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Abstract

The acoustic response of the vocal tract is fundamental to ourterpretation
of voice production. As an acoustic lter, it shapes the spectralmnelope of
vocal fold vibration towards resonant modes, or formants, whedehaviours
form the most basic building blocks of phonetics.

Physical models of the voice exploit this e ect by modelling the nature
of wave propagation in abstracted cylindrical constructs. Whilst ective,
the accuracy of such approaches is limited due to their limited geomietl
analogue. Developments in numerical acoustics modelling meanwhilevéa
seen the formalisation of higher dimensionality con gurations of theame
technologies, allowing a much closer geometrical representatioranfacoustic
eld. The major focus of this thesis is the application of such a techque to
the vocal tract, and comparison of its performance with lower dinmsionality
approaches.

To aord the development of such models, a body of data is collected
from Magnetic Resonance Imaging for a range of subjects, andopedures
are developed for the decomposition of this imaging into suitable, eient
data structures for simulation. The simulation technique is exhaustely
validated using a combination of bespoke measurement/inversioncteniques
and analytical determination of lower frequency behaviours.

Finally, voice synthesis based on each numerical model is comparathw
acoustic recordings of the subjects involved and with equivalent sittations
from lower dimensionality methods. It is found that application of a higer
dimensionality method typically yields a more accurate frequency-dwin
representation of the voice, although in some cases lower dimensidy
equivalents are seen to perform better at low frequencies.
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Chapter 1

Introduction

1.1 Interest

It would be a considerable invention indeed, that of a
machine able to mimic speech, with its sounds and articulations.
| think it is not impossible.

Leonhard Euler 1761

Given man's dependence on the vocal anatomy for communication,ist
perhaps unsurprising that he has long sought to better understd and repro-
duce its form and function. Despite this, the complexity of the me@mnism
and its acoustic productions are such that much remains unknown.

Acoustic phonetics is a eld of research quite predictably focussemh
the interrelationship between phonetics and consequent acoustiehaviours.
Much of our current understanding is informed by the decompositioof the
voice into smaller lumped elements of more easily calculable acoustic-per
formance. This de nes an articulatory-acoustic transform, wheby broad
changes in the anatomical con guration are seen to exhibit predigble, char-
acteristic changes in the acoustic response. Our most basic urslanding
of this transform is perhaps by the de nition of formants. These i@ low
frequency resonant modes of the vocal tract, seen to change ti erent
articulatory con gurations. The centre frequency of the rst two formants
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governs the listener's interpretation of the sound as a particularowel. The
third and fourth formants are consequently considered to a ecthe vowel
timbre. These relationships can be expanded by the developmentamore
complete acoustical analogue, considering the impact of branchex$onators
to describe the coupling of the nasal tract for example.

Analytical models as basic as these will always constitute an anthrop
morphically poor representation of the complete vocal anatomy. kile such
approaches can be e ective in terms of vowel identi cation, they ra rarely
convincingly natural. Beyond a certain complexity the analytical degrmi-
nation of resonant mode frequencies becomes particularly di cultwhich
complicates the objective assessment of performance.

Physical modelling encompasses an approach to representatioriha vo-
cal tract whereby the acoustic behaviours responsible for therfoation of
resonant modes are directly reproduced. The rst of such modelgere one-
dimensional, constituting the representation of the vocal tract@a chain of
cylinders of changing cross-sectional area. Axial acoustic belwaws are then
reproduced by modelling wave propagation under the assumption pianar
wave propagation. While these models are able to demonstrate acte
reproduce formant behaviours, the approximation representeoly a simple
one-dimensional representation limits the frequency-domain acegy of the
simulation to the rst two formants alone.

Consequent approaches have extended the modelling techniquénigher
dimensionalities, allowing a more complete reproduction of the acoicsteld.
These techniques are based on the development of vocal tracabogues which
are signi cantly simpli ed in terms of their anatomical accuracy to abieve a
comprehensible output within the bounds of reasonable computatial load-
ing. This thesis considers an extension to these techniques, wihgre full
three-dimensional simulation of the acoustic eld in the vocal tracts per-
formed. This will provide as accurate a geometrical match as podsilto
each con guration of the vocal tract.

The long-term goal of this research is the development of a more-ac
curate representation of the acoustic correlates of vocal ttaarticulation
(through a dynamic physical model). The subject is hence the sulidity of
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three-dimensional simulation to the vocal tract in its function as aesonator.
Other physical models have aimed to represent the salient traits tfe vo-
cal tract such as changing vocal tract cross-sectional areaghilst omitting
detailed geometrical features, and/or assuming symmetry abothe midsag-
gital axis to reduce model complexity. The study will address wheén full
three-dimensional simulation results in adequate improvement to ¢haccu-
racy of the resulting synthesised voice to justify its additional coputational
load.

1.2 Hypothesis

Statement of Hypothesis

Time-domain acoustical simulation of the vocal tract using a
three-dimensional digital waveguide mesh can result in more ac-
curate voice reproduction than lower dimensionality equivalents.

Decomposition of Hypothesis
Time-Domain Acoustical Simulation

Time-domain variable scattering techniques are well suited to physicmod-
elling of the vocal tract since they have been shown to be capableredl-time
synthesis. Additionally, there is potential for changes to the shagof the tract
to be made in real-time, with consequent acoustic changes.

The Vocal Tract

Developing an accurate model of the vocal tract demands an acate ge-
ometrical representation. Recent voice research has made &sige use of
Magnetic Resonance Imaging (MRI) to collect three-dimensional tare-
garding the vocal anatomy. Ever improving MRI technologies havedd to
reduced capture times and increased resolution in imaging. In thisusly,
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a body of data will be gathered using the latest MRI technologies, @vid-
ing accurate three-dimensional imaging of the vocal anatomy undearying
articulatory con gurations. This corpus will be used to develop aagate
numerical acoustical models of the vocal tract.

Three-Dimensional Digital Waveguide Mesh

While not the only means of performing time-domain scattering-badenu-
merical acoustics simulation, the digital waveguide mesh is particulgrat-
tractive to voice synthesis due to its potential for dynamic manipul&on
via impedance mapping. Previous studies have used the digital wauetp
and two-dimensional digital waveguide mesh to model the acoustio$ the
vocal tract. The current hypothesis will be tested using a staticuniform
three-dimensional digital waveguide mesh using standard waverieble for-
mulations alone.

Voice Reproduction

The particular advantage of time-domain modelling lies in the opportuties
it presents for real-time voice synthesis, using a dynamic repression of
the vocal tract. The rst stage in exploring this capability is in detemining
the ability of such a technique to reliably reproduce the acoustic rngense
of a stationary vocal tract. Simulation here focusses on reprochion of the
vocal tract transfer function, incorporating the e ect of lip radiation but

using basic re ective methodologies. A nasal tract model is not inquorated
and the simulation operates under the assumption of linear separkty of

the vocal source and tract.

The consequent simulation is assessed in terms of its frequencyadin
characterisation of human phonation. Where simulation demonsti@s traits
closely matched to that of a human speaker, the technique is det@ned to
constitute a good representation of the natural voice productiosystem.



Chapter 1. Introduction

1.3 Motivation

The natural trend of physical modelling is towards a more completespre-
sentation of a given system. In the vocal tract this includes progssion
towards a higher dimensionality representation and reducing the ppxima-
tion inherent to a geometrical analogue. A fundamental compron@swhich
demands consideration is that between the complexity of the modahd the
resulting computational load. This study seeks to address wheththere is
value in further increasing the dimensionality of a vocal tract analag. If
this is the case, attention can be turned to techniques for reduon of the
computational load and bringing the model towards feasibility for ral-time
speech synthesis. If three-dimensional representation has littteprovement
to o er above comparable one and two-dimensional models, attéoh can
instead be turned towards improving lower-complexity analogues.

1.4 Thesis Outline

The thesis is organised as follows:
Chapter 2 - Acoustics

Chapter 2 begins with formal de nitions of applicable concepts in acs-
tics. The nature of wave behaviour is described, followed by a devetoent of
the acoustics of simple cylinders and the introduction of the wave egtion.

Chapter 3 - Time-Domain Acoustics Simulation

Chapter 3 explores techniques for the time-domain numerical simtilan
of acoustic wave propagation. The digital waveguide mesh is introded, in
addition to further techniques for the manipulation of sampling grids Meth-
ods employed for boundary modelling and injection are explored. Tiohap-
ter concludes with a treatment of the numerical dispersion erromeountered
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in numerical simulation and an assessment of computational cost ihdse
simulation schemes.

Chapter 4 - Human Voice

In Chapter 4, the human voice is introduced and explored in terms @&
anatomy. In addition, a simple treatment of the processes inhereto voice
production is presented. The chapter continues to consider themtribution
of the source and nasal cavity to the vocal process. An initial elgration of
means for practical voice measurement is then performed.

Chapter 5 - Voice Modelling

Once the voice has been introduced in Chapter 4, this chapter camies to
explore existing approaches to its numerical modelling and more speally
reproduction of the vocal tract transfer function. Particular dtention is
paid to the development of digital-waveguide based methodologiescliding
the Kelly-Lochbaum model and the digital waveguide mesh. The rate
application of impedance mapping to the two-dimensional digital wageide
mesh is considered before a brief exploration of alternative numexienodels
of voice production.

Chapter 6 - 3D DWM Simulation of the Vocal Tract

This chapter describes the techniques used for the developmehtdhree-
dimensional digital waveguide mesh model of the vocal tract. It lgens by
describing the processes used for magnetic resonance imagingurapthen
continues to describe how the collected data is processed and maiaped
to generate a sampling grid. The computational implementation of # nu-
merical technique is then explored, before the techniques useddenerate
lower-dimensionality derivative simulations are introduced.
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Chapter 7 - Benchmarking and Validation

Chapter 7 encompasses the testing and validation of the techniguiaitro-
duced and developed in Chapter 6. Simulations are performed onugttures
of increasing geometrical complexity and compared with mathemask ap-
proximation and benchmark acoustic measurements. The chapteegins
with a treatment of a simple cuboid before presenting a technique \dgoped
for broadband acoustic measurement of mechanical vocal traahalogues.
Validation and measurement is then performed for cylinders, cortemated
cylinders and complex vocal tract models in turn. The chapter cohales with
a presentation of the approach taken to benchmark the frequeyrdomain
consistency of phonations produced during MR scanning by supinecaistic
measurement.

Chapter 8 - Results of Simulation

In Chapter 8 the results of simulation are presented, beginning witihose
for the three-dimensional case on a subject-by-subject basiBhe results of
derivative simulation are then explored, including one- and two-dimeonal
and impedance-mapped two-dimensional simulation. The chapterredudes
with an appraisal of the in uence of the source waveform on periged natu-
ralness, followed by a description of the collected body of data.

Chapter 9 - Summary and Conclusions
In Chapter 9 the results of this study are summarised, followed bycon-

sideration of the initial hypothesis. Potential areas for further @search are
then explored.

1.5 Contributions

The novel contributions of this thesis are as follows:
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Development of a three-dimensional digital waveguide mesh-basaat
merical model of the vocal tract based on MRI data.

Validation of the application of the three-dimensional digital wavegide
mesh against mechanical vocal tract analogues.

A novel technique for broadband measurement of the acousticsponse
of mechanical vocal tract analogues.

A corpus of MRI images speci cally targeting phoneme reproduction
in a range of trained subjects, including benchmark audio recordisg

A comparison of three-dimensional, two-dimensional, impedance npsgul
and one-dimensional digital waveguide-based models of the voaaict.



Chapter 2

Acoustics

2.1 Introduction

Voice communication is amongst our most fundamental faculties asihans,
forming a link between the vocal anatomy and our highly specialised dre
ing apparatus. This connection is made through the domain of acdics,
the study of which encompasses the physics of audible vibration amdve
propagation phenomena. The voice represents an acoustic instrent of re-
markable sophistication. It o ers an intuitive means of layered infamation
encapsulation and broadcast based on manipulation of an air ow, atom-
ical articulation and consequent modi cation of acoustic behaviost An
appropriate understanding of acoustics is hence a pre-requisite &ny study
of the vocal tract.

In this chapter the fundamentals of acoustics are introduced, pacularly
re ecting on applications of relevance to structures closely mateld to the
vocal tract. Section 2.1.1 begins by considering the physical print@s un-
derpinning acoustics, including gaseous wave propagation. Sect@@ then
introduces the concept of acoustic impedance, explaining its relexs and
application. In section 2.4 acoustical concepts with respect to sitepcylin-
drical structures are explored. These are important due to thepproximate
physical analogue which they draw with the human voice productiorystem.
The meaning and application of the wave equation is introduced in semb
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2.5, before the transition between ow and acoustics is considera@dsection
2.6.

2.1.1 Gas Behaviours

Particle motion in a gas can be simplied to a model whereby each parti-
cle exhibits an e ectively random behaviour. It will travel in an arbitrary
direction, at a speed relative to its kinetic energy until collision with an
other particle causes a mutual change in velocity and potentially dicdon
(according to the conservation of momentum).

The gas will have a density, . This describes the number of particles
within a given volume, V. If the volume were to consequently change, the
density would hence change in sympathy. The random motion exhibdan
a simplied gas model suggests that the gas will always move towards
lowest possible energy state, as a localised increase in particle vejouitll
induce distribution of this energy through expansive collision. This ozept
is termed entropy [14, 5], and provides the second law of thermodmics in
that all systems will act to minimise their potential energy.

The ambient pressure of a given gaseous voluni®, describes the average
momentum of its particles in an e ective entropic equalisation. In a stem
with a human listener, this describes the inaudible "DC' condition.

Small uctuations in air pressure, p carry with them a localised change
in density, as particles are either driven together (compression) separated
(rarefaction). If each is considered on an individual basis this detysis
translated to a change in the e ective volume of the particles. Forxample,
if there are 5 particles of an entropically distributed gas in a geométally
de ned volume, the e ective volume of each particle will be 25 of the total
volume. If the number of particles in the same geometric volume is daed,
each will represent only £10 of the total volume. The relationship between
pressure and volume is described by the Bulk Modulus of a gdas, [15],
de ned as in (2.1) whereV is the gaseous volume.

@P

K= Vav (2.1)

10
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Increasing the temperature of a gas is equivalent to increasing teaergy
and hence particle velocity. This can change both its volume and peese.
The three are related through the ldeal Gas Law [5, 16], as in (2.2)here
T is the temperature of the gas (in degrees Kelvin\ is the number of gas
particles andkg is the Boltzmann constant [14].

PV = NkgT (2.2)

The same relationship is provided in (2.3) for temperature given in dezes
Celsius.

PV = Nkg (T, + 273:15) (2.3)

Gaseous media are fundamentally di erent to solids in that gas parties
present no direct resistance to separation. In a solid this would bertmned
elasticity, de ning a restoring force that acts to hold a medium togeer.
Since air does not present such a resistance it will not support treverse wave
motion, in which the forces driving the wave act in a direction perpencular
to the motion of the wave itself.

In air it is only localised changes in pressure which can support wave
motion. These constitute compressions and subsequent raref@ags in air
pressure, travelling outwards as a response to particle collisionsdaparti-
cle sparsity respectively. Localised distribution changes lead to gliants in
pressure and a corresponding movement of particles. This is a longiinal,
or compressional wave, and is analogous to a spring. Whether coegsed or
expanded (and assuming its elastic limit is not exceeded), a free sgriwill
always return to its lowest possible energy state and the same is ¢rof air.
Where a spring's motion is governed by its elasticity through Hooke'sva
the motion of air is directly determined by the properties of the gas.

It is these properties which also govern the speed with which a wavanc
propagate in air. The Newton-Laplace equation [5] describes thdagonship
between wave propagation speed in a gas, its Bulk Modulus, and digns ,
as per 2.4 where is the wave propagation speed.

11
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=K (2.4)

Since air cannot support transverse wave movement, shear ®nesults
in a net movement of particles and a consequent ow condition. Thisaa be
considered the acoustical DC condition.

2.2 Acoustic Impedance

Acoustic impedance is a conceptual unit describing the relationshigetween
the potential and kinetic elements of the total energy in an acoust wave.
As with all simple harmonic motion moved from rest, the system oscillas
between conditions of maximum potential or kinetic energies, acaing to
restoring forces. The phase relationship between the two elemeietermines
the manner in which the wave reacts to further interfering forces

In acoustics there are two commonly used de nitions of acoustic iregdance,
speci ¢ and characteristic. Both are equally valid, but the two canat be
simultaneously resolved. The de nitions of the potential and kineticompo-
nents di er in each, as do several key assumptions about the naéuof the
acoustic wave. In whatever domain it is de ned, acoustic impedanas the
ratio of sound pressuref), to the velocity of movement induced through the
particular area over which that pressure actsy):

Z = (2.5)

P
U
Specic

Speci ¢ acoustic impedancez, is a very low level characteristic of the medium
in which the acoustic wave travels. Completely independent of the mieim's

shape, volume or termination behaviours, it describes the ratio ofi¢ acous-
tic pressure (per unit area) to the resulting ow through that sane area.
Discounting changes in density and humidity (through wave speedh¢ spe-
ci ¢ acoustic impedance would remain constant in a given medium. It ca

12
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hence be described as the product of this medium volume density awedve
speed [5], as in (2.6).

z= ¢ (2.6)

Speci ¢ acoustic impedance is vital to modelling wave propagation in
compressible systems, since under compression a change in volueTesity
would result. This in turn would a ect the phase relationship of the sgtem
components (pressure, velocity) and hence alter the nature dig wave be-
haviour itself. In this study the medium is assumed to be homogeneand
incompressible, hence speci ¢ acoustic impedance is uniform. Undeese
assumptions the speci ¢ acoustic impedance actually representsetcharac-
teristic acoustic impedance of the medium.

Characteristic

While speci ¢ acoustic impedance is normalised to a unit volume, chatac-
istic acoustic impedance 4) is de ned as a function of cross-sectional area
S [5], as in (2.7).
c
Z.= S (2.7)

It is used to characterise a given component in a one-dimensionahse,
assuming the cross-sectional area to account for the furthewa dimensions
in a three-dimensional space. Since it is a one-dimensional approxiioa it
is only ever valid under the assumption of planar wavefront propagan.

The use of characteristic acoustic impedance can greatly simplify tha-
matical approximation of the acoustic behaviour of a given structe. This
in turn allows the response of the system to some driving function tbe
estimated, within the accuracy constraints of the assumption ofignar wave
propagation.

While speci ¢ acoustic impedance can be considered uniform undereth
assumption of incompressibility, characteristic acoustic impedanazan be
seen to change with the geometry of the medium. Such changes ldgad

13
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transitions in the phase relationship of pressure and volume velocind will
contribute to the overall acoustic response of the system.

2.3 Wave Behaviour

Acoustic pressure and velocity exist in a potential/kinetic exchangeelation-

ship similar to the voltage/current exchange in electrical circuits. &r a

steady-state condition the phase relationship between the two t@mes fun-
damental to acoustic power delivery and resonant behaviour. Far plane-
wave travelling in an in nite medium the pressure will maintain a5 radians

phase lead over the volume velocity. This condition is known as quaduee,

representing a quarter-cycle shift. The nature of re ection antransmission
will a ect this phase relationship, hence characteristic acoustic ingglance is
often complex valued as de ned in (2.8) where is the resistive (pure real)
component of impedance and is the reactive (imaginary) component.

Ze= 1+ X (2.8)

The reactive component can introduce a phase lead or lag, deperglion
the capacitive/inductive elements of its behaviour.

