wave reflection model of the VT and SGT. As a result, both
level 1 and level 2 interactions were realised via a single feedback loop from the
acoustic pressures to the glottal flow.

Although level 2 interaction implies that the vocal fold oscillations can be
altered by feedback from the loads, it does not explicitly consider the impact of
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acoustic perturbations on the static pressures acting on the vocal folds surfaces.
This interaction mechanism was investigated by Lucero et al. (2012) using the
small-amplitude model for the glottis and a wave reflection model for constant
diameter tubes representing the VT and SGT. They also compared model pre-
dictions with data obtained using a laboratory model and observed that the
interaction coupling affected the pressure at which phonation began (known as
the phonation threshold pressure).

4.4 Summary

The vowel production models detailed in this chapter have been constructed
based on the qualitative description of the physiological process of producing
vowel sounds reviewed in Chapter 2. The submodels discussed – namely vocal
fold, glottal flow, VT, and SGT models – can be studied separately. For example,
Publication IV studies a glottal flow model using HSV data of the glottal area to
bypass the need for a vocal fold model. On the other hand, the submodels can
be combined to produce a full model of vowel production, which can be used to
study complicated vowel production phenomena, such as fo glides, as has been
done in Publications V–VII.

The eventual computational implementation of these models underlies many
of their assumptions, but the models themselves are physical models. The imple-
mentation of these models with the aim of time-domain simulations requires
not only suitable numerical schemes to solve the governing ordinary and partial
differential equations, but also means of controlling and parameterising the
model in a manner that produces realistic output. Numerical schemes are not
discussed in this dissertation. Instead, the basic concepts can be reviewed in, for
example, Atkinson (1989), and the solutions employed for each model specifically
can be found in the studies detailing them. Linking the models to data obtained
from vowel production, whether it be through control, parameterisation, or
validation, has high relevance in this dissertation; hence, related questions are
addressed next in Chapter 5.
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5. The control, parameterisation, and
validation of computational physics
models of vowel production

The overview of computational physics models of vowel production provided in
Chapter 4 is focused on the theoretical, i.e. mathematical and physical, con-
struction of the models. The practical implementation of such models introduces
additional factors to be considered, such as control, parameterisation, and vali-
dation of the models, which all link the model to natural vowel production in
some manner.

One of the key terms in the implementation of a model is the set of parameters,
which are the quantities that adapt the system behaviour to observations. Each
parameter is typically given a definition, a symbol for the ease of manipulation,
and a numerical value. These parameters can be quantities in the physical
model, such as speed of the sound c or masses mi in lumped-element vocal folds,
or they can be related to the numerical implementation, such as step sizes in
the temporal or spatial discretisation. Another quality of parameters is whether
they are constant within the model, such as the density of air ρ, or dependent on
space and time as well as other parameters, such as the VT area function A(s).
For the remainder of this chapter, the focus will be on parameters related to the
physical model, and, unless otherwise specified, the discussion applies to both
constants and dependent parameters.

Three different aspects of bringing computational physics models and infor-
mation obtained from natural vowel production together are addressed in this
chapter. First, different control strategies for vowel production models are ad-
dressed. Here, control refers to the manipulation of model parameters according
to some pre-determined principles in order to achieve desired changes in model
output. Second, data-based parameterisation methods, in other words, proce-
dures for determining parameter values using data, are reviewed. Third, the
task of validating vowel production models is briefly discussed. The need for
model validation arises from the fact that physical models cannot usually be
proved mathematically to be correct. Instead, they must be tested using data
and procedures that are independent of the parameterisation steps. In the
discussion of these three aspects of modelling in this chapter, only low-order
vowel production models are considered.
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5.1 The control of vowel production models

Even the simplest of vowel production models contains a large number of pa-
rameters which must be given numerical values for model simulations. A choice
must be made determining which parameters are changed, either within or
between simulations, in order to achieve the desired differences. These control
parameters related to both phonation and articulation are reviewed in this
section. The two phenomena addressed in this dissertation, vowel onsets and
fundamental frequency glides, require dynamic control of the phonation models,
and the requirements of these tasks will also be addressed.

5.1.1 The control of glottal source models

Two key characteristics of vowels, fo and the mode of phonation, are determined
by phonation (see Section 2.1). Both of these are affected by the source–filter
interaction, if it is included in the model, but the guiding principles of glottal
control can be discussed assuming a feed-forward configuration. It is generally
desirable for a vowel production model to be able to produce a large range of
fo values (covering both male and female ranges) and modes of phonation (at
least breathy to pressed), although more limited ranges may be specified during
model development.