Most common approaches to acoustic modelling are based on reprod
ing key principles of wave behaviour. These could include geometricabd-
elling of wave behaviours, simple mathematical approximation of chges in
characteristic acoustic impedance or complex models incorporatidgtailed
descriptions of the system physics. Multi-dimensional time-domain adlels
can implicitly reproduce diraction e ects (see section 2.3) and in céain
models more complicated boundary behaviours such as a frequeiepen-
dence and di usion (see sections 3.6 and 2.3 respectively). Yet marem-
plex frequency-domain approaches such as nite-volume modellingmato
reproduce the acoustic circumstances as closely as possible, inagdaking
aerodynamics into account (see section 5.9).

14
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Re ection and Transmission

The response of a wave when it meets a change in the impedance okaiom
is fundamental to its overall behaviour. As in much of acoustics, mg of
these characteristics can be simpli ed under certain conditions. Retion
and transmission are functions of changes in acoustic impedancehélever
such a change is encountered, a characteristic re ection and tremission of
components occurs which is in turn a function of the relationship beten
the acoustic pressure and volume velocity.

The most simple conceivable model is perhaps that of a planar wave
normally incident on a completely re ective wall. Assume for simplicity tlat
the acoustic impedance of this wall is entirely real, in nite and consta
for all frequencies. When a patrticle arrives at the boundary its vetity is
constrained to zero since it cannot move through the boundaryr smove the
boundary itself. Without another force acting on the system theanservation
of momentum must be observed.

Jmu jix-w = Jmu i w (2.9)

Ujy-w =0 (2.10)

The condition for conservation of momentum at the boundary is desbed
by (2.9), wherex is axial position, and the wall is atx = W. The volume
velocity for a particular particle unit incident at the wall is represened by
u , and the superscripts® and denote conditions immediately before and
after collision. To simplify (2.9) assume that the total velocity befae and
after collision must be constant. Since particle velocity at the pointfocol-
lision must equal zero (as expressed by (2.10)), the velocity muse lequal
but reversed to satisfy the conservation of momentum. This chge in polar-
ity constitutes a complete re ection. Reversal of momentum also iplies a
reversal of force, through (2.11).

dv
F = = m— 2.11
ma=m at ( )

15
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This leads to an instantaneous doubling of pressure at the point farhich
velocity passes throughu = 0 (or when the nominal particle is actually
incident at the wall). No phase shift occurs after relaxation of this ygssure
doubling, hence such a re ection is phase preserving.

Next, consider transmission from one medium to another, acrosa a-
nite interface as in Fig. 2.1. The rst medium has a nite, real and fre-
quency independent impedanc&,, and the second a similarly nite, real
and frequency independent impedancg,, whereZ, > Z ;. When a normally
incident wave arrives at the interface, it is intuitive that some propdion
of the wave will be transferred into the second medium, while anothsvill
be re ected back into the rst medium. Re ection in these conditiors is
governed by two principles [5].

Pressure is equal on both sides of the interface (so as not to exar
force)

Total velocity is equal on both sides of the interface

The rst principle can be described by (2.12), wherg is the incident
pressure, subscripts, and z, denote the occupied medium and superscripts
* and describe wave directionality, as per Fig. 2.1.

Pz, + Pz, = P, (2.12)
The second point can be similarly stated, as in (2.13) where the notan

Is the same as for (2.12), buti represents velocity.
uy + U, = uy, (2.13)

De ne two coe cients, one for the fraction of transmission and tle other
for re ection, as per (2.14) and (2.15).

Pz,

R= -2 (2.14)
P,

7="Fz (2.15)
p,

16
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Figure 2.1: Sound Transmission and Re ection at an Acoustic Impedae
Interface, after [5]

By dividing through by p}l, (2.12) can be rewritten as (2.16).

1+R=T (2.16)
Considering the velocity-impedance relationship of (2.5), it is then [ggi-
ble to rewrite (2.13) as (2.17).

P, Po_ Pz (2.17)

Z, Z, 2,
The rearrangement of (2.17) then results in (2.18).

Pz, Pz _ 4 (2.18)

0, B, Z»
Rearrangement and substitution of (2.14) and (2.15) into (2.18) salts
in (2.19).

1 R=Z22 (2.19)

Equation (2.19) can then be rearranged to provide an expressianr the re-
ection or transmission coe cients, based on the values of ; and Z,. These
are given in (2.20) and (2.21) respectively.

Z, 2,

2.20
7,7 7, (2.20)
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27,
7.+ 7
These de nitions of the re ection and transmission coe cients allowcal-

(2.21)

culation of the fraction of an incident pressure wave that is re eed from,
or transmitted across an interface in acoustic impedance (as p&.22) and
(2.23)). The previous example addressed the case of a boundaiyhwn -

nite acoustic impedance, hence no sound power was transmittedh d real
world situation all boundary media are likely to feature a nite amountof
transmission, dependent on the system architecture.

pzl = RpE;L (222)

Py, = Tpy, (2.23)

When Z, < Z, in Fig. 2.1, (2.20) determines the re ection coe cient
will be negative while (2.21) suggests that the transmission coe cigrwill
be positive. The reason for this is perhaps best investigated by ciering
the limiting case of an in nitely soft boundary, of zero frequency-idependent
acoustic impedance. This system behaves like an inverse of the inelif hard
boundary. At the interface, the pressure is forced to zero, asfarce cannot
result from a system with e ectively zero area. A boundary displayig these
characteristics is known as a pressure releasing boundary for treason. Just
as pressure doubles when velocity is forced to zero, in this case Wedcity
doubles, drawing particles towards the interface. Since the polariof velocity
is constant, the re ected component of pressure is inverted, gbaining the
negative re ective coe cient. In this limiting case the transmission e cient
(and hence transmitted pressure component) goes to zero, lever in a real
case (for non-zer&,) the coe cient will be nite and positive.

The values ofR and T for an interface can go some way towards describ-
ing its acoustic behaviour. Fundamentally, a positive re ection coecient
describes wave incidence at an interface to a larger acoustic impeda The
re ected and transmitted pressure components will be a weightefbrm of

18
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the incident wave. Conversely, a negative re ection coe cient desibes in-
cidence of a wave at an interface to a smaller acoustic impedance. this
case the re ected wave component will be an inverted, weightedrifo of the
incident wave. The transmitted component meanwhile will not be invéed,
rather a weighted form of the incident wave.

The assumption of normal wave incidence held for previous derivati® is
clearly a luxury that cannot often be ful lled in real systems. Wave rotion
is very rarely planar, and can only be considered so under certainndd
tions relating wavelengths to containing geometries. Where speciacoustic
impedance changes during sound transmission, there is the additdnoncern
of refraction, a change of wave direction with speed. Under thesasnption
of incompressibility in acoustics, it is possible to assume homogeneifytioe
medium. Where characteristic acoustic impedance is used to deseritiscon-
tinuities due to the geometry there are no implications for the wavepged,
only the pressure to volume velocity relationship.

The implications of oblique incidence are particularly dependent on the
assumptions made in boundary modelling. These are discussed in ttuatext
in section 3.6.

Di raction

The nature of entropic relaxation in a gaseous medium causes localise
changes in ambient pressure to propagate in a three-dimensionaamner.
Even in cases where the planar wavefront assumption is close to hotg
a simple contribution from the surrounding geometry can provide aitaa-
tion where the assumption no longer holds. The reason for this is ted
in Huygen's wavefront principle. This describes each point in a propating
wavefront as an individual, spherical point source. In an assumedapar
wave, these spherical sources will overlap and add to produce Wwisaappar-
ent as a continual planar front contained between geometrical linsit When
incident upon an aperture, the waveform will spread in a manner depdent
upon the width of the opening and the wavelength. This spreading ietmed
di raction, and is fundamental to acoustic radiation whereby a wag propa-
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gates into a larger space in a spatial distribution dependent on thearture
geometry.

Di raction is often characteristic of how sound waves will interact ad
interfere when exposed to changes in the containing geometry.s linathe-
matical derivation is non-trivial, demonstrations for various circurstances
are given in [5, 14]. Both observe that within these di raction pattens max-
ima and minima in pressure variation can be observed at angles depent
on the interference patterns generated by the aperture-wdeagth relation-
ship. The crucial factor for a single aperture is the path length di eence
from one side of the opening to the other, an element central to @&his
known as single-slit di raction. It is observed that for di erent wavelengths,
at di erent angles this path di erence will vary. For some frequenes the
path di erence at a given angle might correspond to a phase shift of caus-
ing destructive interference, cancellation and hence a minima in thadiated
wavefront. For other angles and/or frequencies the path di emce might
correspond to a 2 phase shift, constructive interference and a consequent
maxima in the wavefront. For more complex geometries such as tleotea-
turing multiple apertures the calculation of maxima and minima positions
becomes particularly complex.

Di raction e ects begin to become apparent where aperture width are
in the same order as incidental wavelengths, since this is when thetipa
di erences and corresponding phase shifts begin to interact. Wihegeomet-
rical features are small compared to a given wavelength, their imgection is
minimised. When geometrical features approach the same orderagjiven
wavelength, the waves will begin to interact with the feature, gemating a
particular di raction pattern.

Di usion

In real-world acoustics surfaces are rarely completely at. Any ed surface
will therefore present an e ectively rough surface, even if this tmghness oc-
curs only on a very small scale. On a larger scale, it's much easier te eat
wave components should be scattered at di erent angles. This s$aing
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is known as di usion [17]. The very nature and shape of a re ecting su
face, coupled with the incident wavelength determines the degreked usive
behaviour.

2.4 The Acoustics of Cylinders

As shown in section 2.2, the characteristic acoustic impedance of ydirder
is given by (2.24), whereS is its cross-sectional area.
c
Z.= S (2.24)

This implies interfaces between successive cylindrical sections oaruy-
ing cross-sectional area can be neatly characterised by a singlecroacopic
acoustic impedance, without having to consider the microscopic afiges in
speci ¢ acoustic impedance on a particle-by-particle basis.

Where the cylinder diameterd is acoustically small i << ) it is also
fairly safe to make the assumption of planar wave propagation.

Where a propagating sound wave is incident at a discontinuity in chaca
teristic acoustic impedance (whether a change in cylinder diameter simply
a closed/open end), corresponding wave re ection and transmigs will oc-
cur. To augment the re ective/transmittive theory developed in ®ction 2.3,
consider the steady state acoustic response of a cylinder with arlesed end
and one open end.

Beginning with a periodic pressure signal of the formée' describe the
components of the scaled signa'® by Euler's relation, as in (2.25) and
(2.26).

e = coq!t)+ jsin (It) (2.25)
e =coqlt) jsin(lt) (2.26)
coglt ) = % (2.27)
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_ d't e it
sin(!t) = T (2.28)
In this case (2.27) and (2.28) give the zero-phase and quadratuw@mpo-
nents respectively. In this case the zero-phase component is firepagating
sound pressure and the quadrature component its velocity. By -ddoivre's
theorem de ne the real and imaginary components of the pressusignal
in (2.29) seperately, as (2.30) and (2.31). In this casedescribes the real

component andb the imaginary.

pe' (2.29)
a= pcog!t) (2.30)
b= psin(!t) (2.31)

Consider now the re ection and transmission coe cients for this stady
state system to be phasors, whereby each has a real and imagynamponent
and hence magnitude and phase responses. A typical re ectionectent is
given in polar form in (2.32) and as a typical transmission coe cient in 2.33).
In this caseR and T represent the magnitude of re ection/transmission and

represents the phase response for both.

Re'! (2.32)

Te! (2.33)

Incidence with the boundary will correspond to multiplication by the
re ection / transmission phasor for the re ected and transmitted components
accordingly. This will impart a magnitude multiplication and phase shift.
The boundaries explored in section 2.3 are pure real. This means thewill
be no imaginary component and hence zero phase shift (or similarly bgse
shift of 2 ). While the pressure releasing boundary represents a pure real
boundary (at least in the simplied limiting case) it can be argued that
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this apparently negative pure-real re ection is caused by a positévre ection
coe cient with a complete phase inversion (or phase shift of ). Phase
shifting by does not a ect the zero-phase/quadrature relationship, hence
no additional imaginary component is introduced to the phasor.

The acoustic power transfer of a cylinder, or a concatenated seuce of
cylinders is governed by the phase relationship between sound pua® and
velocity. This is largely established by the wave propagation behaviowith
respect to re ective functions [5]. In a plane wave propagating in imite
space, the velocity will always remain in quadrature with the sound pssure,
as previously determined.

To further investigate the nature of this power transfer considethe cylin-
der of Fig. 2.2 (terminated at one end with an in nite impedance and ze-
impedance at the other) for which the assumption of planar wave gpagation
holds. In a one-dimensional steady-state treatment, visualiseghiwo compo-
nents of (2.34) as the left- and right-going componenfs andp* respectively,
wherex denotes axial position.

p(x;t) = p" (x;t) + p (xt) (2.34)

For maximum power transfer at any termination, the re ected como-
nent should be in phase with the incident component to cause consttive
interference.

P (X;1)

p (x:t)

Figure 2.2: Uniform Cylinder Showing Left- and Right-Going Pressure
Components
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This requirement is expressed for the left-hand phase-presenyimigid
termination in (2.35), (2.36) and (2.37).

glr =gl x (2.35)
co(! + )x)+ jsin((! + )x)=coq(! + )x) jsin((! + )x) (2.36)
2isin (! + )x)=0 (2.37)

Note that the condition of (2.37) occurs at phase o sets descrideby
(2.38).

L=n :n2N° (2.38)

For the right-hand (in nitely-soft) termination the same phase cadition
applies. The boundary itself is phase inverting, as demonstrated hlje
condition of (2.39).

ei(! + )X = e j(+ )x (239)
co(! + )X)+jsin((! + )x)= cog(! + )x)+ jsin((! + )x) (2.40)
2coq(! + )x)=0 (2.41)

Observe that the condition of (2.41) is met at phase o sets given ir2(42):

2n+1
2
The frequencies for which maximum power transfer occurs are gewith
a wavelength such as to meet both conditions (those established i2.38)
and (2.42)). This phase di erence can be described by, alone, since the
left-hand face forms the reference point and through (2.38) will\aays be
null for natural values ofn.

For the example of Fig. 2.2 the phase di erence is described as a fian
of a complete cycle by (2.43).

R:

n2 N° (2.42)
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(2n+1)

— . 0
Z—="F—n2N (2.43)

To meet the conditions of maximum power transfer, the tube length

must then relate to the wavelength by this same fraction. Whera = 0,
the relationship is 1, meaning the tube length is a quarter of the rst max-
imum transfer (or resonant) wavelength. For this reason such a cylindrical
arrangement is commonly known as a quarter-wave resonator.

Based on the phase-di erence method derived above, the fregoees of
resonance for a quarter-wave resonator are given by (2.44).

_(2m+1)c .
4L '
In real systems, determining the resonant response is often qaicated by

fr m 2 N° (2.44)

the involvement of a steady-state (or otherwise) input. A typicakxample is
that of a piston moving in a cylinder [14]. In this case the resonant rgense of
the system is determined by simultaneous resolution of the mechaalicnput
impedance and the load impedance presented by the cylinder. In thiase,
the source itself can be modelled as a phasor hence its acoustic ingree
will have a resistive (real) and reactive (imaginary) component. Toepresent
this system, a suitable transfer function will be developed and resance will
be seen to occur for frequencies at which the reactance vanishes

While modelling a pressure releasing boundary with a negative, pureat
re ection coe cient appears an attractive approximation, it intro duces a sig-
ni cant error. The region of air at such an aperture does not behla in
the same manner as a solid boundary. Instead, the region slightly ymad
the boundary is involved in the acoustic exchange [18]. Further, msure-
releasing boundaries can support a complicated three-dimensiobahaviour
whose compatibility with the planar wave assumption is limited. For a one
dimensional approximation of a pressure releasing boundary in a cylar,
this excitation of the region beyond the aperture implies the introdetion of
a reactive element to the characteristic acoustic impedance. Thia$ the
overall e ect of increasing the apparent length of the cylinder, paally as
a function of its cross-sectional area. It is hence widely known asdecor-
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rection. The derivation of an appropriate characteristic acoustianpedance
incorporating this e ect is non-trivial, involving treatment of an aperture's
radiation function. While complicated derivations are available for man
aperture types [19, 20], a typical approach is to use functions whiapproxi-
mate the condition for common circumstances, such as an in nitelyanged,
or un anged pipe.

2.5 The Wave Equation

The wave equation is a fundamental statement in uid dynamics, desbing
the propagation of travelling waves in multi-dimensional acoustic or ethan-
ical systems by means of a second order partial di erential equah in sound
pressure and spatial distribution. Its derivation is included in Appedix A.

Di erent formulations of the wave equation are possible, dependeon
the number of spatial dimensions over which the expression appli@he one-
dimensional version is stated in (2.45), the two-dimensional wavelegion in
(2.46) and the three-dimensional equivalent in (2.47). In this cagerepresents
sound pressuret represents the temporal variable ana,y,z represent spatial
coordinates for each axis.

@p(x;t) _ C2@|0(>< t)

ot o3 (2.45)

@p(x;y;t) _ @p(x;y; 0, @p(x;y;t)
@ = ax @9 (2.46)

@p(x;y;z;t) _ @p(xy:zit) | @p(xiyizit) | @p(xyizit)
o - 2 o3 o9 + o3 (2.47)

The three can be neatly encapsulated by using the Laplacian opevar
to denote the coordinate system, as demonstrated in Appendix Ad shown
in (2.48).

@p _
@& = ¢’r 2 (2.48)
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The wave equation is derived from application of the principles of con-
servation of momentum and conservation of mass to wave motion lfether
transverse or longitudinal) in a medium. It can for example be used te-
scribe wave motion in strings, membranes or as is most applicable in to&se,
a gaseous medium. The wave equation hence forms the basis of many
merical physical models, although it is not without its shortcomingsFirstly,
it governs only linear relationships in wave propagation phenomena.iti&-
tions often arise whereby system structures introduce non-lineaehaviours.
A typical example might be a struck cymbal (or plate) in which one mosl
of vibration serves to excite another. Such non-linear behaviouese also
often met at the intersection of ow conditions and acoustics, askplored in
section 2.6. Numerical modelling of such a system demands a more plate
description of the system physics than that provided by the wavegeation
alone. This more basic representation of system physics is also emtered
in the second limitation of the wave equation, in that real world losseare
not incorporated. Transfers of energy to di erent forms duringnechanical
vibration will always lead to energy losses through damping. This degwes
why a given motion cannot be perpetual in real-world cases. The fou-
lations of the wave equation here are lossless, suggesting that inyatem
dependent on them alone the total energy would be constant. This clearly
inconsistent with the real-world case, although (depending on tharcum-
stances) the assumption of a lossless wave propagation need raistitute
a signi cant source of error. In simple physical models, inserting gpopri-
ate damping behaviours at the boundaries of a system is often suant to
ensure an adequate representation of overall behaviour.

2.6 Aero-Acoustics

While acoustics is typically considered separately to the study of amtynam-
ics, the two are particularly closely linked. Section 2.1 has de ned airow as
the hidden DC condition of acoustics. While linear systems analysis g&sts
the two might remain decoupled, there are numerous circumstarscender
which interactions occur.
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Flow

Flow represents a net movement in particles of a medium. Acoustics is
generally distinct from ow in that it operates by the principle of entropic
equalisation and can exist with, or without a ow condition. While ow and
acoustics could be considered separate domains, ow can in factosigly
a ect (and generate) acoustic waveforms. The interaction be®en ow and
various geometrical features can give rise to rapid uctuations inrpssure,
occurring at a frequency so as to enter the acoustic domain. Suaw-
feature interactions are often harnessed to create acousticustes through
complex mechanisms such as the reed source of an oboe or the ewxtnge of
a ute. The human voice is not dissimilar in that an air ow from the lungs
is used to generate audible vibration at the vocal folds. In this cast¢he
source functions through the Bernoulli principle. A ow between tw surfaces
induces an adductive force, drawing the two surfaces togethentih contact
whence the adductive force is eliminated and the two surfaces segia due
to their tendency to regain an equilibrium position. This process repés
at frequencies within the human hearing range, creating a rich, haonic
spectrum. In some cases the ow itself can serve as a source, thest
common mechanism perhaps presented by turbulence.

Turbulence

Turbulence is an aerodynamic phenomenon. It describes a conditiotere
ow changes from being laminar (streams follow straight, smooth ahpre-
dictable bearings) to chaotic (streams breakdown to form unpreztable,shifting
patterns). This change brings about a largely non-deterministic piern of
vortices, creating localised regions of angular momentum. Turbules can
occur under many conditions, typically when the ow breaks down daito
changes in the aerodynamic conditions or geometrical incidence. &xample
occurs when a ow is forced through a small aperture. The ow rais forced
to increase to a point where upon leaving the aperture the ow degerates,
as the rapid change of speed cannot be supported in laminar ow. Nizes
are shed to support the decrease in wave speed, dispensing gnargl thus
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generating a chaotic region which further impedes laminar ow. As aoo-
cept, turbulence is strongly relevant to acoustics due to the easgth which

it can manifest itself as an acoustic source. From the acoustic domat can

be seen to generate wide-band noise. Extremely common in spedcts, the

foundation of frication, where air ow from the lungs is forced thragh a de-
liberate constriction in the vocal apparatus. The best models of thulence
characterise its behaviour in the aerodynamic domain [21]. In the agsiic

domain, our major concern is that the e ect of turbulence is repruced.
This can be as simple as providing a (potentially shaped) noise source.

Summary

In this chapter the domain of acoustics and the behaviours that dee it
have been introduced. Consideration has been paid to the proassherent
to wave re ection, and how these behaviours might lead to resones& The
mathematical approximation of cylindrical resonators has been irgduced,
particularly with regard to the conditions at resonant mode frequecies, and
complications in their numerical representation. Finally, the wave edtion
has been introduced and in Appendix A its derivation is provided.

Voice production depends on a combination of exible acoustic lterig
and aeroacoustic source mechanisms. Representation of sucbuatic be-
haviours can be straightforward using the wave equation, while similanath-
ematical approximation of aerodynamic processes can be demardisince
vocal fold vibration or turbulent frication, being the main sources bacoustic
excitation, fall outside the scope of this study, e ort will be placedsolely
on acoustic simulation of the vocal tract and comparable structes. This
assumes that the aerodynamic mechanisms can be considered asatlpele-
coupled sources of acoustic excitation.

The dynamic nature of voice production demands a means of simulatio
capable of time-domain manipulation and operation. Having de ned
domain of acoustics here, Chapter 3 continues to consider how it rhigoe
represented using a time-domain numerical model.
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Time Domain Acoustics
Simulation

Introduction

In Chapter 2 the fundamentals of acoustics were introduced. Thhapter
considers how a numerical model of such acoustical behaviour nigk devel-
oped. Sections 3.1, 3.2 and 3.3 demonstrate nite-di erence and veadigital

approaches to the approximation of the wave equation. In sectid®q4 the
means for developing geometrically analogous models by multi-dimemsib
connectivity are explored. Interfacing of the two di erent appr@ches is then
explored in section 3.5, allowing the bene ts of each to be exploited.e&
tion 3.6 provides formulations for numerical approximation to acotis be-
haviour at a boundary, introducing inherent complications with respctive

treatments. The possibility of non-constant sampling grid densityhrough

domain-decomposition is introduced in section 3.7, followed by a coresid-
tion of dynamic numerical models in section 3.8. The need for propeeat-
ment of the input and excitation mechanism itself is explained in 3.9. Fitig,

in sections 3.10 and 3.11 the computational costs and numerical @rinher-
ent to this simulation process are considered.
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3.1 The Wave Equation

The wave equation (introduced in section 2.5) describes the progmn of
sound pressure (or velocity) across variables of time) (and space ( ). By
directly solving the wave equation for a particular set of initial condibns,
it is possible to state the sound pressure for any point in a free eldt any
instant.

For a digital implementation the wave equation must rst be discretied,
entailing decomposition of the continuous equation into an operatioaver
discrete changes in space and time. There are two common approaches to
this discretisation. The method chosen has a fundamental impachahe
nature of the resulting numerical method [22]. Both schemes resuit an
algorithm resolved over a spatio-temporal sampling grid. This facilitas the
generation of geometrically analogous multi-dimensional networks; meshes
to simulate wave propagation in that medium.

In this discretised system, a relationship between the temporal dispatial
sampling rates must be established. This de nes the distance in Casian
space represented by a single spatial step and by association timegt interval
represented by a single temporal step. In acoustics modelling, thisation-
ship is often communicated by the temporal sampling rate, as this t#mines
the sampling rate of the signal the numerical method will produce.

3.2 Finite-Di erence Modelling

Finite-di erence discretisation uses straightforward mathematial operations
to directly discretise the wave equation. These are typically forwer(3.1) and
backward (3.2) di erence operators applied in turn to approximatedi eren-
tial equations by trapezoidal integration [23].

fx+h f(x)

£9) = lim_ X (3.1)
fqx) = 'ﬁr.”of (x) L(X h) (3.2)
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Alternatively, a central di erence operator can be twice applied talirectly
approximate the second derivative [23], as in (3.3).

f(x+h) 2f(x)+f(x h)
h2
For discretisation of the partial di erential expression of the wae equa-
tion, these di erence operators can be stated in multi-variable foms, as
demonstrated by the central di erence operators of (3.4) forhe 1D case,
(3.5) for the 2D case and (3.6) for the 3D case.

(3.3)

0 — 1
b0 =1m,

fOst+h) 2+ f(xt h)

09yt = [i
fx;t) = lim_ > (3.4)
% y: 1) = lim fOGy;t+h)y 2f(xy;t)+ f(xy;t h) (3.5)
ht 0 h?
FOcy: Z:t) = Iri1r'nof(x;y;z;t+ h) 2f(x;y;z;t)+ f(x;y;z;t  h) (3.6)

h2

Discretisation results in a discrete expression, resolved over a tpa
temporal grid of dimensionality matching the originating wave equatio.
Consider the one-dimensional lossless wave equation for soundspuee in
Cartesian spatial variablex, given in (3.7).

@ _ ,Gp
@? @%
The forward and backward di erence operators expressed in (3.And
(3.2) are de ned for the limiting condition of a zero-width interval. When
this interval is non-zero, the expressions instead represent appaoximation
to the derivative. For a practicable system real intervals are deed, t here
for the case of a function in time and x for a function in Cartesian space.
Approximation of the rst derivative of the partial di erential exp ression in
(3.7) can hence be performed as in (3.8), where subscrjpand superscript
denotes spatial and temporal indices respectively.

(3.7)
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t+1

px p§( — Cng( p§(+l (3 8)
t X '
A successive approximation (3.2) can consequently be applied, pcbrag

an expression for the second derivative, as in (3.9).

Bt ) (B Bl o P (B P

2 2 (3.9)
This expression can be rearranged, resulting in (3.10).
S Sl o o PR Sl o (3.10)

t2 X2
Consider the relationship between sampling intervalst and x. Itis
clear that over a single step in approximation, the distance coverdwy the
wave (of speec) in time t should not exceed the distance represented by
a spatial sampling interval ( x), as expressed in (3.11).

Lo d

c
— 1 (3.12)
This restraint is known as the Courant-Friedrichs-Lewy condition [2] and

is described by a parameter known as the Courant number, dendtbeere by

in (3.12).
_ct (3.12)
X

The meaning of the Courant number is more obvious for multi-dimensial
systems, as will shortly be seen. For now let = 1. This implies that the
time taken for the wave to cross a spatial sampling interval is exdgtthat
of the temporal sampling period. Applying (3.11), observe that thepdate

equation of (3.10) can be signi cantly simpli ed.

Pt 2p+ Pt =Py 20+ g (3.13)
Pt =Py v P Bt (3.14)
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A simple recursive statement is provided by (3.14), giving the next te-
poral sample as a function of its spatial neighbours and previousn@oral
value.

Observe that when 6 1 the update equation becomes more complicated.

=l P D2 Ap) Pt (3.15)

Discrete approximations to the two- and three-dimensional losskesvave
equations can be derived similarly. The continuous forms are proviien
(3.16) and (3.17) for Cartesian spatial variablex,y,z. The respective ap-
proximations are then provided in (3.18) and (3.19).

Gp_, @p, @p
@—cz @%+@§/ (3.16)
@_. Gp, CGp, Cp (3.17)

@* @x @y 0%

pf(-j-yl = 2(p§(+1 Yy + p§( 1y + p;;y+l + p;;y 1) + 2(1 2 2)p;;y pf(;yl (318)

t+1 _ 27,4t t t t t t
px;y;z - (px+l iz + px 1y;z + px;y+l;z + px;y 1,z + px;y;z+1 + px;y;z 1)

The rst and perhaps most fundamental consideration in generatg a
network should be the sampling rate of the system. This determindke
density of the mesh, by describing the geometrical distance dabed by
each sampling step.

Recalling the de nition of the Courant number as in (3.12), note that
the wave propagation speed relative to the grid is di erent in one-wo- and
three-dimensional systems. The Courant-Friedrichs-Lewy stdity condition
[24] provides upper limits for , to maintain system stability and physically
conceivable wave speeds. These limits are:
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1 for one-dimensional systems
pl—i for two-dimensional systems

pl—é for three-dimensional systems

In one temporal time-step, these Courant numbers corresponal a point-
to-point traversal of a 1D grid, a diagonal traversal of a 2D sque grid and
a corner-to-opposite-corner traversal of a 3D grid. These rélanships are
shown in Fig. 3.1.

1D 2D 3D

Figure 3.1: Ideal Wave Propagation Distances in a Single Time Step for
Linear, Square and Rectilinear Grids

As with the one-dimensional case, choosingat the limit of the stability
criteria causes the update equations of (3.18) and (3.19) to simplify

By setting to the inverse root of the dimensionality of the system, sub-
stitute (3.20) into the expression relating temporal and spatial peds (3.11),
to give equation (3.21), whereN is the dimensionality of the system.

1
= p— 3.20
PW ( )

1 t
P (3.21)

Through inversion of the temporal sampling interval t to give the system
sample rate and rearranging, nd:

p_
= &N (3.22)

x ‘
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where f is the system sampling rate and x gives the distance rep-
resented by each spatial sampling interval. In addition to simplifying he
update equations, to minimise numerical dispersion (see section 3.16e
Courant number is often chosen at the limit itself [25].

In these nite-di erence schemes, the values passed from unit tmit are
measures of the system variables, in this case acoustic pressur@edocity.
Since their behaviour is governed by Kirchho laws (as in circuit analys)
they are known as Kirchho variables, or K-variables [24, 26].

3.3 The Digital Waveguide Mesh

Section 2.4 introduced the concept of representing wave motion ircglinder
as a summation of two oppositely-travelling wave components. Thised is
central to the d'Alembert solution of the wave equation. Mathematian Jean
le Rond d'Alembert observed that any arbitrary twice-di erentiable wave-
form, when simultaneously propagated in opposite directions (relaé to the
spatial variable) provides a satisfactory solution of the one-dimsional loss-
less wave equation [6]. The solution hence bears his hame and the néghe
has become synonymous with wave digital representation of circ@tements.
The d'Alembert solution can be elegantly demonstrated by factorisan of
the wave-equation [27].
First, rearrange the one-dimensional wave equation of (3.7) to @i\(3.23).
Gp 10p
@%x o
While factorisation of such a partial di erential expression is not gictly
possible, separating the variables as in (3.24), whepgx;t) is a pressure

=0 (3.23)

signal, helps to illuminate the underlying principles of the solution.

@, 10 0o 10

@x c@t @x c@t

Let this pressure signalp(x;t) be composed of two arbitrary separately
travelling signals,fr and f_ according to (3.25).

p(x;t) =0 (3.24)
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p(x;t) = f (x+ ct)+ fr(Xx ct) (3.25)

Substitution of this expression into (3.24) results in (3.26).

@,1@ @ 1@

o c@t @x cat [fL(x+ct)+ fr(x ct)]=0 (3.26)

Multiplying out the elements of (3.26) consequently results in (3.27).

@p 1@p @f.(x+ct) 1@fL(x+ct)+@fR(x ct) 1 @fr(x+ ct)
@ c@ @ ¢ @t @x c

%21

Observe now the e ect of setting bothfg and f_ to the halved input
signal de ned in (3.28). Substituting this expression of the signalstn (3.27)
produces (3.29).

fL=fg= p(’;t) (3.28)

lep 1Gp,1@p 1Gp_Gp 10p
2@ 2@ 2@% 2@ @ cc@t
Equating (3.29) to the original 1D lossless wave equation demond&a
that p(x;t) can be replaced by two components of half its value propagating in
opposite directions. A more complete formulation of the d'Alembertadution
is given in (3.30).

(3.29)

1 1 l Z X+ ct
p(x;t) = §f (x ct)+ §f (x + ct) + % o(y)dy (3.30)

X ct
Note the additional term here,g(y) describing the initial velocity of the
system. In many acoustic models this quantity can be assumed nedllg.
The d'Alembert discretisation leads to a particularly elegant implemerat-
tion in the digital domain, establishing opposite travelling waves usinggral-
lel delay lines, as shown in Fig. 3.2. For the system to be realisable, atllay
durations must be an integer multiple of a common unit delay [24]. This gu
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Figure 3.2: Example digital implementation of the d'Alembert
travelling-wave solution to the lossless one-dimensional wave eqgoat
demonstrating parallel delay line pair
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Figure 3.3: Reduced digital implementation of the d'Alembert
travelling-wave solution to the one-dimensional wave equation by
concatenation of series delay units

gests that the delay chain must be isotropic however consecutivaits can
be commuted, simplifying the hardware implementation as in Fig. 3.3 The
stages in this one-dimensional network (of successive integertsdazariables)
are known as digital waveguides [27].

Various units can be used to interface digital waveguides, to repoce
impedance-based scattering, re ection or for interface with di eent digital
modelling units. These are known individually as Digital Waveguide Nodes
[24] and are explored in section 3.4. The connection of DWNs in higher
dimensionality arrangements provides an implicit solution to the apppriate
higher dimensionality wave equation. This is in contrast to the Kirchhogrid,
for which a separate derivation must be made for each dimensionalityhe
multi-dimensional arrangement of DWNs is known as a Digital Wavegu&l
Mesh (DWM). The DWM allows the connection of any number of wavegdes
to a node as long as the update equations are updated correspiogty and
the topology isregular.

The topology of a mesh describes its spatial connectivity, as in th&amn-
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ples of Fig. 3.4.
b
|
L 2 e
L
(a) 4-Port 2D (b) 6-Port 2D (c) 6-Port 3D (d) 4-Port 3D
Rectilinear Triangular Rectilinear Tetrahedral

Figure 3.4: Common multi-port mesh topologies from [6]

Square (2D) and rectilinear (3D) grids are widely used, each repessing
an implicit nite-di erence solution and hence easy implementation. Tran-
gular (2D) and tetrahedral (3D) topologies are popular where ting a grid
to irregular boundaries is a concern [24]. Di erent topologies of cag also
impart changing computational demand [28]. The sampling mesh devetx
is nominally uniform (although mesh sampling rates can be altered as®
domains and interfaced as explored in section 3.7. An exact statamef the
limit in frequency domain validity is non-trivial, since it is related to factas
such as geometrical tting (in that the mesh may not allow an exact gomet-
rical representation) and mesh topology. An additional limit is imposg on
square and rectilinear grids. It can be observed that traversalebween any
two points on such a grid is made by either an odd or even summation of
spatial intervals. This halves the e ective resolution of the samplingrid, pre-
senting two lower resolution interwoven networks and consequénthalving
the overall temporal Nyquist limit. Further, numerical accuracy islimited
by dispersion error. This is the propensity of a sampling grid to presea
frequency- and angle-dependent phase velocity to propagatingngponents.
Numerical dispersion error can be a signi cant form of error in physal mod-
els, and is hence considered in depth in section 3.10.

While Kirchho networks propagate the system variable itself, the ari-
able that propagates in a DWM is a wave based representation of thme-
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haviour of each individual waveguide. For this reason they are widekpown
as wave-variables or W-variables [26]. The crucial di erence septng W-
from K- variables is that wave variables do not directly describe theystem
behaviour. They are as Mullen describes, a hypothetical considgoa to
facilitate propagation [16]. To extract a meaningful value the conibutions
from the parallel delay lines must rst be summed.

3.4 Scattering

Scattering entails the processes by which wave components areeceed
and/or transmitted at the interface of individual propagating units. The
Kirchho update equation encapsulates an explicit treatment of sgare/rectilinear
scattering for the case of uniform acoustic impedance. The wavariable case
demands introduction of scattering units to allow the arrangemenof digi-
tal waveguides in a regular connective topology (of any dimensionalitto
produce a geometrical analogue. These networks can repregemnogeneous
or non-homogeneous media depending on whether acoustic impeais ex-
plicitly included in the corresponding update equations. For both vaable
types a completely uniform acoustic impedance would correspond &oho-
mogeneous medium. For non-constant acoustic impedance the urat of the
grid formulation must change to represent this condition. The mosintu-
itive example of intra-medium scattering is perhaps a one-dimensidrahain
representation of concatenated cylinders. The treatment of éhacoustics of
cylinders in section 2.4 introduced the nature of this problem, demstrating
the wave-variable case whereby opposite travelling component&® aummed.
This showed a discontinuity in acoustic impedance to cause re ecticend
transmission of wave components from an interface, accordingdoe cients
describing the nature of the change.

Implementation of scattering is quite di erent in Kirchho - and Wave-
formulations, although the processes are fundamentally equivalenWave
formulations use a measure of all incoming travelling-wave compotem@and
the respective acoustic impedances through which they arrive talculate
the appropriate node pressure and the corresponding outgoingngponent
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for each connection. A Kirchho formulation can be derived from tle wave
case, arriving at a more direct treatment of neighbouring presseivalues and
corresponding acoustic impedances, de ned over previous timegs.
Conditions of uniform acoustic impedance represent a simpli ed casé
more general scattering formulations. For this reason scattegrunits for non-
homogeneous media will rst be considered, preceding a demonsa of the
simpli cation a orded by impedance homogeneity to the Wave-variake case.

3.4.1 Non-Homogeneous Media

One-dimensional scattering in the wave domain is fundamental to ¢hability
of digital waveguide chains to reproduce higher dimensionality behaur.
The basic structure of the scattering port is illustrated in Fig. 3.5.

Figure 3.5: Chain of Digital Waveguide Nodes across a Speci ¢ Acoigst
Impedance Discontinuity

Lossless scattering of wave components requires the direct apgfion of
continuity laws for the interface:

The pressure on either side of the interface is equal to the sum biet
incoming and outgoing pressure components on that side.