The fundamental frequency of phonation is closely linked to the eigenfrequen-
cies of the vocal fold model, especially if feedback from the acoustic loads to
the vocal folds is not strong. The angular eigenfrequencies ω of an undamped
lumped-element vocal fold model (Equation (4.1) with B = 0) are given by the
solutions of

det
(−ω2M+K

)= 0 (5.1)

so that, for example, for a one-mass model of the vocal folds, ω = p
k/m. If a

tension parameter Q is introduced to scale Mnew = 1
Q Mold and Knew = QKold,

the result is a proportional change in the eigenfrequencies, i.e. ωnew = Qωold.
The tension parameter is one of the most frequently used control parameters in
lumped-element vocal fold models (used, e.g. by Ishizaka and Flanagan, 1972;
Steinecke and Herzel, 1995; Lous et al., 1998; Tokuda et al., 2007). It can be
interpreted to represent increased tension of the laryngeal muscles, particularly
the cricothyroid muscle, which increases the vocal fold stiffness and decreases
the proportion of the vocal fold tissues oscillating. Tension parameters can also
be defined to only act on certain mass–spring pairs (Steinecke and Herzel, 1995),
which enables more versatile oscillation tuning.

Using Q to control fo changes the vocal fold masses without any changes
to the dimensions of the vocal folds in the model, which becomes increasingly
unrealistic as the range of fo changes increases. The geometric parameters of
the vocal folds – such as length, thickness, or aerodynamic surface shape – can,
of course, be changed simultaneously to justify the change in vocal fold mass.
The changes in vocal fold geometry are commonly used, possibly jointly with
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other parameters, to realise gender differences (e.g. by Lucero, 2004; Lucero and
Koenig, 2005a). Note, however, that changes in vocal fold geometry parameters
may also impact the glottal flow; hence, the overall effect depends on the model
details. If changing vocal fold mass and dimensions simultaneously is not
desirable, these parameters can also be controlled separately and independently
from the vocal fold stiffness as well (Scimarella and d’Alessandro, 2004).

Vocal fold oscillations are also affected by the subglottal pressure (or one of the
related parameters discussed in Section 4.1.2). Both empirical and theoretical
evidence suggests that changes in ps correlate with changes in fo in natural
speech production (e.g. Ladefoged, 1963; Titze, 1989). This impact has been ob-
served in some (e.g. Ishizaka and Flanagan, 1972; Scimarella and d’Alessandro,
2004) but not all (de Vries et al., 2002) vowel production models. Hence, ps is
not a universal option for controlling fo in simulations, and instead its primary
function in modelling is often to control the presence of phonation (see, e.g.
Steinecke and Herzel, 1995; Fulcher and Scherer, 2011).

The control of the mode of phonation in vowel production models is less
straightforward than the control of fo because the mode of phonation is less
clearly defined, and as such, no single dominant physical correlate or control has
been identified (Zhang, 2016). Due to this, the mode of phonation is typically con-
trolled by considering how the specific features of a mode can be achieved in the
model. Changing the mode of phonation from breathy to pressed is accompanied
by a more steep closing phase of the glottal flow pulse (see Section 2.1). There
are two ways this can be achieved in low-order models: (i) changing the values
of parameters affecting the skewing of the glottal flow relative to the glottal
area pulse or (ii) changing the shape of the glottal area waveform. The former
can be implemented by using inertial terms as controls (Aalto et al., 2009; Titze
and Palaparthi, 2016), but the physiological realism of this approach is limited
since speakers appear to be capable of changing the mode of phonation and VT
geometry largely independently. In the latter approach, the mode of phonation
is determined by the vocal fold oscillation patterns, which can be controlled, for
example, via ps (Scimarella and d’Alessandro, 2004) or vocal fold properties
(e.g. degree of adduction and muscle activation). These parameters can also be
used for controlling other features related to the mode of phonation, such as the
open quotient (OQ) or degree of glottal closure. While controlling the mode of
phonation via vocal fold oscillations is more realistic than using inertial terms,
it poses the challenge of intertwining the control of fo and mode of phonation.

To address the problem of comprehensive control of glottal source models, rules
relating laryngeal muscle activation to lumped-element model parameters have
been derived (Titze and Story, 2002; Avanzini et al., 2006). These rules enable
simultaneous alteration of fo and the mode of phonation in a manner closely
linked to natural speech. However, the resulting output cannot be predicted in
closed form due to differences between the physiological system and simplified
lumped-element models, and hence the approach requires mapping or searching
to achieve the desired phonation outcomes. Currently, such control rules have
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been specified only for the body-cover model (Titze and Story, 2002) and classic
two-mass model (Avanzini et al., 2006), and extension to other models would
require their re-derivation.