The pressures against either side of the interface are equal.
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The total velocity at the interface is zero
Based on these continuity laws, there are two stages to scattegin
1. Calculate the pressure at the interface.

2. Calculate the outgoing variables as a function of the incoming comp
nents and the interface pressure.

To calculate the junction pressure begin with the third continuity law
that the total velocity at the interface is zero. To satisfy this coulition the
velocities either side must sum to zero as in (3.31) wheteis the velocity
component, superscripts and describe whether the component is incom-
ing or outgoing and the subscripts describe the connection over i the
component travels, with the closer node given rst.

+ + -

Ui 17 Uiy = Uiy 1T Uiy (3.31)

Rewriting and factorisation of (3.31) then results in (3.32) wher&; and
Y, are the acoustic admittances either side of the interface.

Yl(p;i L Y2(piti+1 Pri+1) (3.32)

By combining the rst and third continuity rules an expression for the
junction pressurep; can be made, as in (3.33).

Pi 1F Py 1= Pisa * Piss = B (3.33)

This expression can then be used to eliminate outgoing componentsnh
(3.32), leaving (3.34).

PYi+2p; Y1 pY2+2p,,Y2=0 (3.34)

By gathering like terms, complete the expression for pressure die in-
terface, as in (3.35).

o Z(p;i 1 Y1+ piti w1 Y2)
Pi Y.+ Y,

(3.35)
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Calculating the outgoing components is then trivial, by combination of
(3.35) and (3.33) to give (3.37) and (3.38). These expressions de the
outgoing components at the interface in terms of the incoming corapents
and neighbouring acoustic impedances alone.

pi;i+1 = P p|+| +1 (3-36)
Y: Yo , Y,

Pii 17 ﬁ R AR L (3.37)
2Y. N Y. Yo,

Pii+v1 = - l72pi;i +1 (3.38)

Y.+ Y, szi;i LY+ Y,
In section 2.3 the re ection coe cient was de ned as a function of wo

acoustic impedances, as repeated in (3.39) and stated for acauatdmittance
in (3.40).

Ziyg  Z

= — 3.39
Zi+ Zin ( )
Yi Yia

= " 3.40
Yi + Yisg ( )

Substituting these de nitions into (3.37) and (3.38) provides the eective
scattering equations for the system in (3.41) and (3.42).

Pi 1= P51+ @ )P (3.41)
Piiva =@+ DPisr Piia (3.42)

Fig. 3.6 shows the detailed structure of the digital implementation of
these update equations. The role of the re ection coe cient is clea

Smith demonstrates that the scattering unit can be further minimied as
per Fig. 3.7 [27], in this case reducing the number of multiply operations
required through substitution of (3.43).
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N Z; Z;
Pii 1 Pii+1

pl;i +1

Figure 3.6: Digital waveguide scattering across an admittance distmuity

w = r(p;;i 1 p?;i 1) (3.43)
Pi 17 p;i+l tw
P = Py 1+ W

One-dimensional wave-variable scattering is central to the opei@n of the
Kelly-Lochbaum model, as explored in section 5.6.2. Higher dimensionglit
modelling using the digital waveguide mesh implies an intuitive extensiorf o
connectivity. Figs. 3.7 and 3.6 show the case for a one dimensionasteyn,
whereby wave variables from two surrounding nodes are taken inézcount
and appropriately weighted by their respective acoustic admittames. Fig. 3.8
shows the case for scattering in a two-dimensional system, usings@uare
mesh. Each node is indexed by its and y coordinates, and the admittance
of each of then connections described by,.

The resulting scattering equation is a version of (3.35) weighted far
connections, as in (3.44) where, . ,y.n represents the outgoing travelling
wave component of the node at index + n,y + m, towards the node atx;y.
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Figure 3.7: Minimised Digital Waveguide Scattering Across an Impedaa
Discontinuity

=92 px;y+1 Yl * Pyt ;VXZ + px;y 1Y3 + Py 1;yY4
= P

(3.44)
Y

Pxy
This formulation can be standardised for any consequent connifty, as
in (3.45). Herep; is the scattering node junction pressureN is the number
of connections,pa- is the pressure component arriving at the junctiom from
the j th node andY; is the acoustic admittance of this connection.
]
p=2-pP— (3.45)

N
j=1 Y]

3.4.2 Homogeneous Media

For the case of homogeneous media, the uniform acoustic impedamgener-
ates greatly simpli ed update equations. Sinc&; = Y, = ::: =Y, wherei is
the connection index, (3.45) can be simpli ed to give (3.46).
2 X
pi = N B (3.46)

j=1
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Figure 3.8: Digital waveguide scattering for a 2D rectilinear topologin a
non-homogeneous medium

This can signi cantly reduce computation times for appropriate meid.

3.4.3 Kirchho Equivalence

The Kirchho variable equivalents of these scattering formulationscan be
produced by substitution of the general wave update equation @), de-
scribing the transfer of wave components from one unit to the nemto the

scattering equations.

+

Py =z Py (3.47)

Beginning with the non-homogeneous scattering equation, develageries
of equivalent expressions for node pressure update, as in (3.43)49) and
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(3.50).
N 1
Y. z
p=2—1"p . B (3.48)
j=1 T
P.N Y. 7z 1 o} p.+.
L (3.49)
=1 i
N 1 1
I (R4 - Z p.
=p 120 Zp B il (3.50)

P
N
=1 Y]

By splitting the summation of (3.50) to separate 1 and 2 sample time
steps (3.51) can be de ned.

I:)N I:)N
Yipz !t L Yipiz 2
p=2—P g (3.51)

j=1 Tj j=1 T

Observing the relationship between (3.45) and the negative compant
of (3.51), the junction pressure of a non-homogeneous netwar&n then be
de ned for the Kirchho variable alone, as in (3.52).

p=2 —Pg_— Pz’ (3.52)
A similar derivation can be performed for the homogeneous casesuking

in (3.53).

Pz 2 (3.53)
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3.5 Mixed Models

Numerical modelling sits astride various elds of research outside @gstics.
Both wave-digital and nite-di erence approaches have seen eshsive devel-
opment and boast individual strengths and weaknesses. Develgmts in
either methodology often complements the other. Wave-digital foexam-
ple has seen the development of the wave-digital Iter (WDF), desibing
frequency-sensitive RLC circuits as lumped elements [24] via the bilare
transform [27]. Finite-di erence methods meanwhile have experiezdt a more
explicitly mathematical development, resulting, for example in the &quency
dependent locally reacting surface [25]. The treatment of numericdisper-
sion error in the nite-di erence formulation is also well understood While
the variables in each approach strictly represent di erent thingsthey can be
interfaced and used together in a hybrid numerical model. To comhenK-
and W- variables in such a system a translation must be performedm one
format to the other. This is handled by a specialised scattering unitriown
as a KW-Connector or a KW-Pipe.

3.5.1 The KW Pipe

The fundamental di erence between wave and Kirchho -based inmpmenta-
tions is that the wave version has two parallel delay lines, supportinthe
two separately travelling wave components (as explored in sectiotBR The
Kirchho equivalent instead has two delay units embedded in the updae ex-
pression for each node (as indicated by the two delay components(8153).
E ectively the memory in a K-system is in the node whereas in a W-sysin
it is in the connections (waveguides).

To facilitate variable translation, Karjalainen/Erkut consider which com-
ponents are described by transmission across homogeneous waweave and
Kirchho -to-Kirchho connections respectively [22]. They consegently for-
mulate a transfer matrix for the K-W coupling element, as (3.54).

" . # " , #" #
plz - 1oz Z2°p (3.54)
z 'p, 11 2 p
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This transformation can be implemented as shown in Fig. 3.9, coupling
a waveguide node with a Kirchho equivalent.

<€— Wave Node -A Kircho Node - B =3

Figure 3.9: The KW Pipe - after [7]

The KW-Pipe provides a welcome opportunity to use either Kirchho o
Wave variables in the conditions of their optimum application and inteice
the two where necessary. A single numerical model need not sulise ex-
clusively to a single domain of solution. For example, the dynamic digital
waveguide mesh (see section 3.8) o ers a highly stable means of diag the
shape of a numerical model in real-time. Using KW-Pipes this systerowd
then readily incorporate Kirchho -based boundary formulations.

3.6 Boundary Modelling

For numerical geometrical analogues, accurate and physically nmazgful ter-
mination of scattering networks is fundamental to their performace. The
characteristics of re ection (as per section 2.3) are not alwaysraightforward
and attention should be paid to the level of accuracy deemed nesas for
satisfactory reproduction of re ective behaviours.

Fundamental digital waveguide units are able to approximate simpledquency-
independent re ection at minimal computational cost. Frequencyependent
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re ection by contrast has traditionally presented a greater challege. Wave
digital Iters have been used to provide an adequate representan of frequency-
dependent re ection [27], with Kirchho -Wave hybrid techniques [7,29, 24]
developed to allow the inclusion of these wave-based units in Kirchhdor-
mulations.

Kowalczyk and van Walstijn have recently introduced a new Kirchho
variable based frequency-dependent boundary formulation whidias over-
come an ambiguity in setting the Courant value in 1D connections to limd-
aries in multi-dimensional meshes [25, 30]. The new formulation o ersm-
putationally e cient frequency dependent and independent re etions and is
explored further in section 3.6.2. Shelley has addressed di using eetions
in the DWM [17], introducing a boundary formulation that approximates
di use behaviour with reasonable e ectiveness.

Most boundary formulations begin with a continuous equation for tl
boundary. This may take into account appropriate fundamentalules for the
conservation of momentum and mass, and take properties suchdsision
and non-specular behaviour into account. Once discretised thesguations
can then be used as standard units within the scattering grid (usingW-
couplers if appropriate).

In the case of the most simple DWN/DWM formulations, a simple bound-
ary connection can be as simple as a standard scattering unit, eitheg the
limit of transmission/re ection (transmission coe cients ! 0) or using the
case where the transmitted component has an outward path butorreturn
path (to be explored in section 3.6.1). This case is known as the stamd
one-connection boundary.

3.6.1 The One-Connection Boundary

Regardless of the dimensionality of the sampling grid in which it residethe
simple one-connection boundary is always a one-dimensional constrbased
on a standard variable scattering junction. While this represents signi cant
approximation it also leads to a particularly simple implementation. The
rst step is a discrete formulation of the boundary behaviour andhe second
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a substitution of this boundary behaviour into an appropriate scdering
scheme.

Begin by considering the nite-di erence derivation of a boundary yinc-
tion. The discrete one-dimensional Kirchho scattering formulatio is re-
stated in (3.55).

Pt 2P+t C2p§<+1 2p, + Py 1
t2 B X2
By setting the Courant number to the one-dimensional limit ( = 1) the
reduced expression of (3.56) is obtained.

(3.55)

s

P =0 1t B B (3.56)

Figure 3.10: One-Connection Boundary Junction in Kircho Variables

Consider now Fig. 3.10. An understanding is required of the pressuat
position p!, ,;, within the boundary medium. Kowalczyk and van Walstijn
call this "dummy' node a ghost point [30].

As with the derivation of scattering, begin with a statement of the on-
servation of momentum, (3.57).

@p_ Q@ (3.57)
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By translation through the acoustic impedance, rewrite (3.57) in terms
of pressure alone, as in (3.58).

@p_ Z@p
@t @x
Here de ne (3.59) to represent the normalised speci ¢ acoustic iredance
of the boundary, G [31].

(3.58)

c

G= (3.59)
@p_ c@p
@t" G @x (3.60)

A generalised expression for the pressure at a boundary interdao terms
of incident pressure and speci c acoustic impedance is hence praddin
(3.60). This can be easily discretised by applying the centred di eree op-
erator (3.3), resulting in (3.61).

A R S < PR -
2T G 2X (3.61)
Note that the ghost point here isp(n  1;t), and hence (3.61) can be
rewritten as (3.62).

t t XG t+1

px 1= px+l C—T px p; ! (3-62)

By reintroducing the Courant number, (3.12), nd the expression in
(3.63).

t G t+1

Ph1= P — PRt (3.63)

Substitution of this de nition of the ghost point into the one-dimensgonal
update equation (3.15) produces the expression for boundaryegsure in
(3.64), where the ghost point has been eliminated.

1 G)pt=2 %, +(G P t+21 P)p; (3.64)
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For normal incidence the boundary speci ¢ acoustic impedancg can be
de ned as (3.65) [30].
1 r
G= T+ 7 (3.65)
By setting the Courant number at the limit for a one-dimensional con
nection (= 1), substitute (3.65) into (3.64) and simplify the result to yield

(3.66).

Pt =+ DBy 1L (3.66)

This is the Kirchho -variable update equation for any one-conne@bn
boundary, of re ective coe cient r.

Fig. 3.11 shows the equivalent wave-variable one-connection boang
This is a special case of the wave scattering junction (see sectiof)3vhereby
the nominated boundary unit has an outgoing component toward aominal
ghost point in the boundary medium, but no corresponding incomingoo-
nection. Any wave component propagated into the boundary is tihefore
lost.

Figure 3.11: One-Connection Boundary Junction in Wave Variables

From section 2.3 it is clear to state that the outgoing wave componeat
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the junction can be determined by (3.67), wherg,., is the wave component
returning from the junction and pj;A is the incident wave component. The
re ection coe cient r can be positive or negative to represent a perfectly
phase preserving or inverting re ection respectively.

Pya = PJA (3.67)

If necessary, the pressure at the interface itselpf) can be found by
(3.35). Since the ghost point does not return an outgoing wave cponent
this equation can be simpli ed as (3.68).

Py =(1+ r)pja (3.68)

Similarly, the pressure radiated through the boundary medium caneb
found by (3.69).

pB;D = (1 r)p:;;A (369)

The methodologies used in both boundary formulations are rooted scat-
tering techniques, hence the re ection coe cient remains a mease of the
discontinuity in acoustic impedance, as per (2.20). A re ection coecient of
1 therefore represents a frequency-independent, pure-reanstant and com-
pletely phase-preserving re ection. Likewise, a re ection coe ciat of 1
represents a frequency independent pure-real and constarigse-inverting
re ection. All values between will e ect some degree of absorptigioy trans-
mitting a component which is not returned.

These boundary formulations are designed for conditions of norma-
cidence. This brings the accuracy of the boundary into question rfmon-
specular re ection. The application of Huygen's wavefront principlés helpful
here. Where a non-planar wave is incident on this manner of one-dinsgonal
boundary a wavefront can be considered to be reconstructed ia @ction by
each individual boundary element. A more pressing concern is theoite of
Courant number for the Kirchho formulation, as explored in section 3.6.2.

54



Chapter 3. Time Domain Acoustics Simulation

3.6.2 The Locally Reacting Wall

In section 3.2 the nature of the Courant number was discussed,rpeularly
with regard to changing the dimensionality of the sampling grid. In the
derivation of the Kirchho one-connection boundary the Courantnumber is
setto =1. This is perhaps understandable, since the nature of the corme
tion is one-dimensional. One-connection boundaries are not howelmited
to one-dimensional grids. They can be (and are) widely used in twon
three-dimensional sampling grids. This introduces an ambiguity as tihe
spatial and temporal relationship represented by the boundaryOne option
is to set the Courant number so as to be appropriate for a one-dimsgonal
connection, the other so as to remain consistent with the body oli¢ mesh.
Either approach will result in misrepresentation of the spatial/tempral re-
lationship between the boundary and sampling grid as a whole. Kowaytz
and van Walstijn addressed this ambiguity with a Kirchho boundary termed
the Locally Reacting Wall [25]. This formulation couples the ghost poinio
an update equation based on a derivation of the wave equation appriate
to the dimensionality of the body of the sampling network.

A two-dimensional mesh utilising a one-dimensional one-connectioaund-
ary is shown in Fig. 3.12a. Observe the disparity in spatial sampling ineal
between the boundary connections and the body of the mesh, iattuced by
the use of a one-dimensional Courant number for the boundaryrfoulation
and a two-dimensional Courant number for the body.

The locally reacting wall equivalent is shown in Fig. 3.12b. In this case
the boundary formulation uses the same Courant number as the t of the
mesh, leading to a consistent spatial sampling interval.

To implement the locally reacting wall boundary formulation the one-
dimensional boundary update equation (3.63) is substituted for isquivalent
in the discretised form of the two-dimensional wave equation (3.7@rovided
in (3.71). For the purposes of this demonstration consider index ¢ 1;y)
to represent the ghost point, ands to represent the normal speci ¢ acoustic
impedance of the boundary. The result of this substitution is given i(3.72).
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y+2 * ®
y+1 * *

y * ®
y-1 ® ¢

x-2  x-1 X x+1 x-2  x-1 X x+1
(a) 2D Mesh - 1D Connection (b) 2D Mesh - LRW Connection

Figure 3.12: Comparison of one-dimensional and locally reacting wall
boundary formulations in a two-dimensional rectilinear mesh

@_. @p, @
@-cz @)7(+@9 (3.70)

t+1 —

px;y -

s

2(p§(+1;y + px Ly + pg(;y+1 + ps(;y 1) +2(1 2 2)pg(;y pg(;yl (371)

+ G +
pg(;y1 = 2( p§( Ly _(p;; pg(;y:L
+ p§( Ly + p§(;y+1 + p§(;y 1) + 2(1 2 2) p§(;y p§(;y1 (372)

Rearranging (3.72) results in the nal discrete update equation fathe
boundary point given in (3.73).

g APyt Py 1t Bye)t2@ 298, + (G i
p;;;[ — px 1y px,y 1 px,y 1 5 G Y Y (373)

In this case a Courant value appropriate to the two-dimensional rsh can
be used for both the boundary connection and the body of the gridThis
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removes the ambiguity introduced by the application of a one-dimeiaal
boundary connection to a two-dimensional body.

In the case of a corner, there will be at least two ghost points. Irhése
cases the boundary formulation (3.63) is substituted for each amyery ghost
point using di erent values of normal speci ¢ acoustic impedance ifecessary.

3.7 Domain Decomposition

It was explained in section 3.2 that the spatial sampling interval regsented
by each unit in both wave and Kirchho modelling must be constant, leding
to completely isotropic spatio-temporal sampling grids. For certainontainer
geometries this is not an issue (for instance the square two-dimemsl mesh
provides an intuitive t to a rectangular room). For other geometies it is
possible that there will be both open and constricted regions. This akes
the choice of system sampling rate complicated. A nominal number whits
should be positioned across a geometry to reproduce resonantdes of that
wavelength. It might appear sensible to adjust the system samplingte so as
to provide an adequate t across the smallest dimension of interegtowever
this can often result in an unacceptably high number of units in the by of
the geometry.

Domain decomposition describes a means of decomposing a samplirig ne
work into separate interfaced mesh regions with di erent samplingates (and
hence di erent spatial sampling intervals). This is not a new concepimnath-
ematically rigourous descriptions for acoustics applications are pided by
Bamberger, Glowinski and Tran [32] and Bilbao [24], but its implementa-
tion in the Digital Waveguide Mesh is only now beginning to be formalised,
particularly in recent work by Kim and Scavone [8].

Bilbao approaches the problem by generating scattering units atéhinter-
face, resolving a rigourous nite-di erence approach [24]. Kim andcavone
meanwhile pursue a technique intended for solving nite-di erencerpblems
in electro-magnetics, based on an overlap formulation [8]. This foriau
tion operates by inserting a very narrow bu er region between régns (sub-
domains) of changing mesh density. Within this bu er region wave variables
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are interpolated or averaged to translate them to the next, e dovely inde-
pendent mesh of higher or lower resolution respectively.