5.1.2 The control of load models

In vowel production models, the control of the VT and SGT loads is largely driven
by the requirements of the chosen load model (see Section 4.2) and available
data (see Section 5.2). Ideally, a vowel production model is capable of producing
all the vowel phonemes in a language as produced by both a male and a female
speaker.

The ability of a computational physics model to produce different vowel sounds
depends on its ability to process different geometrical VT data. Low-order VT
models take as inputs either the VT centerline distance s and the area function
A(s), or their discretised versions sn, and An, n = 1, ..., N. Some models may
require additional geometric information, such as circumference P(s) or curva-
ture κ(s). Regardless of the set of geometric parameters required, the control of
static vowel production hence becomes a question of obtaining parameter values
representing different vowels or speakers, which is addressed in Section 5.2.

5.1.3 The dynamic control of phonation

The two vowel production phenomena investigated in this dissertation, funda-
mental frequency glides and vowel onsets, require dynamic control of the glottal
source. Fundamental frequency glides are conceptually easy to implement using
the fo control methods listed above (e.g. the Q parameter was used by Tokuda
et al., 2010). There are, however, two factors which require specific attention.
First, while fo is closely related to the vocal fold eigenfrequencies, the latter are
computed under no-load, and often also no-damping, conditions. However, fo

is the frequency of the limit cycle of the entire vowel production system, and
if source–filter interactions are included in the model, fo can deviate notably
from the eigenfrequencies of the vocal folds. This effect is particularly strong
when the vocal folds oscillate at a frequency close to a load resonances fRn, as
evidenced, e.g. by the perturbations in the fo trajectories during simulated
fundamental frequency glides by Titze (2008). Hence, if the fo range covered
in a simulation is large, it is often more practical to define the glide in terms of
its control actions (e.g. a Q parameter glide) rather than aim for a specific fo

trajectory.
Second, model equations are often derived under the assumption that a certain

set of parameters are constant over time. Using these parameters as dynamic
control variables is not necessarily problematic as long as the variation of these
parameters is slow compared to other temporal variations in the model, such as
the glottal cycle. Slow and smooth controls are also numerically desirable, as
many low-order models neglect losses in the system, which hinders the ability
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of the model to damp out any transient oscillations introduced by step-wise
changes in parameters.

As described in Section 2.3, the onset of phonation requires a temporal se-
quence controlling three factors: vocal fold adduction (i.e. the rest position of
masses mi), parameters controlling the desired phonation ( fo and mode), and
subglottal pressure. Lucero and Koenig (2003, 2005a) controlled a version of
the classic two-mass model via three parameters corresponding to these three
factors (the Q parameter, vocal fold rest position, and ps) to achieve simulations
of [aha] utterances, and matched these simulations to the utterances of natural
speech. If [h] is unvoiced, then the transition [ha] is an vowel onset, and the
results indicate that to match natural utterances optimally, all three parameters
need to be altered dynamically (Lucero and Koenig, 2005a).

Simulation studies focusing on the temporal aspects of vowel onsets are rare,
but an extensive body of literature exists studying the phonation threshold
pressure, for example, with physical modelling (Lucero and Koenig, 2005b;
Fulcher and Scherer, 2011), laboratory models (Chan and Titze, 2006), excised
canine larynges (Hottinger et al., 2007) and in humans (see, e.g. the review by
Plexico et al., 2011). Phonation threshold pressure is the minimum subglottal
pressure required to produce self-sustained vocal fold oscillations. Although
these studies do not provide direct information about the dynamic control of
vowel onsets, they provide reasonable ranges for critical parameters. These are
of particular interest if they map changes in the phonation threshold pressure
as other phonation control variables, such as the vocal fold rest position (Lucero,
1996), change.

5.2 The parameterisation of computational physics models

Some parameter candidates for controlling computational physics models are
discussed above. The question of how to select suitable numerical values for
these parameters is addressed in this section. There are two general approaches
that can be employed for this parameterisation task: the direct extraction of
parameter values from vowel production data or tuning the parameter values so
that the model output matches the target data.

5.2.1 Direct extraction from data

If model parameters have a correspondence to a physical or physiological quan-
tity and this quantity can be measured or estimated from natural vowel pro-
duction, then applying the measured value creates a direct link between the
model and real speech. For example, physical constants (e.g. ρ, c, µ) are based
on known, measured values.