Region A Region B

Region A Index 2 1 0 1
14+ 0 3 1 2 Region B Index

Figure 3.13: Interfacing Domains of Changing Waveguide Mesh Derysliy
Overlap Method - after [8]

Fig. 3.13 demonstrates the nature of the overlap mechanism, withé left-
most grid (region A) of half the density of that on the right (region B. The
equations to translate A to B are trivial, given by Kim/Scavone as (3.4) and
(3.75) where superscript* denotes a node present in region A, superscript
A* describes the outgoing wave component of that node and substsip,
give the position index speci c to each grid.

58



Chapter 3. Time Domain Acoustics Simulation

pAl;y(t) = p?,y(t) (374)
P (D) = pry () (3.75)

The node pressure in region A is described by (3.74), as a functiontludt
in region B while (3.75) describes the outgoing wave component of theode
after translation.

Transfer from region B to region A is more complicated since a linear
interpolation is required to connect nodes with no obvious equivalent~or
those with direct equivalents the update equations are given in (3.)/@or
node pressure and (3.77) for the outgoing wave component.

pBl;y=2(t) = FrlA;y=2(t) (3.76)
0% L0 = B, (3.77)

For the nodes without direct equivalents (those e ectively interptating
the grid) the updates are given in (3.78) and (3.79) for the respéat cases
of node pressure and the outgoing wave component.

p'lA;(y n=2(t) + pﬁ(y+1) () (3.78)

Py n=() *+ Py =) (3.79)

pB 1;y=2(t) =

NIFRNI -

pB ;]jyzz (t) =

While domain decomposition presents an attractive proposition it can
introduce problems of its own. The simple formulations presented kgim
and Scavone do not present a numerically transparent interfacetween the
two regions. E ectively the two regions constitute di ering charaderistic
impedances.

Fig. 3.14 shows an incremental simulation of two square grids of efua
size, based on the 2D square digital waveguide mesh. The rst (lefbst in
visualisation) is 400 400 nodes and the second (rightmost in visualisation)
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is 800 800 nodes. The domains are interfaced by the overlap method as pe
[8], utilising a 2-unit overlap. A dirac impulse is injected (see section 3.9)
the centre of the lower density mesh and the output from each paimapped
onto a blue-black-red colormap for visualisation.

Figure 3.14: Simulation of two interfaced square grids of di erent nsh
density using the overlap method. Note the wave component re gon
exhibited at the boundary

As the wavefront passes through the overlap region a componeastec-
tion can be faintly observed. This apparent change in acoustic impaice
damages the geometric analogue presented by the network anchée limits
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its application. For now domain decomposition remains attractive, Huits
application would require careful consideration with regard to thergefacting
it introduces.

3.8 The Dynamic Digital Waveguide Mesh

While a static physical model of a room is completely acceptable, tleeare
many applications for which a dynamically changing acoustic model ade-
sirable. These include models of dynamic processes such as voicduymrion
and physical modelling of certain musical instruments. In one-dimsional
chains of DWNSs, the characteristic acoustic impedance at each geang
junction can be changed without concern for numerical stability. fis can
be very e ective and has been used to considerable e ect in physicaodels
of the voice, such as the Kelly-Lochbaum model (see section 5.6.2).

For a multi-dimensional Digital Waveguide mesh, the approach takesd-
vantage of the role of acoustic admittance in the multi-port wavedde scat-
tering formulation of (3.45) . All (simple) DWM models depend on this
admittance-based scattering, whether this means an e ectively mte dis-
continuity at a solid boundary, or a more straightforward transmitre ect
combination due to a change in speci ¢ acoustic impedance. By manipt:
ing Y; in (3.45) it is possible to change the properties of the mesh from step
to step with a reasonable degree of freedom. It is however impantahat
due consideration is paid to whether the system remains physically areng-
ful. Moving an zero admittance to a new DWN to represent a contréing
geometrical boundary shift can leave wave components e ectivelyutside
the boundary, yet still propagating either in free space or in a regioof ho-
mogeneous acoustic impedance. Similarly, expanding the boundaraegin
can re-absorb these components. In these cases the accu@dhe physical
model is called into question.

Signi cant developments towards dynamic modelling of the vocal t
were made by Mullen using a 2D DWM [16], overcoming these inherent issu
by cosine-mapping discontinuities in acoustic impedance [33]. His work in
this area is explored in more detail in section 5.7.
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3.9 Excitation

Excitation is fundamental to the result of a simulation. Firstly, it camot
be overlooked that the resonant response of a system is largelypeedent
on source and receiver positioning. Resonance frequencies argelgr deter-
mined by the combined response of the system and source, henawing a
source (or receiver) by a small distance can signi cantly a ect thechieved
response. Secondly, it should be considered how the simulated seus rep-
resentative of a real source within that acoustic environment. Té source
radiation pattern and directivity particularly have the potential to impact
the manner in which acoustic energy is delivered to the system andigh
should not be overlooked in simulation.

While the broad-spectrum of Dirac function excitation is appealing,hte
impact of aliasing must be carefully considered. In a system distribed both
temporally and spatially, the maximum non-aliased frequency for inption
is not clearly apparent. While the time domain is governed by the Shan-
non/Nyquist sampling theorem (and in practice to twice beneath this the
spatial distribution itself imparts a frequency-domain limit. As in the ime-
domain, a number of points in a spatial distribution are required for per
representation of a given wavelength. This will be a function of thepatial
sampling interval. The matter is confused further by variant meshdpologies
and non-constant phase velocity, as explored in section 3.10.

A practical solution is to restrict the excitation bandwidth to a fradion
of the temporal sampling frequency. This can be as simple as injedim
low-pass Itered impulse - a windowed sinc function in this case, whogero
crossings correspond to the cut-o frequency of the band undsimulation
and with as wide a support as is possible within the scope of the simulatio

The manner in which the source is coupled to the grid also demands
consideration. There are three common source mechanisms, tlacsource,
additive source and transparent source [34]. The application andrecectness
of each is largely dependent on the nature of the system under siation,
and the source behaviours the system aims to reproduce.

The hard source is the most straightforward of all the source megnisms.
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In this approach a particular input node is manipulated so as to be rigig
held at the values provided for input. E ectively the standard nodeupdate
equation is overridden and the node pressure set to a desired valagardless
of neighbouring values. This method is straightforward and compationally
cheap, however it introduces signi cant changes to the nature ttie sampling
grid. The hard source itself becomes a part of the geometry undesst rather
than a separate source mechanism. While this might be appropriaterf
approximating source behaviours in certain physical models it is mosften
not for the excitation of models of room acoustics and in this casedlvocal
tract. In these cases our interest is in reproducing the acoustiebaviour
of the geometry under simulation without explicit interference othethan
the source geometry. One option to reduce the impact of the hasburce
is to release the source mechanism after injection of a suitable (imgive)
waveform, although this restricts the length of the injected waderm which
is undesirable in some cases [34].

The additive source is a simple development of the hard source wHare
the input value supplements the existing variable eld, rather than gplicitly
driving it. This yields a far less intrusive source mechanism, presengim
vanishing mechanical impedance and allowing source waveforms dfitary
length.

The transparent source provides a means by which the very e edf
the source and its interaction with the sampling grid is removed [34]. is
intuitive that any source mechanism will present its own impulse respse,
dependent on the mesh topology, sampling rate and formulation. ©hcan be
obtained by nding the response of an e ective free- eld to the inended input
where the receiver is at the same position as the source. Since nopagated
component should return to the source, the response obtainegproximates
that of the source mechanism itself and its coupling with the samplingrid.
Once the response of a source-grid coupling to a given input is knqwhe
transparent source can be implemented by subtracting the respse from
the input before injection. This ensures that any e ects causedybsource-
grid interaction can be entirely removed from the simulation. The rexrded
response at any other position during simulation is then a measurent@f the

63



Chapter 3. Time Domain Acoustics Simulation

response of the geometry under test with the impact of the sowenechanism
entirely negated.

Hard, additive and transparent source mechanisms can be implenteah
in either Kirchho or Wave formulations. In the wave formulation variable
sources can be created by supplementing/replacing the incomingrgoonents
at a scattering unit before the junction pressure and outgoing agoonents
are calculated. In the Kirchho formulation the junction pressures can be
manipulated directly.

3.10 Numerical Dispersion Error

While numerical dispersion error certainly a ects the absolute accacy of
the results of a simulation, a proper understanding of its causesde ects
allows its in uence to be acknowledged and accurate results (within phed
criteria) to be achieved.

A medium is dispersive if it allows di erent frequencies to propagate at
di erent speeds, implying a frequency dependent phase velocity.irAs such
a medium, yet in the derivation of the lossless wave equation the aggotion
of frequency independence is made. This means the dispersive edair as
a medium is not reproduced, hence the manifestation of frequerggparation
is not observed. This is indeed a form of dispersion error, but its ececan be
reintroduced by adding passive lossy elements to scattering forfations [35].
This section considers instead a form of dispersion error introdutéy the
use of spatio-temporal sampling grids, speci ed by its particular deition
as numerical dispersion error.

The sampling grids used in numerical simulation are a spatial sampling
of a continuous acoustic eld, in the same way a sampled signal is a dete
representation of its continuous counterpart. The ability of this gd to repro-
duce a eld reliably is a function of the mesh topology, wave frequepand
the shape of the wavefront. Other than through use of an in nitly dense
grid, there is no way that any discrete sampling network can reproade the
behaviours of this wave eld entirely accurately. Simulation of any gd will
hence introduce a frequency- and direction-dependent numelliaispersion
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error. Di erent mesh topologies demonstrate di erent dispersivdehaviours
and in the rectilinear grid the Courant number chosen bears a signant
in uence.

The Courant number de nes the relationship between the spatialral tem-
poral steps used in the process of discretisation, as explored i ttherivation
of the Kirchho grid in section 3.2. Relating it directly to a particular grid of
prede ned density, it is possible to consider it to be the fraction of aomplete
grid interval (i.e. line, square, cube) that is traversed in one iter&n. Where
the Courant number is set at the limit as per (3.20), a wave componewill
travel the maximum distance within each node over each time step. his
means that waves propagating in this exact path should experienzero dis-
persion error, regardless of frequency. Where the angle of warepagation
di ers, a frequency-dependent dispersion will be introduced as ehe ective
path length changes.

A broad description of the e ect of numerical dispersion error wdd be
that high frequencies will have a lower phase velocity than low frequees [36].
The implications of this for numerical modelling are far reaching. Whera
component's phase velocity di ers from the expected value, fregaocy shifting
of consequential resonant modes is likely to be observed. The shitis
frequency sensitive, lower frequencies tend to experience lessrahan higher
frequencies. Indeed at higher frequencies and for oblique resurizehaviours,
dispersion can a ect the frequency response in a manner which igpeularly
di cult to delineate from the geometry itself.

Numerical dispersion error can be reduced to an arbitrary degrég in-
creasing the density of the mesh. Whatever topology is used, anriease in
density will result in a more accurate reproduction of the continuaiacoustic
eld, and shifting of the frequency domain error curve away fromhe band
of interest. A similar e ect is achieved by the use of interpolated DWM
schemes, whereby any number of nodes are introduced inside théstng
grid and the original node values are calculated as a function of tleesew
nodes [36, 37]. To treat predictable shifts in resonant modes at lawesquen-
cies, e orts have been made towards correcting changes in phaséocity by
frequency warping lIters [37]. This process is intensive and henceeafonot
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lend itself to realtime operation.

Di erent mesh topologies provide di erent means of discretising caim-
uous elds and therefore produce di erent dispersive behaviours/on Neu-
mann analysis o ers a mathematically rigourous means of analysing ish
behaviour [38], by which it is possible to express the relationship bete
the e ective numerical wave speed and the ideal wave speed [36].

For the case of square, triangular and hexagonal two-dimensidnaet-
works Fontana and Rocchesso describe the ratio of the propaigat speed to
the ideal speed [35]. They achieve this by combining (3.80) and (3.8The
spatial phase shift for a single time sample is given in (3.80) as a functio
of spatial frequency and (3.81) describes the phase shift expaded over an
arbitrary time interval where the Courant number is set at the limit.

p__

"ol xs y) = iarctandfibé (3.80)
g by

"= 2D (3.81)

In both cases ' describes the phase shift ant, is a topology-speci c
function. In this two-dimensional case , and , describe the spatial fre-
quencies, de ning the frequency of a signal in terms of distance,stead of
time. Given without subscript, describes a spatial frequency vector as per

_P )%Tg A DC condition is represented by = 0. Spatial frequency can
be related to temporal frequency in a square/rectilinear sampling network
by = ff—s wheref s is the temporal sampling rate of the system. Variable
describes the number of time steps between successive scatterindes. It is
equal to 1 for both square and triangular 2D topologies, but 2 foht hexag-
onal mesh [35]. Finally,D in (3.81) describes the optimum spatial sampling
interval, which is the distance covered by a wave travelling at ideal spd in
an idealised medium within a single time interval.

The spatial Nyquist limit is de ned as:
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(xi y):( xi <05 «j < 0:5) (3.82)
T
(xsy): Jx< 550 X< 5p (3.83)

The dispersion factor, de ned as the ratio of the propagation sed in
the mesh to that of an idealised medium is described by (3.84) as a ftiono
of spatial frequency.

p__

Sy 1 4 5
Kg( x5 y) = 2 .D arctan B (3.84)

The topology speci ¢ function is given for the square mesh in (3.85nd
triangular mesh in (3.86). The function for the hexagonal 2D topolyy is
available in [35].

By:square2p = CO2 D )+ cog2D ) (3.85)
" p_ #
i —gcos(ZD )+ gcos. 2D 1 + 3
l:b;trlangular; 2D — 3 X 3 2 X 2 y
" #!

2 1 3
+ = 2D = — 3.86
3cos 5 X 5 Y ( )

The dispersion factors for square and triangular two-dimensiongtids are
plotted against spatial frequency in gures 3.15 and 3.16 respeatly. These
are obtained by plotting (3.84) for topology functions (3.85) and (86), where
D= 4=1

It is clear that for diagonal wave transmission in a square mesh disp®n
is minimised, whereas o -axis behaviour is compromised by decreaspitase
velocity at increasing frequencies. It is noted that the optimum waes propa-
gation speed ispl—E, which is consistent with the Courant value chosen. The
triangular mesh topology provides a more homogeneous dispersiehaviour
in Fig. 3.16, but does not o er a single dispersion-free path as its sape
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Figure 3.15: Dispersion Factor for a Square DWM as a Function of
Two-Dimensional Spatial Frequencies

counterpart does.
Visualising the dispersion factor of a three-dimensional eld poseskghtly
di erent challenge. In [37] Savioja and Valimaki provide a functionfor the
dispersion factor for spatial frequencies,, , and ., given here in (3.87).
P p VR
K( x; yi 2)= Z—arctan B

The topology function b, for a 3D rectilinear grid is given bylby.rect3p as
(3.88).

(3.87)

Byreceo( xi i 2) = 5(COS2D ,)+ CO2D )+ COA2D 1)) (3.89)

This behaviour is plotted for intermittent slices of uniform , in Fig. 3.17.

68



Chapter 3. Time Domain Acoustics Simulation

Propagation Speed

0.8

0.75 |

07 | |

0.65 | . 1
= Y NN

0.6 ' //I///;//’I;;’;lli’,"" ‘\@§§§§\
b /111409 L ¥ T NAAN N
L 4 K N ‘&“\\\\\\\&\*\ 4

0.5 ““ -

0.45

0.4

Spatial Frequency -0.4 0.4 Spatial Frequency

Figure 3.16: Dispersion Factor for a Triangular DWM as a Function of
Two-Dimensional Spatial Frequencies

Sub gure 3.17a shows the condition for, = 0:5 (at the Nyquist limit). Itis
clear that the optimum wave speed occurs when all spatial frequees are at
their limits (i.e. j xj = j yj =] 2 =0:5). This corresponds to the condition of
diagonal wave travel relative to the grid. This condition is further dsplayed
in Figs. 3.17b and 3.17c. In Fig. 3.17d is e ectively at the vertical cerg of
the established three-dimensional axes of spatial frequency. tBlahat the
dispersion factor for , = 0 is not equivalent to that of a 2D square grid
(Fig. 3.15. This should be unsurprising since in a 3D grid the optimum wav
speed occurs diagonal to the cube formed by the grid, rather thaliagonal
to the square formed by a 2D grid.
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Figure 3.17: Dispersion Factor for a 3D Rectilinear DWM as a Functionfo
Three-Dimensional Spatial Frequencies

3.11 Comparative Computational Cost

The smaller the geometry modelled, the smaller the spatial sampling et
val required to adequately represent the space. This small spdtiaterval
demands a similarly small temporal interval and therefore a high sgsn sam-
pling rate by (3.12). In the case of the vocal tract this is especialljhe case,
with the combination of geometric constrictions and larger resonaspaces
combining to demand a mesh that is both small and dense. It is imporia
that despite these demands, the simulation is computationallfeasible
Feasibility in non-realtime numerical modelling comprises the ability to
produce an impulse response in a sensible amount of time. Within theope
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of this project it also constrains computation to a standard deskip computer.
These constraints can be challenging in two ways. Firstly, any comibog
system will impose a physical limit on the number of addresses thatrcée
assigned in memory. Since in a typical implementation a single node will be
given an individual data structure, this will restrict the number of rodes that
can be generated in a simulation. A system running on a 32-bit openag sys-
tem allows a theoretical limit of approximately 43 10° individual addresses,
but even within the most optimised system these will not all be accesk by
an individual process. To give this upper limit some context, it would @
resent a three-dimensional grid of approximately 1626 1626 1626 nodes.
At 192kHz this corresponds to a spatial sampling interval of approximately
3mm, and the entire grid would span roughly 3. Such a high number of
nodes will also generate a signi cant computational demand in terntd clock
cycles. Under the conservative estimate of 6 double precision @ag-point
operations per node (6 additions, 1 multiplication), computing the agva-
lent of one second's worth of output for the above system at 194z would
entail 6 (4:3 10°) (192 10°)=4:9 10 individual computations, or
approximate 5 peta ops. Assuming a CPU running at @Hz can complete
each operation in two cycles, one simulated second would require:9 10
cycles, completing in approximately 920 hours, or 38 days. This simulation
is hence not computationally feasible. It is important to note that tke values
used in this estimation are a very rough approximation and can be caidered
particularly conservative. Simulation can very quickly become extmeely de-
manding, hence it is crucial that due care is paid to minimising the data
structures and iterated processes used.

Implementing a sampling grid using either variable type introduces two
fundamental challenges: memory management and variable prosiag.

The challenge in memory management (beyond tting the model into
memory) is in nding the best solution for making each node aware ofst
neighbours. The optimum solution would be to have a large homogemso
array however outside perfectly rectilinear geometries this is notogsible.
There are two common practical approaches to this challenge. Ometo
maintain pointers inside the nodes with the addresses of each neighb
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requiring 2N pointers per node and R 4 bytes on a 32-bit machine. This
approach is attractive as it allows each unit (and indeed the entire tcture)

to be completely self-contained. Calling a function in each node can alithe

mesh to update itself entirely autonomously. Its major disadvantge is that

connections must be duplicated, for example Node A has a pointer pde

B and Node B has a reciprocal pointer to Node A. The second appuabais to

maintain a connectivity graph away from the node data structurethemselves.
In this implementation each node contains only the memory requiredifdata

storage and variable update is handled by a central servicing pr@se The
advantage of this approach is that each node is very small in termEraemory

consumption. Its disadvantage is in the number of backward-and+ward

calls and lookups that is required by the central servicing process tesolve
the connectivity.