Anatomic, particularly geometric, parameters can also be extracted directly
from data. These include the shape and size of vocal folds at rest. Lous et al.
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(1998) and Horáček and Švec (2002), for example, used geometric vocal fold
constants based on measurements. HSV technology can also be used to observe
dynamic changes in vocal fold properties, such as vibrating length (Kunduk
et al., 2017), although these properties are more typically used as targets for
tuning parameters (see below) rather than as direct inputs into models.

The geometries of the VT and SGT can also be measured directly, and the
area functions extracted from these data can be used as articulatory parameters
in load models. For example, the SGT anatomies measured by Weibel (1963)
and Yeh and Schum (1980) were used by Ho et al. (2011) to construct a fully
branching transmission line model of the SGT. Similarly, VT area functions,
such as the MRI-based areas reported by Story et al. (1996b, 1998), are widely
used as input parameters for VT models in order to represent different vowels
and genders (see, e.g. Zañartu et al., 2007; Lucero et al., 2013).

Experiments with excised larynges and laboratory models expand the set of
parameters that could, at least in theory, be estimated based on data. Using
these approaches, information can be obtained, for example, on pressure changes
in the glottis (Fulcher et al., 2011), phonation thresholds and vibration charac-
teristics (Ruty et al., 2007; Pickup and Thomson, 2010; Murray and Thomson,
2012), or the viscoelastic properties of vocal fold tissues (Chan and Titze, 1999).
The challenge with parameters obtained from a specific laboratory model is that
a generic low-order vowel production model may not contain exactly matching
parameters. Further assumptions or modelling is, hence, required to derive the
model parameters from such data. As with all directly extracted parameters to
varying extents, there is also a possibility that even if a model parameter can be
assigned a realistic value, the resulting model behaviour is not realistic due to
the simplifications in the model.

5.2.2 Tuning

The direct extraction of parameter values for a computational physics model
is not always feasible or desirable. Tuning provides an alternative, indirect
approach to parameterisation by solving the inverse problem: finding model
input parameters that produce the target output. These targets may be based
on data, such as vocal fold displacements or glottal areas extracted from HSV
data (Döllinger et al., 2002; Wurzbacher et al., 2006; Pinheiro et al., 2012;
Pinheiro and Kerschen, 2013) or abduction–adduction gestures estimated from
oral airflow measurements using a Rothenberg mask (Lucero and Koenig, 2005a),
or they can be set to meet, for example, desired formant structures (Story, 2006)
or the needs of synthesis. The basic principle of tuning is to vary the values of
selected model parameters until the model output matches the targets.

If the input parameter space is low-dimensional and the model is designed for
repeated simulations with different output targets, then it may be feasible to
carry out a sensitivity study to map how specified features of the model output
or behaviour change in simulations as input parameter values vary (see, e.g.
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Titze and Story, 2002; de Vries et al., 2002; Scimarella and d’Alessandro, 2004;
Avanzini et al., 2006). This is particularly attractive if the model output is
parameterised with a few constants, such as fo or glottal pulse quotients (as
done by, e.g. Titze and Story, 2002; Scimarella and d’Alessandro, 2004; Avanzini
et al., 2006). Sensitivity studies produce libraries of input–target parameter
combinations (sometimes also referred to as codebooks for the glottal source), and
once the libraries are generated, tuning is reduced to searching for the best target
match. On the other hand, the generation and storage of these libraries can
require a lot of computational resources, as each input parameter combination
requires a simulation to determine the corresponding output, and all of these
outputs must be stored. A further limitation is posed by the fact that new
sensitivity studies are required after all model changes. Data from sensitivity
studies can also have limited usability for simulations requiring dynamic control
as most vowel production models contain some degree of memory.

Alternatively, every tuning task can be treated as a separate search in the
input parameter space, with simulations carried out at every step of the search
(e.g. de Vries et al., 1999; Döllinger et al., 2002; Yang et al., 2011; Pinheiro
et al., 2012; Döllinger et al., 2017). For most vowel production models, each
search is a non-convex optimisation task, which requires choosing the initial
values semi-analytically (Döllinger et al., 2002; Schwarz et al., 2006) or utilising
both global and local optimisation (Pinheiro et al., 2012; Pinheiro and Kerschen,
2013; Yang et al., 2011), as well as employing heuristic optimisation algorithms
such as genetic algorithms. Parameter tuning can also be carried out using
Bayesian estimation methods (Cataldo et al., 2013; Hadwin and Peterson, 2017)
which enable accounting for uncertainties and noise in both the model and the
observations to which the model output is tuned. Regardless of the approach
taken, the computational complexity of each optimisation is typically moderate,
particularly if parallel computing can be utilised, but repeated tuning tasks
require large computational resources.