The second major challenge is that of providing an optimised procexs
stage. In the wave-variable case the node should maintain incomingda
outgoing components for each connection. Assuming the use otde pre-
cision oating point on a 32-bit machine this will correspondto 2 2N 8
bytes, with an additional double(+8 bytes) to hold the current noa pres-
sure. In the Kirchho case all that is required is two doubles (16 bws per
node under our current assumptions), for the current and [ 2] time-steps.
Each variable type requires two stages of processing, an "updatge and
a ‘shu e' stage. During the update stage the node pressure is calated in
both variables, according to the discrete expression (Kirchho )racomponent
summation (wave). During the shu e stage the outgoing wave variales are
swapped to their neighbours via pointers (corresponding to a uniiethy) and
the Kirchho variables are stepped back in time.

The relationship between the system sampling rate and the numbef o
nodes rises as a very approximate order of the dimensionality, as §8.89)
where Npeges represents the number of nodes in the system ard is the
system dimensionality.

N
nnew f snew nold (3 89)
nodes f old nodes .
s
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The developing trend in microprocessor development is no longer enas
increasing clock speeds, but increasing parallelisation. The applicatiof
GPGPUs (General Purpose computing on Graphics Processing Unitsas
risen in popularity and developments have been made towards theipali-
cation in acoustics modelling. While these approaches see signi cartcal-
eration in simulations they are also exposed to hardware-speci c mery
limitations [39].

Summary

In this section the fundamentals of multi-dimensional time-domain maerical
modelling of acoustics have been introduced, along with derivatiorend de-
scriptions of particular formulations for approximating boundary lehaviours.
Techniques demonstrating particular potential for enhancemermf the model
are considered, including the dynamic and domain-decomposed digaveg-
uide mesh. Considerable attention has been paid to demonstratingetnature
of numerical dispersion within the numerical method and factors &cting the
feasibility of implementing the system.

It has been demonstrated that the digital waveguide mesh has tipeoven
capacity for acoustic simulation of non-static structures, throgh e ective
shape changes implemented using impedance mapping. For voice simula
tion, such a capability is fundamental to the dynamic manipulation of @cal
tract con gurations through adjustment of the numerical modé The digital
waveguide mesh will hence be pursued as the means of acoustic sitiaria
although impedance-mapping in the three-dimensional mesh falls side the
scope of this thesis.

Since this study largely constitutes an assessment of the suitability this
methodology to reproduction of voice, formulations will be kept agraight-
forward as possible to allow development of an appropriate benchrkaim-
ulation platform. To this end, wave-variable formulations alone will bam-
plemented, omitting the potential computational savings a ordedby incor-
porating Kircho formulations via the KW pipe. It is considered that the
computational load of such a system in either formulation is initially too
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large for real-time operation, hence a single variable formulation isgferred.
The locally-reacting wall is omitted in favour of the simple one-conngon
boundary, which will introduce errors due to the e ective change iimen-
sionality of the simulation, but is consistent with results produced in por
work. Domain decomposition is not incorporated at this stage, butrpvides
an exciting, and perhaps necessary, avenue for future develagnn

It is these systems which will be used to construct a time-domain meld
Having considered how they can be implemented, the next step is tather an
understanding of the nature of the problem presented by accueasimulation
of the acoustics of the human voice.
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The Human Voice

Introduction

In Chapter 2 the mathematics of acoustics was introduced, partitarly with
regard to simple cylindrical systems. Following this, Chapter 3 expled
methods for time-domain numerical acoustics simulation. In this clpéer the
anatomy and function of the voice is introduced, with consideratiopaid to
the acoustic processes it encompasses. In terms of simulation loé voice,
this represents our problem domain.

The human voice production system provides our most fundamehtaeans
of communication, functioning as a highly exible acoustic instrument A
resulting speech waveform is an amalgam of information, which can be
terpreted across various layers of abstraction. Ternstrem idé es this as
reminiscent of a communications protocol stack, as per Table 4.1.

At each level of the waveform a di erent stream of information carbe ex-
tracted based on modulation of some baseline quantity, which itselivdiiges
information about the speaker [40]. While the vocal anatomy take$é role
of the transducer, it responds and reacts to inputs from all laysr The focus
of this Chapter is in de ning the voice as an acoustic transducer.
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| Layer | Transmission | Content |
Context Society - Language - Genre
Sender Body - Mood - Personality - Situation
Message Content Thought

Script | Verbal - Prosodic - Expressive - Extralinguistic| Language
Symbols | Phoneme - Timing - Pitch - Loudness - Timbreg Speech
Transducer Articulation - Phonation - Respiration Voice
Physical Acoustic Waveform Sound

Table 4.1: E ective Protocol Stack for Voice Communication after [JL

4.1 The Vocal Anatomy

The vocal anatomy can be loosely separated into the vocal trache nasal
tract. The vocal tract here entails the acoustic pathway from glbis to
lips, incorporating the oral cavity, pharynx and supra-glottal lagnx. The
oropharynx is occasionally mentioned, referring to the region colipg the
oral cavity to the pharynx. The nasal tract meanwhile describeshe acoustic
pathway from the nares (nostrils) to the velar coupling with the voal tract,
via the nasal cavity and coupled sinuses. The sub-glottal struatel is not
explicitly considered part of the vocal tract, with its coupling depedent on
vocal fold closure [41, 42].

In this section orientation is described using appropriate anatomiteerms
relative to the subject, as per Fig. 4.1.

The vocal tract begins at the lips, providing a exible aperture to tle
oral cavity, the base of which is provided by the mandible (jaw). Thgaw
is able to move in a superior/inferior direction at an angle subtendedtthe
base of the skull. It is also able to move in the anterior/posterior diction
by a much smaller degree.

The tongue is an isovolumetric muscle, rooted in the anterior pharyn
and extending into the oral cavity [43]. It can be considered to havieur
parts, the tip, blade, front and back [4], proceeding in a posteriorigction
as per Fig. 4.2. Primarily used to manipulate food, the tongue serves
important secondary purpose in manipulating the shape of the oralavity
during phonation. The hard palate is the ceiling of the oral cavity andlso the

76



Chapter 4. The Human Voice

Figure 4.1: Terms for Orientation

oor of the nasal cavity. The tongue can form contact with the had palate
at all positions. At the rear of the hard palate is the exible soft palée
(velum) which controls coupling of the oropharynx with the nasal oaty.
The port is typically sealed against the tongue back during masticatioto
allow simultaneous breathing through the nasal passage [43]. It cafso
manipulate the degree of coupling to the nasal cavity during phonian.
Above the velum is the nasal cavity, providing the primary path for iala-
tion/exhalation. The path begins at the nares (nostrils) of the nos, following
a protracted path through the nasal conchae (which clean and msten the
incoming airstream) before arriving at the velum. Surrounding the asal
cavity are various other cavities, collectively known as the paranalssinuses.
These are coupled by very narrow apertures (ostia) to the nasedvity [43].
The bilateral maxillary sinuses and ethmoidal sinuses lie either side dfet
inferior and superior concha respectively, as per Fig. 4.3. The maxilasi-
nuses are large pyramoidal hollows, each connected by ostia ofn@a in
the superior, posterior nasal tract wall. The ethmoidal sinuses gsist of a
varying number of air cells and hence can have several ostia. Thdepoidal
sinus is behind the superior concha, connected by ostia behind eacrhe
frontal sinus is directly above the nasal bone, anterior to, and shfly above
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Figure 4.2: Midsagittal Section of the Adult Male Head with Annotated
Vocal Anatomy

the superior conchae. The sphenoidal and frontal sinuses arettbgplit by
a septum, which Sinnatamby observes is rarely along the midline, leadito
asymmetry in each [43].

At the root of the tongue is the epiglottis, which extends upwards o
the oropharynx during phonation, as per Fig. 4.2. A membrane knaowas the
aryepiglottic fold surrounds the path towards the larynx, folding @wn with
the epiglottis during swallowing to seal the airway. Surrounding thisold is
the thyroid cartilage, prominence in which is widely known as the "Adam's
apple'. The vocal folds (or cords) are the superior tips of the critiyroid
ligament, suspended over the larynx between the arytenoids (twonged car-
tilages) and the back of the thyroid cartilage. The arytenoids, in gobination
with larger laryngeal movements, serve to adjust the position annsion in
the vocal folds. During breathing the arytenoids are in a fully abdued posi-
tion so as to not interfere with air ow. The surfaces of the folds a covered
by the soft vestibular folds (sometimes called the “false' vocal fo)ds

Below the larynx is the trachea, a ribbed cylindrical cavity composedf
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Figure 4.3: Axial (left) and Coronal (Right) Views of the Adult Male Head
with Annotated Nasal Anatomy

15-20 rings of cartilage. Approximately 10cm long and 2cm in diametet
can expand to a length of 15cm during full inhalation and is also capable
of expanding and contracting signi cantly in diameter [43]. The tracka is
coupled to the left and right main bronchi (of approximate lengths nd
2.5cm respectively), which couple with the lungs via the lobal and segmtal
bronchi. The walls of the trachea are lined with mucus and cilia.

4.2 The Sound Source

During voiced phonation the vocal folds are adducted, leading to mstric-
tion of the glottis. The resulting increase in ow between the folds leds to
further adduction by the Bernoulli e ect, until contact, whereupon the air-
way is completely obstructed. This obstruction causes a pressutmp above
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the folds and a consequent pressure di erential. Since the addiw force
is no longer generated the pressure di erential causes the folds separate
past their original equilibrium point before consequent constrictionbegin-
ning a harmonic motion. This behaviour is often called the glottal cycle
characterised by the closed quotient and open quotient. The clasguotient
describes the fraction of a cycle for which the folds are closed, witie open
quotient likewise for an open condition. Fig. 4.4 shows a typical glottaycle
in terms of vocal fold contact area as measured by electroglottaghy (see
section 4.8).
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Figure 4.4: Inverted Estimate of Vocal Fold Contact Area Measurkusing
EGG for Adult Male Tenor Voicing / 37/ at 220Hz

During voiced speech the glottal cycle produces a strong fundante of
average value 120Hz for men and 210Hz for women [44]. This fundataé
is joined by a rich harmonic series, decaying at approximately -12dBktt in
spoken voice and -9dB/Oct in sung voice [4].

4.3 Sound Modi ers

The vocal tract is considered to describe the oral acoustic progation path
above the larynx, encompassing the pharyngeal and oral cavitieBhe contri-
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bution of the nasal cavity to phonation is typically treated separatly. The
vocal tract has a particularly characteristic acoustic response texcitation
by vocal fold vibration. Its response is largely dependent on its sha, which
can be manipulated by articulation of the vocal apparatus. The tague, as-
sisted by the mobility of the mandible provides a highly exible means of
altering the shape of the vocal tract. Movement of the lips and vef also
contribute to articulation in the vocal tract geometry. The larynx is capable
of slight vertical displacement and manipulation of the cross-sectial pro le
of the pharynx is possible.

4.3.1 Vowels

Vowels are the fundamental building blocks of voice-borne informanh de-
livery, constituting the smallest di erentiable phonetic units that can be
produced. Fant's acoustic theory of speech production descrifrmants as
the nal, dominant frequency peaks produced after lItering of a wiced or
unvoiced sound source by the acoustic transfer function of theeal tract [45].
In this theory the vocal tract and sound source are seen as lingaseparable
acoustic functions. Vowel determination depends upon the fregacy and to
a lesser degree bandwidth of the rst two resonant peaks (formss) in the
vowel spectrum [2]. The presence of a formant is dependent on aactive
frequency-domain sampling by the rich harmonic series of the soeartunc-
tion. Table 4.2 gives an overview of average measured formant fueqcies
for a range of vowels.

The shape of the vocal tract is the fundamental contributor to i transfer
function (vocal tract transfer function VTTF), a shape directly manipulated
by the vocal articulators. Correlating the VTTF with correspondirg articula-
tion is an ongoing challenge in speech research, and is addressed limit¢ed
extent by acoustic phonetics.

4.3.2 Acoustic Phonetics

Acoustic phonetics is a eld of research concerned primarily with thacous-
tics of voice production and consequent phonetic quality. It allowse physics
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Men Women Children

Vowel | F1 | F2 F3 | F1 | F2 F3 F1 F2 F3
il 270| 2300| 3000| 300| 2800| 3300| 370 | 3200| 3700
il 400 | 2000| 2550| 430 | 2500| 3100| 530 | 2750 3600
/H | 530| 1850| 2500| 600 | 2350| 3000 700 | 2600| 3550
/ad | 660| 1700| 2400| 860 | 2050| 2850| 1000| 2300| 3300
/A | 730| 1100| 2450| 850| 1200| 2800| 1030| 1350| 3200
/@ | 570| 850 | 2400| 590| 900 | 2700| 680 | 1050| 3200
/U | 440| 1000| 2250| 470| 1150| 2700| 560 | 1400| 3300
/u/ | 300| 850 | 2250| 370| 950 | 2650| 430 | 1150| 3250
/2/ | 640| 1200| 2400| 760 | 1400| 2800| 850 | 1600| 3350
/3 | 490| 1350| 1700| 500 | 1650| 1950| 560 | 1650 2150

Table 4.2: Average Formant Frequencies for Men, Women and Childre
after [2]

of voice production to be explored and for consideration of the acstic-
articulatory inversion of speech waveforms. The latter has applitans in
voice compression, voice morphing, synthesis and speech recaogmit Tradi-
tional acoustic phonetics replaces the vocal tract with an analogwof a more
simply appreciable response, be it mechanical or mathematical.

In the vocal tract one-dimensional axial resonant behaviour is danant,
responsible for formant reproduction as a function of the changjncross-
sectional area of the vocal tract and the terminations at eithemal [46]. These
behaviours can hence be reproduced with a one-dimensional chdinvaveg-
uides, such as in the case of the Kelly-Lochbaum model. The most simp
acoustical representation of the vocal tract (at least for a cles glottal condi-
tion) is the quarter-wave cylindrical resonator. This simple uniforntylinder
is most closely matched to IPA vowel B/, corresponding to a predominantly
neutral vocal tract position. Performing a one-dimensional appximation
of the behaviour for this arrangement is straightforward, as deomstrated in
section 2.4. Consider now a closer approximation to the vocal trasthereby
it is instead represented by the concatenation of two cylinders ofistinct
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cross-sectional area. The rst (closed at the far end) repress the pha-
ryngeal condition and the second the oral condition, where bothrafree to
change length and diameter in correspondence with reasonable tanaical
limits. The resonant frequencies of such a system are not repnesel by
superposition of each constituent cylinder's response, since cliog a ects
the behaviour of each [46, 47]. This coupling can be taken into accouny
considering the reactivity presented by one cylinder to the othegs per (4.1),
where A, and |, are the cross-sectional area and length of cylindarrespec-
tively and k is angular wavenumber. For frequencies satisfying the condition
of (4.1), cancellation of the reactive components leads to resorcan

c c
AL cot(kl,) + A, tan(kl;) =0 (4.1)

The test case, for two cylinders of identical cross-sectional arand length
is plotted in Fig. 4.5. It can be seen that all reasonable, non-triviabsolutions
of (4.1) occur at frequencies matching those of a simple cylindricalayter-
wave resonator with pure-real terminations.
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40000+ 7 Oral Cylinder ---:--- ]
~ 20000F i
Nl : ; ' ' ; B : '
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L -20000} 5 ]

-40000} ‘ 5 1

0 2000 4000 6000 8000 10000

Frequency (Hz)

Figure 4.5: Reactivity in Two-Cylinder System of Identical Lengths ad
Cross-Sectional Areas

Next, consider a two-cylinder analogue of the vowelA, featuring a
constricted pharyngeal section propagating into a more expansivral sec-
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Figure 4.6: Concatenated Cylindrical Analogue of 4/ - Dimensions
0:085 0:008! 0:085 0:016

tion, as per Fig. 4.6. In this case, the pharyngeal cylinder has dim&ons
0:085 0:008m and the oral cylinder Q085 0:016n. Fig. 4.7 demonstrates
the conditions for which (4.1) is satis ed, leading to formant transiions con-
sistent with movement between vowel con gurations3/ and / A/ as per Table

4.2.
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Z | | , | .
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Figure 4.7: Reactivity in Two-Cylinder System of Dimensions
0:085 0:008! 0:085 0:016 as a Mechanical Analogue efa=

Pursuing this model slightly further can illuminate an interesting featre
of vocal tract modelling. Two vocal tract analogues are shown in Figt.8.
Fig. 4.8a shows a short, constricted pharyngeal cylinder propageay into
an extended, more expansive oral cylinder. Fig. 4.8b by contrash@vs a
long, narrow pharyngeal cylinder coupled to a short, expansivearcylinder.
These are both representative of conceivable vocal tract corutations. Ap-
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(a) 0:0425 0:008! 0:1275 0:016

(b) 0:1275 0:008! 0:0425 0:016

Figure 4.8: Concatenated Cylindrical Analogues Demonstrating Rasant
Non-Uniqueness

proximation of their resonant mode frequencies by (4.1) is shown ings. 4.9
and 4.10 respectively. Despite each demonstrating overtly di eremeactive
trends, resonance is seen to occur at exactly the same frequesdn both.
While (4.1) of course represents a signi cant approximation, this ggests
that radically di erent vocal tract con gurations can produce similar reso-
nant behaviours at low frequencies where the one-dimensional wagtion
holds. This condition is described as acoustic-articulatory non-urugness,
where the acoustic to articulatory mapping is not on a one-to-oneabis [45].
Linguists relate vowels to articulation by the vowel space, as per Fig.11
which maps phones based on the lengthwise point of constriction inettvocal
tract and the degree of vertical constriction. A relationship can® established
between vertical and horizontal transitions in the vowel space dnformant
shifts, although a correlation with absolute articulator positions canot be
drawn, since multiple sympathetic articulations can contribute to tle same
overall e ect. Some e orts have been made to correlate moventsnn the
vowel space with constriction in the vocal tract through perturlation theory,
by which formant movements are predicted based on knowledge b&tpoint
of constriction and the likely position of nodes and anti-nodes in air pssure
[48, 49]. While informative, perturbation theory is based on assumiphs too
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Figure 4.9: Reactivity in Two-Cylinder System of Dimensions
0:0425 0:008! 0:1275 0:016

broad to be of genuine application to human speakers [50]. Indeedyane-
dimensional cylindrical representation presents a signi cant simplcation of
the vocal tract geometry.

By increasing the number of cylinders used to represent the vodahct
the geometrical accuracy of the analogue can be increased, althb its ac-
curacy will always be constrained to beneath the lowest frequentangential
resonant characteristic which for some con gurations can be asMas 3kHz.
Beyond a small number of cylinders, mathematical approximation ahe
system also quickly becomes non-trivial as the behaviour of eacHiger be-
comes dependent on all coupled combinations of its neighbouring cylens
[51, 52]. A preferable approach in this case is a scattering-baseddaloof
the cylindrical analogue, as explored in section 5.6.2. Chiba and Kajiya
observed that the VTTF could be better approximated using a serseof con-
tinuous mechanical analogues, as in Fig. 4.12 [53]. These analogupsasent
the cross-sectional area changes in the vocal tract, approxited from early
mid-sagittal X-ray imaging. They can be seen to produce graduabmwstric-
tions and expansions in the acoustic path, which is better repregative of
the articulations required for changing phonetic quality in vowel remduction
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Figure 4.10: Reactivity in Two-Cylinder System of Dimensions
0:1275 0:008! 0:0425 0:016

[9].