Improvements in computer technology mean that the parameterisation of
low-order vowel production models via tuning is feasible, which has enabled
matching their output to a variety of data obtained from both healthy speech
(Lucero and Koenig, 2005a; Pinheiro and Kerschen, 2013; Drioli and Foresti,
2015) and pathological speech (Schwarz et al., 2008; Gómez-Vilda et al., 2017).
Values for both static parameter values (see, e.g. Schwarz et al., 2008; Pinheiro
and Kerschen, 2013; Drioli and Foresti, 2015) and dynamic control parameter
trajectories (see, e.g. Lucero and Koenig, 2003, 2005a; Hadwin and Peterson,
2017) can be obtained using optimisation-based tuning. Although higher-order
models have the ability to replicate physiological vowel production more realisti-
cally, tuning them is of extremely high computational complexity. This is one of
the main reasons why low-order models remain of interest today.
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Figure 5.1. Validation paths for vowel production models. Left: ideal validation with multi-
channel data consisting of separate parameterisation and validation data. Right:
validation as an evaluation–refinement cycle, in which the model is refined until the
cost-benefit ratio of further improvements rises too far.

5.3 Model validation

The validation of a vowel production model is intrinsically linked with its pa-
rameterisation. Model validation is ideally done with two sets of simultaneously
acquired data from natural vowel production: a parameterisation set and a
validation set. The first set is used to extract all the input parameters of the
model and the model output produced using these parameters is then compared
with the second set (see Figure 5.1, left panel).

While this approach to validation provides direct evidence for the accuracy of
the model as a representation of a particular phenomenon, it can be challenging
for full vowel production models (i.e. models containing both glottal source
and load models). This is due to the fact that simultaneously recorded data
on phonation, articulation, and the speech output is currently not available,
and the technological challenges of obtaining such data are not insignificant.
Hence, complete, data-based parameterisation of a full model is currently not
possible. Furthermore, the computational physics models are often intended to
be versatile in terms of the vowel production phenomena they can be used to
model, and validation against data from one phenomenon does not necessarily
translate into good behaviour with another one.

There are two general approaches to the problem in practice. First, unit testing
can be carried out to validate individual parts or simplifications of a full model
separately by using, for example, suitable laboratory models (Ruty et al., 2007;
Fulcher et al., 2013). This approach can yield valuable information about a
model although the validity of a submodel is not a sufficient, or automatically
even a necessary, condition for the validity of a full model. Second, validation
can be viewed as the ultimate result of the evaluation–model refinement cycle
(see Figure 5.1, right panel) which evaluates the ability of different models or
model versions to produce the measured output. The validation data is used as
the target for finding parameter values, and the success of that optimisation is
viewed as the relative accuracy of the model compared to other models. Examples
of this process include the improved power law for viscous losses suggested by
Fulcher et al. (2013) and the sequence of improvements suggested for for the
small-amplitude model in order to improve its ability to reproduce the phonation
threshold pressures measured using laboratory models (see, e.g. Lucero and
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Koenig, 2007; Fulcher and Scherer, 2011).

5.4 Summary

Computational physics models of vowel production are of limited interest with-
out quantifiable relationships to the information that can be obtained about
vowel production by humans. Some facets of those relationships have been
discussed in this chapter, and the publications summarised next in Chapter 6
are interspersed with related concepts. Publications V–VII use a low-order com-
putation physics model with dynamically changing control parameters (vocal
fold spring coefficients and ps) to study fo glides over VT resonances. Since such
glides exhibit high levels of source–filter interaction, high physiological accuracy
is sought by using the MRI data from Publication I to parameterise the VT model.
Publication IV uses the synchronised HSV, EGG, and speech pressure signals
described in Publication II, first, to compute glottal area and flow estimate, and
then to parameterise a computational physics model of glottal flow. Although
model validation is not the stated aim of any of these studies, Publications IV,
V, and VII make explicit comparisons between different modelling choices. Such
comparisons form the basis of evaluation–model refinement cycles, and hence
can be seen as steps in the validation path, as discussed further in Chapter 7.
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6. Summary of the publications

Summaries of the publications, which form the second part of this dissertation,
are presented in this chapter.

6.1 Publication I: "Large scale data acquisition of simultaneous
MRI and speech"

The parameterisation and validation of computational physics models of vowel
production require high-quality data of simultaneously recorded VT geometries
and speech pressure signals. However, obtaining sufficiently large quantities
of such data for statistical meaningful analysis is challenging. In this publica-
tion, the technical solutions and procedural details of acquiring simultaneous
MRI and speech pressure signal data for several articulatory tasks, including
prolonged utterances of all the Finnish vowels, are described. This experimental
procedure has been designed to obtain pre- and post-surgical data from patients
undergoing orthognathic surgery, and it is efficient enough to use on a large
scale: early patient recordings resulted in 93–107 recordings per person in
sessions lasting 50–95 mins.
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Figure 6.1. Formants extracted from speech samples recorded during MRI. Sample means and
standard deviations are shown for denoised samples as well as for sample taken
during pauses in the imaging sequence (Publication I, Fig. 6a).
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Figure 6.2. The experimental setup for the acquisition of Repository IV data for Publication II.

A pilot experiment was run with one healthy male subject to evaluate the
feasibility of the method and to assess the quality of the obtained data. An
adaptive signal processing algorithm was developed to remove the acoustic MRI
noise from the recorded speech pressure signal, and the spectral envelopes and
formants of the resulting signal (see Figure 6.1) were compared with validation
data recorded in an anechoic chamber. VT resonances were also computed using
the FEM to solve the Helmholtz equation within the VT geometry extracted
from the MRI data, and these were compared with the recorded formants. The
average discrepancies between the Helmholtz resonances and VT formants
was observed to be approximately 13% for fR1 and fR3, and 20% for fR2. The
discrepancies were caused by both challenges in the estimation of the formants
from the denoised speech pressure signals, particularly for the low fR1 of [i], and
due to the boundary condition imposed on the resonance problem, which was
especially problematic for [A], which has a large mouth opening.

6.2 Publication II: "OPENGLOT – An open environment for the
evaluation of glottal inverse filtering"

GIF is one of the few methods available for estimating glottal flow. However,
the evaluation of GIF algorithms is problematic because suitable evaluation
data, containing the real glottal volume velocity signal, cannot be non-invasively
recorded from natural speech. While various alternatives, such as physical
models or combinations of mathematical glottal flow models and all-pole VT
filters, have been used before, there has been no coherent, common platform
for GIF evaluation. This publication describes a new, open environment, called
OPENGLOT, intended for this use. OPENGLOT consists of four main parts:
Repository I contains synthetic glottal flow waveforms (LF pulses) and speech
signals generated by using a digital all-pole filter to model the VT. Repository
II contains glottal flow and speech pressure signals generated using a com-
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Figure 6.3. A vowel onset in one of the samples (m02) in Publication III. Top left: glottal area
Ag (dashed red) and glottal flow Ug (solid black) waveforms. Bottom left: Hilbert
envelopes of Ag and Ug. Top right: NAQ value of each pulse in Ag (red circle) and
Ug (black asterisk). Bottom right: fo = 1/To for each pulse in Ag and Ug.

putational physics model of vowel production. Repository III contains glottal
excitation waveforms (LF pulses) and speech pressure signals generated by excit-
ing 3D-printed plastic VT replicas. Finally, Repository IV contains multichannel
recordings (speech pressure signals, EGG, HSV) from the natural production
of speech (see Figure 6.2). A demonstration of a typical use of the OPENGLOT
environment in GIF evaluation is also provided. While the repositories are
designed for the specific use of evaluating GIF algorithms, the datasets provide
a versatile representation of vowel production for other research purposes as
well.

6.3 Publication III: "Analysis of phonation onsets in vowel
production using information from glottal area and flow
estimate"

Research into vowel production is often focused on quasi-stationary phonation,
yet each voiced utterance undergoes a dynamic initiation process before steady
phonation can be reached. The onset of voicing has mainly been studied as a part
of a consonant–vowel sequence (e.g. using voice onset time (VOT)), or if vowel
onsets are studied by themselves, the focus is often either on the acoustic features
or on the vocal fold oscillations (captured either with HSV or EGG). Although
some studies utilise multichannel data to analyse both aspects simultaneously,
this publication introduces the use of microphone-based GIF together with the
HSV data of vowel onsets. This approach enables the analysis of synchronised
glottal area and flow, enabling the construction of a more complete picture of
phonation onsets (see Figure 6.3). The results indicate that the glottal area and
flow carry comparable amplitude information about onsets even though their
pulse shapes develop towards different targets during onsets. These results
confirm that the dynamic control and non-linear processes inherent at the onset
of phonation do not cause the amplitudes of glottal flow and area to develop along
different trajectories, and it also indicates that non-invasive GIF techniques
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Figure 6.4. Glottal flow obtained by GIF (solid gray), and flows predicted by a glottal flow model
with three glottal gap geometry variations based on HSV data for two different
samples (Publication IV, Fig. 9).