4.4 FHication and Plosives

Frication

Where air ow is forced through a constriction in the vocal tract tre ow
can become turbulent (see section 2.6). This turbulence can fuimt as an
additional noise-like sound source termed frication. This is the prinnasound
source in unvoiced speech, which does not feature the specttapge of voiced
speech. It is possible to generatmixed sounds, which use a combination
of vocal fold vibration and frication as an acoustic source. Fricates are
identi ed by the point at which they are generated. Fig. 4.13 showsypical
places of constriction, representing dental, labio-dental, alveolaand palato-
alveolar fricatives. For glottal fricatives the place of constrictions the glottis
itself, hence the vocal tract con guration is not explicitly respontble for
sound generation.
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Figure 4.11: Vowel space for IPA vowel symbols, after [4]

Plosives

Complete obstruction of the vocal tract under ow conditions cases a signif-
icant pressure di erential across the constriction. Sudden relakion of this

obstruction causes a pressure burst, the centre frequencywdiich is related

to the point of constriction [4]. As with fricatives, plosives are identied by

the point of constriction, as shown for bilabial, alveolar and velar ploges in

Fig. 4.14.

4.5 Lip Radiation

At the lips there is a signi cant discontinuity in acoustic impedance beteen
the oral cavity and the surrounding air, at which wave componentwill be
re ected and transmitted into the free eld accordingly. This charge in acous-
tic impedance is largely a function of lip position, which can be manipulate
to provide a variable ltering e ect. This ltering is known as lip radiatio n
and is often described by the complex radiation impedance at the ntby54].
Lip protrusion during speech (or indeed singing) also causes an elatign
of the vocal tract, changing its resonant and radiative behaviou55]. The
complex radiation impedance can be approximated by an in nitely angd
cylinder, giving a magnitude which increases with frequency at a griedt
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Figure 4.12: Mechanical vocal tract analogue geometries for veaganese
vowels after [9]. The ‘mouth' is on the left and the “glottis' to the rightof
each model

dependent on the size and shape of the aperture [11].

4.6 The Nasal Cavity

The nasal tract presents a secondary propagation path for theice source,
which can be coupled and decoupled from the vocal tract at the vetu While
the vocal tract is considered to provide the fundamental lteringfunction in
source- Iter theory of the voice [45], the nasal tract provides aadditional
Itering e ect. It is also fundamental to generating "nasal' phoneswhereby
the vocal tract is occluded by articulator contact leaving the nagaract to
function as the sole propagational path and the vocal tract a teminated
branch. Nasal phones are referenced by the point of occlusion hetvocal
tract, as demonstrated for bilabial, alveolar and velar nasals in Fig..X5.
When coupled, the nasal tract contributes signi cantly to the oveall
transfer function, introducing additional poles and zeros [56, 5B8]. Cou-
pling of the sinuses and paranasal cavities too has been shown toetean
in uence on the spectra of nasal phones, and interestingly nogrametry
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between the two nasal passages has been seen to introduceaepinle-zero
pairs [59, 60]

4.7 Glottal Coupling

A common assumption made in vocal tract modelling is that of linear sep
arability of the voice source and lItering functions. This assumptionfails
in several ways. The acoustic load presented at the larynx can &iethe
frequency of vocal fold vibration [42, 61]. Vocal fold opening/close causes
formant shifts by extension of the resonating structure [42]. Balwidth mod-
ulation of the formants can be induced by changing damping conditisr{62],
and the subglottal structure itself can introduce additional fornants [63].
To further complicate the nature of glottal coupling, each of these ects is
modulated by the cross-sectional area of the glottis [63]. Theseupting ef-
fects constitute a fundamental breakdown in the typical assuntipn of linear
separability in the vocal source and tract. Accurate formant reduction
remains the most signi cant requirement in vocal tract modelling. Bymod-
elling the vocal tract in a condition of glottal closure a strong appramation
of formant behaviours can be made with a one-dimensional analogsece
most coupling e ects modulate formant bandwidths and frequencseabout
this condition [62]. While the response of a vocal tract model assurgirin-
ear separability can be considered correct for this closed glottabralition,
it must be remembered that this will not necessarily be representaé of
natural phonation.

4.7.1 Subglottal Formants

The glottis is often modelled as being permanently closed, yielding an in
nite acoustic impedance and completely disregarding sub-glottal eviour.
The vocal tract is coupled via the trachea to the lungs by a complicatl
bronchial tree [43]. This structure has a complicated resonant baViour,
often characterised by subglottal formants [63] or a complex d@teristic
glottal impedance [46], although sub- and supra-glottal interactiois non-
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constant during voiced phonation. A static vocal tract model costructed
for glottal closure is hence unlikely to produce a complete frequgndomain
representation outside this condition.

4.7.2 Piriform Fossa

The piriform fossa are two small pockets in the larynx, sitting in the pi-
form recesses behind the thyroid cartilage surrounding the larynand the
vocal ligament as in Fig. 4.16 [43]. Often neglected in speech produntio
models they function as coupled branches either side of the voiceise, in-
troducing low frequency troughs and in uencing early formant frguencies
[64]. Study of the piriform fossa is complicated by their small dimensien
requiring accurate three-dimensional imaging.

4.8 \oice Measurement

There are various forms of empirical data, both dynamic and statiave can
use to describe the human vocal system. The usual demands ave hea-
surement of articulator positions, characterisation of source rigtionality and
determination of cross-sectional area functions. Dynamic poimise determi-
nation of articulator positioning is possible through electromagnetiarticu-
lography and electropalatography, although these provide only a&gy limited
description of the overall vocal tract con guration. The most caplete de-
scription of the vocal tract is collected through static imaging, trditionally
obtained through X-Ray imaging or computed tomography, and mer re-
cently through magnetic resonance imaging. Dynamic models of theoal
tract often begin with a highly detailed static model which is consequdy
warped using dynamic articulator measurements [65].

Characterisation of voice source function is widely approached bjee-
troglottography, by which a trace representative of vocal foldantact area
can be obtained. While the trace cannot be considered to provide @t-
curate portrayal of air ow through the glottis, its rich harmonic series is
representative of the acoustic waveforms generated by vocald vibration.
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An example of electroglottography is shown in Fig. 4.4.

X-Ray imaging provided the earliest non-invasive insights into the vat
anatomy [45, 53], allowing for capture of a single plane of the body inyan
dimension. Typically used for mid-sagittal imaging of the vocal tragtthe
consequent data can be used to predict the cross-sectionaleafenction of the
vocal tract and analyse articulator positioning. The use of X-Ray iaging
in targetted studies is no longer common due to ethical considerat® raised
by the harmful radiation dose delivered. This has also restricted ¢huse
of X-Ray computed tomography, which uses a rotating scanning sgm to
rebuild an image in more than one plane.

4.8.1 Magnetic Resonance Imaging

Magnetic Resonance Imaging (MRI) has quickly established itself as &-
valuable asset for speech research. Non-invasive and with no knoleng-
term side e ects it presents a means of developing highly accurateulti
dimensional models [3, 66]. MRI immerses the subject in a strong, stamt
magnetic eld, induced by a super-cooled magnetic bore in the scamtself.
This eld causes a sympathetic magnetic alignment of hydrogen atamn the
tissues of the body. A radio frequency (RF) pulse is transmitted bthe scan-
ner, knocking the magnetic alignment of each atom partially or comply
onto a normal transverse plane. In returning to its equilibrium alignrant (a
process known as relaxation) a decaying RF echo is emitted by eadrtjzle
at the same frequency as the initial RF pulse and is recorded by a ede
coil in the scanner. RF echoes are spatially separated by genergtishort-
time gradients in the magnetic eld across the scan region. Theseagiients
can be induced independently across all three axes by gradient cailsthe
scanner, allowing complete three-dimensional localisation [3]. Two feses
of the received echo are used to characterise the tissues fronmatihey were
emitted. The rst is spin-lattice relaxation time (or T,), describing the rate
of recovery in the direction of magnetic alignment. The second is spspin
relaxation time (or T,), which describes the decay of the signal in the trans-
verse plane [3]. Di erent tissue types will produce di erentT; and T, times
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as a function of the proton density (PD) in those tissues, as summised in
Table 4.3.

Tissue Type| Ti(ms) | T, (ms) | PD (%) | Examples

Fluid 1500 2000| 700 1200 > 95
Water-Based| 400 1200 | 40 200 60-85 | Muscle, brain, cartilage
Fat-Based 100 150 10 100 60-85 Fat, bone marrow

Table 4.3: Typical Tissue Types, and Characteristic Properties - t&fr [3]

The sensitivity of the imaging to any of these three characteristicugnti-
ties is dependent on the nature of the scanning sequence. Thetcast of a
T, weightedimage is largely dependent on th&; time of each tissue, likewise
for T, weighted and PD weighted imaging. This sensitivity can be con gured
by adjusting the time between successive RF pulses (repetition timeTR)
and the time from the RF pulse to its echo (or echo time - TE) [3]. Di erimg
tissue types will then be observable as changes in the brightnesshaf imag-
ing, allowing di erent tissue regions to be segmented by detecting rtpast
boundaries. Further examples of such MR imaging of the vocal triaare
provided in Chapter 6.

Summary

In this chapter the human voice has been introduced. The vocal atomy
has been explored, with particular consideration paid to its meaningif the
acoustics of voice production. Common means of collecting data aeding
the vocal anatomy have been explored. The human voice is an exirgly
complex instrument and even after decades of research resyggising its be-
haviour represents a considerable, multifaceted undertaking. @wof the most
fundamental assumptions made in voice modelling is that of linear sepa
bility of the vocal tract and the vocal source. While interactions beveen
the two have been identi ed, the assumption largely holds and signiantly
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reduces the challenge of physical modelling the voice production tgys by
separating the two functions. It is for this reason that the work dscribed
in this thesis will consider only the acoustic response of the vocahtt. In
Chapter 5, di erent approaches to time-domain numerical modellingf the
vocal tract (and the more general voice production system) willdintroduced
and assessed.
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(c) Alveolar (d) Palato-Alveolar

Figure 4.13: Midsagittal Imaging of Common Fricative Vocal Tract
Con gurations for an Adult Male
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(a) Bilabial (b) Alveolar (c) Velar

Figure 4.14: Midsagittal Imaging of Common Plosive Vocal Tract
Con gurations for an Adult Male

7

(a) Bilabial (b) Alveolar (c) Velar

Figure 4.15: Midsagittal Imaging of Common Nasal Vocal Tract
Con gurations for an Adult Male
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Figure 4.16: Graphical model of the pharyngeal cavity and larynx
indicating the piriform fossa
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Voice Modelling

Introduction

Having introduced techniques for acoustic simulation in Chapter 3 anthe
nature of the voice as a problem domain in Chapter 4, this chapter miines
the two by considering techniques for numerical simulation of the . It
begins by revisiting the implications of source- lter separation in voE mod-
elling paradigms, before investigating the acoustic contribution ohe vocal
tract and vocal source more closely. The manner in which geometiaata
is used in voice synthesis is addressed. The design philosophy andthe
behind physical models of voice production are described. Consaléon is
paid to how the digital waveguide mesh has been previously applied toige
simulation in a two-dimensional guise and the opportunities a ordedythe
dynamic digital waveguide mesh are introduced. The chapter condes with
an appraisal of comparable approaches to numerical simulation aige pro-
duction.

There are three fundamental requirements for a model of the ige, nat-
uralness, accuracy and intelligibility, the relative importance of whichde-
pends on the priorities of the particular application. Natural voice ythesis,
as described in section 1.2, is that in which the human listener can noéed
duce whether the output produced is a real human phonation or asulated
equivalent. Accurate modelling of the voice implies that synthesisedidio
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corresponds exactly to the performance of the physical acowsbehaviour of
system the model is analogous to. It is expected that an accuratemerical
simulation of the human vocal process will yield both intelligible and natal
voice. A model can however produce accurate and/or natural i@ without
being completely accurate as demonstrated here for simple physioceodels.
Intelligibility is a core requirement where the system is used for commica-
tion and essentially encompasses the ability of a model to reproduessential
phonetic features for interpretation of the voice waveform. Thenost funda-
mental and frequently targetted is formant reproduction, by wich vowel
identi cation is possible (as in section 4.3.1). For this reason, model$ the
voice are often examined in terms of their frequency-domain penfioance. It
follows that when the geometry of a resonator is adequately deted, its
consequent acoustic behaviour will be closely reproduced. This isywenuch
the aim of physical models, whereby simulation of the acoustic behaur
of the voice is approached by representation of the geometry dfet vocal
apparatus under the assumption of source- Iter separation.

5.1 Source-Filter Separation

As mentioned brie y in section 4.3, Fant's acoustic theory of speegbroduc-
tion delineates the voice production process into separate acaadunctions;
the source and the lIter [45]. The source in this case is the acoustiave-
form generated at the vocal folds and the lter constitutes the eoustic vocal
tract transfer function (VTTF). Source- Iter separation is a useful concept
as it breaks the challenges of physically modelled voice synthesis inteot
sub-domains, although it has been demonstrated that the VTTF ah the
source function are not exactly linearly separable, as explored incten 4.7.

5.2 The Vocal Tract

The acoustic behaviour of the voice is dominated by the frequencgsponse
of the vocal tract, as explored in section 4.3. This is often describé terms
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of formant frequencies and bandwidths. Above 4kHz, resonantodes are
not widely referred to as formants, since it becomes dicult to presribe

phonetic meaning to them. There are a number of other charactstics to

be observed in the vocal frequency response, such as notches ole-zero
pairs attributable to the nasal tract and paranasal sinuses (seéon 4.6) and

formant structures attributed to the resonant behaviour of tle sub-glottal

structure [63] (section 4.7). A complete physical acoustic moddi e voice

would reproduce all these characteristics, although in practice it ©nly the

early formants that are accurately reproduced in existing physitanodels.
This early resonant behaviour is largely dependant on the axial behaur of

the vocal tract - interpreted as its changing cross-sectional ea. These can
be e ectively reproduced by simple concatenated cylindrical analags, using
perturbation theory and simple acoustic phonetics as demonsted in sec-
tion 4.3.2. Models of greater geometrical accuracy and higher dinsgonality

are hence expected to reproduce higher-order resonant moeeth greater

accuracy.

5.3 The Voice Source

As explored in section 4.2, the periodic vibration of the vocal folds givise to
a strong harmonic frequency component and a rich, spectrally dgeng series
of harmonics. Since the source mechanism is rooted in complex agrainics,
means of implementing an appropriate model in the acoustic domainear
not entirely obvious. This is complicated further by the nature of sarce-
Iter separation, in that the source model must be appropriate foinjection
to a heavily abstracted vocal tract model [67]. A common approads to
use a waveform indicative of the air ow through the glottis. A popula,
parameterised example is the Liljencrants-Fant (LF) model, desbing the
glottal cycle (section 4.8) in terms of frequency, amplitude, and ostants for
growing and decaying exponentials [68, 69].

Another option is the injection of a real source waveform, althougthis
can be extremely di cult and dangerous to obtain. A comparable altenative
is injection of real EGG measurements (as in section 4.8). While EGG@r
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vides a measurement of vocal fold contact area instead of ow,dtarmonic
series of each is similar. EGG has the additional advantage of contaig
the slight cyclic variations intrinsic to human phonation. The strict pe&iod-
icity in prescribed source models (such as the LF model) can be extrely
damaging to perceived naturalness of the resulting synthesis.

5.4 Geometrical Data

5.4.1 X-Ray

X-Ray imaging provided the rst wave of non-intrusive anatomical inaging of
the voice, and contributed to improved understanding of the voigeroduction
process. Its most signi cant shortcoming in comparison to more ndern
techniques is that it only allows image capture in a single two-dimensiona
plane. While this shortcoming was addressed to some extent by caubgd
tomography, an increased understanding of the health risks pesged by X-
Ray imaging has led to the restriction of its application in targetted sidies
due to ethical considerations.

The most commonplace application of X-Ray imaging in developing mod-
els of the vocal tract has been the extrapolated measurementoobss-sectional
area functions from midsagittal imaging [53, 45]. The vocal tract igpanned
at several key positions along its path and this distance used as thdeam-
eter of an equivalent circle. In some cases the curvature of thecab tract
is taken into account (developing a polar coordinate system for exale
[70]), although in most the vocal tract is e ectively attened (resuting in
predictable formant shifts [71]). X-Ray data is also useful in the sty of
articulation, since changes in absolute articulator position can be sérved
between consecutive scans, if only in the midsagittal plane [45].

5.4.2 Magnetic Resonance Imaging

As explored in section 4.8.1, MRI presents an exciting opportunity fdull
three-dimensional imaging of the voice, allowing development of gtapal
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models of the vocal tract. These can be decomposed to generateurate
cross-sectional area functions (as required by simple physical aets) or used
to develop more geometrically complex models for reproduction ofcarstic
behaviours at higher frequencies. MRI also has applications in imagitite
nasal tract, paranasal sinuses and sub-glottal structuresréichea, bronchi).
While certainly possible, imaging of the source is more complicated due t
both the intricacy of its geometry and its highly dynamic nature.

Processing of MR imaging with respect to the vocal anatomy pregsn
some unique challenges. The rst and perhaps most signi cant is thahe
teeth (solid, calci ed structures) do not appear on scans, as demstrated in
Fig. 5.1. While it is possible to see the outline of the teeth in the gums and
as imprints on the cheek and tongue, exact segmentation of theeth is not
possible.

Figure 5.1: Midsagittal Image for Adult Male Phonation of 4:/ -
Demonstrating Absence of Teeth and Mandible

A number of approaches have been taken to tackle this issue, includ
ing the use of a Im painted over the subject's teeth. While this permg
segmentation of the teeth it also introduces signi cant artefactig in the
imaging [72]. It also introduces another alien element to a scanning pess
where it is desirable to match as closely as possible the conditions ot-na
ural phonation. A preferable approach is the reintroduction of a odel of
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the teeth constructed from dental scans [73], although this too ron-trivial
considering jaw mobility and the further ethical considerations intoduced
by X-Ray-based scanning procedures.

An additional challenge in MRI scanning is presented by the compronais
between capture times and scan resolution. MRI scanning is widelyaasto
develop highly detailed structural imaging of the brain, using scanat can
take up to 20 minutes. For imaging of the human vocal process a segte
scan is required for each articulatory con guration, which must m@ain still
for the period of that scan. Shorter capture times result in less rtion
artefacting in imaging, but come at the cost of image resolution. Anective
compromise is therefore sought.

Even for extremely high-resolution scans there is a practical limit tthe
structure sizes that can be obtained. For example, it can be di cultto
discern the ostia connecting the nasal tract to the paranasal sises, since
the walls surrounding the tract are extremely thin and as solid struares
can not be easily identi ed on scans.

Imaging of the vocal source has been best investigated using posp built
scanning coils [74, 75]. By speci cally targetting the larynx, the regio of
interest can be greatly reduced and scans developed that aretieetsuited to
its tissues and structure. Techniques for synchronisation of stédmes have
also been developed that allow successive images to be acquired athiag
intervals of the glottal cycle [76].