can yield information about onsets when HSV data is not available. It was
also observed that the speed of the onsets – as characterised by the phonation
onset time (POT) of the glottal area and flow signals – depends on the target
phonation.

6.4 Publication IV: "Parameterization of a computational physical
model for glottal flow using inverse filtering and high-speed
videoendoscopy"

HSV, GIF, and computational physical modelling can be used to obtain comple-
mentary information about speech production. In this publication, the three
methodologies are combined to pursue a better understanding of the relationship
between the glottal area and flow. This relationship was first analysed as it
appears between the glottal area extracted from the HSV and glottal flow esti-
mated using GIF. A low-order computational physics model with three different
glottal geometries was then optimised to match the data (Figure 6.4). This
optimisation produced several findings with implications for physical modelling,
such as the usefulness of load inertance for producing the flow skewing and the
tendency of certain glottal geometry and loss parameter combinations to occur
together.

6.5 Publication V: "Modal locking between vocal fold oscillations
and vocal tract acoustics"

The existence of interaction between vocal folds and VT acoustics during vowel
production is widely accepted, but its exact mechanisms and effects are still
not fully understood. This is mainly due to the fact that direct observation of
the interaction in natural speech, particularly at a level enabling studying both
mechanisms and effects, is difficult even if experiments are designed to maximise
the effect. In this publication, a computational physics model operating in the
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Figure 6.5. Simulated upward fo glides. Left: spectrograms of the sound pressure at the lips
for [i] without (top) and with (bottom) feedback (Publication V, Fig. 8). Horizontal
line indicates fR1. Right: duration of fo perturbation for [i] varies with feedback
strength (no feedback - dashed gray, weak feedback - dotted gray, medium feedback -
solid gray, medium strong feedback - dotted black, strong feedback - dashed black)
(Publication V, Fig. 11).

time domain is proposed, and it is used to simulate rising and falling fo glides
with two MRI-based VT geometries. With the used [i] geometry, fo passes over
the lowest resonance of the VT, fR1, in the glides, whereas with [A], fo remains
below fR1. The model contains a feedback mechanism from the VT acoustics
to the vocal fold oscillations, and simulation results show that this interaction
causes a distinct perturbation pattern in which fo locks to approximately fR1 of
[i] for a proportion of the glide (Figure 6.5). Similar patterns are not observed for
[A] as fo does not cross fR1 nor for [i] if the interaction mechanism is disabled.

6.6 Publication VI: "Waveform patterns in pitch glides near a vocal
tract resonance"

The computational physics model presented in Publication V is used in this
publication to investigate the time-domain behaviour of glottal gap and flow
waveforms during fo locking in rising fundamental frequency glides with VT
geometry [i]. Simulations show that the locking pattern is accompanied by

Figure 6.6. Glottal pulse parameters during upward fo glide. Left: fo (black) on left axis, and
open quotient OQ (solid gray) and closing quotient ClQ (dashed gray) on right axis.
Right: maximum U in each pulse (black) on left axis and maximum glottal gap ∆W1
in each pulse (gray) on right axis. Adapted from Publication VI, Fig. 5.
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Figure 6.7. The computational physics model with two feedback mechanisms used to simulate
fo glides in Publication VII.

a specific pattern of changes in the glottal pulse shapes (Figure 6.6). The
trajectories of the OQ and ClQ of the glottal flow during the glides indicate
that the beginning of locking is accompanied by the increased breathiness of
phonation while the maximum pressedness occurs during the gradual release of
the locking. The predictions of the model regarding how vocal fold oscillations
are affected when fo is near fR1 can be used to form a hypothesis on the effects
of fo−F1 crossing in natural speech, and this hypothesis has the benefit of being
testable with methods such as HSV.

6.7 Publication VII: "Interaction mechanisms between glottal
source and vocal tract in pitch glides"

The classic source–filter model assumes no feedback from the vocal tract to
the glottis, but several different ways to implement interaction between the
source model and the VT acoustics have been proposed. In this publication, two
interaction mechanisms are adapted to and implemented in the computational
physics model used in Publications V and VI (Figure 6.7), and the model is used
to simulate rising fo glides over fR1 of the used [i] geometry. The two interaction
mechanisms included are the direct impact of the acoustic pressure on the
transversal plane of the vocal folds and an acoustic perturbation component
added to the glottal flow. Glide simulations show that when these mechanisms
are applied separately, they cause similar perturbations in phonation parameters
when fo crosses fR1, but when both mechanisms are enabled simultaneously,
the separately emerging features tend to become more prominent. Some details
of the observed patterns differ between the mechanisms, however, and these
can, at least in theory, be compared with data from the human production of fo

glides.
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7. Conclusions

Vowel production is a widely studied aspect of speech, and the basic elements
of this process are well understood. Yet these elements are often best suited
for describing the quasi-stationary phonation of a vowel with relatively high
F1 at a low fo, for example, a male speaker producing a prolonged [A]. More
complex phenomena, such as dynamic changes in vocal fold oscillations or the
interaction between the glottal source and the VT, remain less well understood.
Another factor contributing to the gaps in current knowledge is that much of the
existing literature relies on data on a single aspect of speech production, such
as the acoustic speech signal or tracking of the vocal fold oscillations, while a
more complete understanding of the whole vowel production process requires
analysing several of these aspects simultaneously.

Both modelling and understanding vowel production, including its more com-
plex features, are hindered by the limited amount of available data containing
both the output of the vowel production process (i.e. the speech pressure signal)
and information about the phonatory or articulatory settings which produced it.
One of the main contributions of this dissertation to the field of speech research
are the collection and publication of two multichannel datasets (presented in
Publications I and II), one containing articulatory data in the form of 3D MRI
scans, and the other containing phonatory data in the form of HSV and EGG
data. Both datasets are the first of their kind focused on Finnish vowels, and the
quality and extent of the datasets compare well with other languages as well.
While the range of utterances in these datasets is mostly limited to prolonged
vowels and the measurement setups necessitate that the speech production
takes place in a somewhat unnatural manner, these data enable the analysis
and modelling of different vowel production phenomena, as well as allowing
the development and evaluation of data analysis tools such as GIF algorithms.
Indeed, the datasets were used for a variety of such tasks within the publications
of this dissertation.

The acquired multichannel datasets were used to analyse two different phe-
nomena. A new perspective was brought to the analysis of vowel onsets by using
HSV and GIF together, enabling the simultaneous study of glottal area and flow,
in Publication III. The results indicate that the amplitude parameters of the two
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signals are closely correlated which indicates that microphone-based GIF could
potentially be used to study onsets when HSV is not available. Fundamental
frequency glides were studied using computational physical modelling and MRI
data in Publications V–VII, and the perturbations produced when fo crossed a
resonance of the VT in simulations followed distinct patterns. The features of
these patterns provide a basis of comparing different modelling decisions with
future prospects including searching for these patterns in natural speech. In
addition to these two dynamic phenomena, multichannel data was also used to
investigate a particular glottal flow model during steady phonation (Publication
IV). The results show that the combination of HSV and GIF can be used to
parameterise a glottal flow model, and that the parameterisation process can
yield information on the ability of a model to reproduce natural speech.

The investigations conducted for this dissertation demonstrate the use of mul-
tichannel data to analyse vowel production phenomena, the results of which can
be used as the basis of modelling and to parameterise computational physics
models. The third main function of multichannel datasets in modelling, valida-
tion, is not explicitly addressed. This is because, in practice, the large number
of hard-to-get physical or physiological parameters in models, even low-order
models, of the entire vowel production process makes it challenging, if not im-
possible, to obtain sufficient data to carry out ideal validation. The validity of a
model is often evaluated on practical merits: How well can it be parameterised
to match data, particularly in comparison with other models? Does increasing
model complexity lead to a better match with data with no obvious signs of
overfitting, and is the improvement sufficiently large to justify the increased
computational effort? Can the model be used to produce hypotheses which can
be tested with suitably devised experiments?

Setting up in vivo experiments for testing model hypotheses closes the cycle
aimed at understanding and modelling a phenomenon. This cycle consists of
data acquisition, data analysis, model construction, model parameterisation,
model refinement, and forming predictions using the model, and it can operate at
different levels, ranging from vowel production as a whole to specific phenomena
such as vowel onsets or fundamental frequency glides. The publications in this
dissertation all constitute small steps in this modelling cycle, but several aspects
remain to be explored in future work.
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