5.5 Mechanical Models

The very earliest articulatory models of the vocal tract were eleghmecha-
nisms, boasting the kind of physical analogue that system-modelsiaously
aspire to in the digital domain. The best known is perhaps von Kempels
speaking machine. This featured a set of bellows for the lungs, addarynx,
switchable nasal tubes and a deformable leather tube to represdme vocal
tract. While these models could be used to simulate simple vowels, more
complicated phonations are nearly impossible due to the unintuitive Gal
restrictive) interface. One particularly interesting modern applicon of me-
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chanical modelling is in anthropomorphic robotics, an example of whids
the Waseda Talker shown in Fig. 5.2.

Figure 5.2: The Waseda Talker WT-7RII, from [10]

This type of model combines substitution of the vocal anatomy fome-
chanical counterparts with modern control techniques for theimanipulation
[77]. The mechanised control system circumvents the awkward intace of
human controlled models but leads to completely deterministic movemis.
While the results of such biomechanical modelling for single phones da
convincing, replication of the intricate musculature of the human weal sys-
tem is extremely di cult, as is reproducing the acoustic and biologicathar-
acteristics of its constituent elements.

Aside from biomechanical speech synthesis, mechanical modelshef vo-
cal anatomy have an important role in the validation of numerical moels.
Many such constructs have been developed for this purpose arah@lso be
used to aid teaching and learning [9, 42, 78, 79]

5.6 Classic Articulatory Models

Articulatory methods encompass a range of approaches to modedithe
voice, whereby the overall e ect of the vocal tract (and in someases other
elements of the vocal anatomy) are imitated, as per Fig. 5.3.
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Figure 5.3: Functional De nition of a Vocal Tract Model, after [11]

The application of articulatory modelling to the voice is particularly exda-
ing as it provides an intuitive representation of the voice productioprocess
(mirroring the vocal anatomy as a transducer - Table 4.1). This is adn-
tageous as it allows control of voice synthesis on a platform directiglated
to articulation and phonetics, rather than relying on complex methds for
speech waveform transformation and analysis.

As previously explored, concatenated cylindrical analogues proei@n ef-
fective approximation of the vocal tract. This is particularly the cae for
low frequencies (incorporating early formants) where the axial aastic per-
formance of the analogue more closely matches that of the one-dmsional
component of the vocal tract acoustic eld. While desirable, directmathe-
matical determination of the acoustic performance of such a omlgnensional
analogue is non-trivial beyond the concatenation of 2-3 cylinderd€ven in
the one-dimensional case, the acoustic response of concatedatylinders of
changing cross-sectional area begins to become complicated. He tase of
a chain of cylinders the apparent impedance interface between cylers is
de ned by an awkward recursive function of the acoustic impedaraf those
cylinders which surround it. Direct mathematical approximation of he sys-
tem is possible [51, 52], but not straightforward. Many solutions enqy a
matrix, or transmission-line style model whereby each cylinder is regsented
by its characteristic acoustic impedance. Conditions for pressueand veloc-
ity continuity are established (as in section 2.3) and scattering is metled
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accordingly [41]. Rather than being mathematical de nitions of theystem
these approaches result in a system which models the behaviour loé tylin-
der chain.

Such one-dimensional systems are based on the assumption of atan
wave propagation, which does not always hold [5]. An illuminating case
is that of two concatenated cylinders, with a step in cross-sectiaharea.
Here a planar wave travels in rst (narrow) cylinder until incidence & an
interface to a cylinder of greater cross-sectional area. Thereaisstep' in the
cylindrical geometry, with corners which the propagating wave mugstantly
Il. This requires a violation of the principles of di raction and constart wave
speed. In fact, for the planar wavefront assumption to be satisd here the
wave speed would have to be instantly in nite. Blackstock resolveat this
violation is tenable under the condition that the ‘communication time' is
much smaller than the wave period [5]. For the small geometries of thecal
tract this error can therefore be largely discounted.

5.6.1 Transmission Line Models

In a transmission line model each successive cylinder is represenbgdan
LC circuit (with series inductance and shunt capacitance) as in Fig. 5.47]L
The inductance, L and capacitance,C of each are given by (5.1) and (5.2),
where is ambient air density, | is cylinder length, A is the cross-sectional
area of each cylinderg is the speed of sound an#t is angular wavenumber
[80].

= (5.1)
KA
== (5.2)

By series connection of theseC networks a transmission line model of
the concatenated cylindrical analogue can be produced, as in Figh5

Fig. 5.5 shows a noise rail used to selectively inject noise at variousrgs
of the analogue to approximate frication generated by constriate ow [81].
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Figure 5.5: Complete Transmission Line Model of the Voice, after [12]

The transmission line is also tapped at the position of the velum to fution
as the input to a comparable nasal tract transmission line. Output itaken
across a shunt inductance to approximate the complex radiation inegance.

5.6.2 The Kelly-Lochbaum Model

Where transmission line models propagate Kircho variables (as in deémn
3.1, the Kelly-Lochbaum (KL) model represents the same metholdgy for
the case of wave digital variables [82].

The KL model represents a chain of concatenated cylinders as aeen
dimensional wave variable based scattering network, providing an picit
representation of the one-dimensional lossless wave equation [82]this im-
plementation parallel delay lines represent uniform cylinders, acabng to the
d'Alembert solution explored in section 3.3. Discontinuities in charactes-
tic acoustic impedance between cylinders of incommensurate crgsstional
area are simulated using the simple non-homogeneous scatteringgtion
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derived in section 3.4 in Fig. 3.6. The implementation is demonstrated in
Fig. 5.6, whereZ,, represents the characteristic acoustic impedance of th&
cylindrical element andr,., represents the re ection coe cient de ning wave
scattering between elements andy, according to the scattering formulations
of section 3.4.

Z, 7] Zs

141y,

Figure 5.6: Scattering in the Kelly-Lochbaum Model at Acoustic
Impedance Interfaces

Injection to the model is by halving the source pressure signal aadding
to both delay lines. Similarly, a pressure signal is extracted by sumngrsym-
pathetic travelling wave components from either delay lines. Theserfctions
are demonstrated in Fig. 5.7.

Figure 5.7: Implementation of Injection and Extraction in a
Kelly-Lochbaum Model Across an Acoustic Impedance Interface

The model is nally terminated with boundary conditions representtive
of glottal and lip behaviours. These are represented &giwis and ri, in
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Fig. 5.8, which presents a complete prototype implementation. Whilehe
con guration of Fig. 5.8 represents a two-cylinder model, any nundy of
scattering units can be used to represent additional cylindrical uts.

Figure 5.8: Constituent units of a lossless Kelly-Lochbaum model dig
vocal tract

The major bene t of using the Kelly-Lochbaum model is its e cient, low
cost implementation in the digital domain, as per Fig. 5.8. Within each din-
drical section delay units and losses can be commuted (although ims®cir-
cumstances retaining a direct physical transformation is prefexd to commu-
tation) While it presents a very limited computational demand, the dgree to
which the model represents the vocal tract is still limited in that thegeomet-
rical representation is weak (as with any one-dimensional analogueAxial
acoustic behaviours are described, but tangential and oblique keefours are
not, leading to an incomplete representation of higher order modegVhile
only low frequency accuracy is required for reliable reproduction @farly
formants, higher frequency content is important for the percdn of natu-
ralness in synthesised voice (see secti®d® and [83]). Correspondingly, while
phones synthesised with such a one-dimensional model are cleartglligible,
they are not convincingly natural [16, 83].

A number of e orts have been made to increase the accuracy ofeth
Kelly-Lochbaum model (and comparable transmission-line models) hgk-
ing further losses into account [62, 12, 81]. These include losses ttuwave
propagation through the glottis, wave propagation into the vocatract walls,
vibration of the vocal tract walls and sound radiation at the lips [11]. Tiese
losses are largely functions of either velocity or pressure and aepresented
by either series or shunt losses respectively. In the case of thartsmission-
line model, reproducing these losses can be as simple as introducingjaex
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LC networks. For the case of the Kelly-Lochbaum model, these lossgs im-
plemented by manipulating re ection coe cients (and consequentlyupdate
equations) according to series and shunt loss factors, corresgimg to wave
digital Iters [62].

5.6.3 The Digital Waveguide

The Kelly-Lochbaum model is essentially a chain of digital waveguidegte-
dating their explicit formalisation [84, 82]. This similarity illuminates the

exciting capacity of the network for an intuitive extension into highe di-

mensionality models (as introduced in section 3.4). By producing twand

three-dimensional digital waveguide meshes it is possible to directlgpro-
duce tangential and oblique resonant behaviours of an appropre&ageomet-
rical model, and hence generate a more accurate reproductiontioé vocal

tract transfer function.

5.7 2D Modelling of the Vocal Tract

Considering the Kelly-Lochbaum model represents a one-dimensabnumer-
ical model of concatenated cylinders, Mullen took the next logicatep in
the development of these physical models and sought to increake tdimen-
sionality of the model. This was performed by generating a two-dimsional
membrane, of length and width corresponding to the length and diaater
of each successive cylindrical element. The aim was to reproducagdantial
resonant behaviours in additional to the axial behaviour and hendacrease
the lowest frequency for which the simulated system response dag consid-
ered accurate. The cylindrical elements of each were based orssrsectional
abstractions of MR imaging [85].

Use of a membrane adds an additional degree of freedom to the aloc
tract model. Rather than being represented by scattering unitghe discon-
tinuities between cylindrical elements are explicitly reproduced by veations
in membrane width. This provides scope for better representatioof re ec-
tive/absorptive behaviours of the vocal tract wall and hence geger control

110



Chapter 5. Voice Modelling

over formant bandwidths [86].

Since the vocal tract is of course not two-dimensional, such a modll
constitutes only an approximate representation of the VTTF. Whileoblique
resonant behaviour is not expected to be reproduced, it is fountat a more
signi cant shortcoming of the membrane model is exhibited by the riare of
acoustic coupling in the cylindrical model.

5.7.1 Acoustic Coupling

While representing a single bisecting plane of a uniform cylinder with ace-

linear membrane is acceptable, the nature of discontinuity in crosectional
area introduces ambiguities regarding acoustic coupling. In secti@m it has
been demonstrated that the characteristic acoustic impedancé @ cylinder
is a function of its cross-sectional area. In representing eachliogler as a
membrane, this relationship no longer holds. Whereas a one-dimemsib
network uses scattering junctions to explicitly govern re ectivetfransmittive

behaviour, multi-dimensional meshes rely on a correct speci c reggenta-
tion of acoustic behaviours to reproduce the overall e ect of shcacoustic
coupling. In the case of a 2D membrane representation, the saaing rela-
tionship supported is that of characteristic acoustic impedance asfunction

of diameter. Mullen circumvented this problem by squaring the e ecte

diameter of each cylindrical section [16]. While this served to ensurees
dimensional (formant) behaviours are accurately reproduced, mheans the
tangential modes produced are the product of an incorrect geeinical con-
guration. The two-dimensional mesh essentially presents a choitetween
correct reproduction of one-dimensional behaviours and corteeproduction

of tangential behaviours [47]. While it was observed that two-dimeimnal

modelling of the vocal tract produced phones that were more natl than

a one-dimensional equivalent, this perceived increase in naturalsemight

simply re ect the inclusion of high frequency content that is not puely rep-
resentative of a uniform cylinder, as explored in section 8.2.3.
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5.8 The Dynamic Digital Waveguide Mesh

As an addition to the two-dimensional membrane model, Mullen develef
a technique permitting real-time manipulation of the e ective cylinderdiam-
eters. Dynamic extension of the membrane geometry itself is noafble, of-
ten leading to physically inconceivable mesh behaviours. Instead antainer
mesh was generated, within which geometrical limits are represedtby gra-
dients in characteristic acoustic impedance. As explored in sectiom3scat-
tering in the digital waveguide mesh is governed by re ection/tranmission
coe cients determined from discontinuities in acoustic impedance. Bdy-
namically changing the characteristic acoustic impedance repretehby each
scattering node, re ective behaviours can be arti cially reprodued at any
point in the containing mesh.

In developing a dynamic voice synthesiser, Mullen incurred the additial
consideration of restricting computational demand for real-time peration.
As explored in section 3.11, the overall computational demand of aWM
system is largely determined by the system sampling rate. It was fod
that operation of a full container membrane with adequately ne satial
sampling across all conceivable vocal tract con gurations was né¢asible
in real time. Instead, a hybrid method was sought which combined ¢h
reproduction of axial resonant modes with an augmented represation of
tangential resonant behaviour. To implement such a system Mullemgployed
a container mesh membrane which was no longer geometrically analogo
width/diameter, and instead used impedance-mapping to reprodadhe e ect
of changing cross-sectional area functions. The raised-cosin@@dance map
for example applied a function of acoustic impedance across the viidof
the mesh, varying the weighting of the function appropriately for ltanging
cross-sectional area. This relationship is demonstrated in Fig. 5.8ch5.9b

The result of this implementation was an e ective two-dimensional impdance-
mapped dynamic digital waveguide mesh voice synthesiser, namedc&b
Tract.
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Figure 5.9: Linear Dynamic Impedance Mapping of a Concatenated
Cylindrical Analogue to a 2D Digital Waveguide Mesh

5.8.1 VocalTract

VocalTract (shown in Fig. 5.10) features a series of vertical slidergach
representing cross-sectional area at regular intervals along tlength of the
vocal tract. These can each be continuously varied in real-time toanipulate
the e ect con guration of the vocal tract analogue. A choice of nise, or
pitched synthesised source waveforms can be injected at the gkposition
allowing the synthesis of monophthongs, diphthongs and glottaliation. It
was also found that by closing and suddenly releasing certain aremdétion
parameters (representing the lips, tongue front for example) @ves could
be simulated.

The development of VocalTract was informative in many ways. Firstlyt
demonstrated that mesh-membrane representation of the vddaact trans-
fer function yields voice synthesis that it more natural than a simpl@ne-
dimensional analogue. This was attributed to the presence of namial
higher frequency content, even though in the case of the impedaamapped
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Figure 5.10: User interface for Mullen's real-time dynamic
impedance-mapped two-dimensional digital waveguide mesh voceddt
simulation software - VocalTract

2D membrane the tangential geometry is not completely accurate@l It
demonstrated that by injection of noise, frication can be simulatednd also
that by sudden release of complete constriction in a continuous dgmic
model plosives can be simulated.

It was interesting that VocalTract could achieve these results dpie hav-
ing made several key abstractions from the voice production press. These
include the omission of a nasal tract model and representation dfe vocal
tract as a completely straight path. The nasal tract is known to impct the
frequency response of voice, functioning as an acoustic branaid asecond
propagational path when coupled (section 4.6). Curvature of theocal tract
is also known to impact formant frequencies [71].

It's conceivable that VocalTract's impressive performance is due tiis
exibility in creating desired results, rather than by functioning as an accu-
rate anatomical analogue. For this reason, while it's an impressived its
application to the investigation of acoustic-articulatory correlatio is limited
as the articulators and indeed the vocal tract geometry itself aneot directly
instantiated. Perhaps the most important thing it does reveal is tht the
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path to more natural physical modelled voice synthesis indeed liesrdlugh
higher dimensionality acoustic representation. The application of dygmic
digital waveguide meshes also hints at the possibility of a fully-functial
multi-dimensional articulation driven physical model of voice acousts.

5.9 Other Numerical Models

The nite-di erence approaches to discretisation of the wave edtion intro-
duced in section 3.1 are not the only means of modelling wave behaviour
instead representing only a subset of techniques in computationaiid dy-
namics simulation. Finite-element and nite-volume provide similar, if mee
mathematically rigorous approaches. These methodologies involthe de -
nition of speci c points (in the case of nite-element) or volumes (in lhe case
of nite-volume) of interest in the problem domain, and the de nition of nu-
merical relationships between them. The numerical model is uncarasned
in terms of complexity (and computational intensity). They can be sed
to represent compressible conditions, situations of net ow (e ewely DC
in the acoustic domain) and they can incorporate mathematical meds of
aerodynamic phenomena such as turbulence in e orts to completedescribe
the problem domain. Such fully integrated numerical models consesqily
introduce an extremely large computational demand, although thidemand
is of course a function of model complexity (and hence accuracy).

These approaches to numerical simulation have been used widely inceo
research, with considerable success. They have been applied toutation
of the vocal tract transfer function [58, 87, 88, 89, 90] investjng coupling
with the nasal tract [58], studying the radiation eld at the lips and madelling
vocal fold vibration [21, 91].

While undoubtedly accurate, such models do not necessarily presédre
best approach. It is quite conceivable that nite-di erence basedumeri-
cal acoustic models are capable of providing a correct reproductiof voice
acoustics. It is additionally considered that such models are likely ta@sent
the smallest possible computational demand for natural reprodtion of the
vocal tract acoustics. While the capacity for explicit modelling of theletailed
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aeroacoustic phenomena of voice is exciting, aside for modelling tlwce it
is yet to be demonstrated that reproduction of these features isecessary
for natural voice synthesis. Mullen has demonstrated the operah of the
dynamic digital waveguide mesh, for real-time continuous manipulatioof
vocal geometries [33]. This function is particularly attractive for tle study
of acoustic-articulatory correlation.

Summary

This chapter has introduced several approaches to physical nedithg of the
voice and the problems typically confronted. Further, key methaosl for ac-
quiring geometrical data suitable for these models have been adssed. The
Kelly-Lochbaum model has been de ned and its extension to two-densional
models explained.

The digital waveguide has an established history in voice modelling and
while potentially more accurate frequency-domain approaches ta@austic
modelling exist, the digital waveguide mesh still presents an attraige method-
ology for vocal tract simulation. Perhaps the most attractive faget of the
digital waveguide is its capacity for time-domain operation and dynaim ma-
nipulation via impedance-mapping. Such a function is essential and ieed
intuitive to the development of a dynamic voice synthesis system. éguency-
domain accuracy can be increased to an arbitrary level by increagithe mesh
density, which in turn implies an increase in the computational demarsdof
the simulation. Numerical dispersion error is seen to introduce only lited
errors. The exibility of wave-variable simulation is also appealing, allow
ing the use of di erent connective topologies and the integration aiore
complex or complete boundary and scattering methodologies includirhy-
brid Kircho -Wave systems using the K/W pipe. The digital waveguide
mesh has also shown exciting potential for the use of domain-deqmsition
to reduce the number of mesh points required, which might well prae a
route towards real-time computation. Such simulations also have ¢hpo-
tential for distributed parallel implementation, especially exploiting gneral
purpose graphics processing units (GPGPUS).
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The digital waveguide mesh hence o ers an exciting avenue for plyal
modelling of the vocal tract. Chapter 6 demonstrates how thesedhniques
have been extended in the course of this study, to produce thrdenensional
acoustic models. The techniques for data collection and model de@mment
will also be introduced.
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Chapter 6

3D DWM Simulation of the
\Voice

Introduction

Having considered existing techniques for time-domain modelling oflacous-
tics of the voice in chapter 5, this chapter continues to demonsti& how a
three-dimensional digital waveguide mesh model of the voice can devel-
oped.

There are clearly signi cant bodies of work in di erent areas of time-
domain boundary modelling research. With the advent of K/W-Connetors,
itis possible to combine these techniques as and when is appropriatée key
considerations are perhaps computational complexity antecessity Scatter-
ing grids can very quickly become extremely computationally intensé&Vhile
using all available technologies at all times is certainly an attractive ppo-
sition, it is likely to result in a numerical method that requires a signi cant
amount of time to run. Whether the system is designed to work in rédime
or simply reproduce an impulse response for oine convolution, exssive
computational complexity has the potential to quickly render an imfemen-
tation impractical. Conversely, the ability to reproduce all the nuances of
re ective behaviour need not make it necessary. If an approximian of the
reverberation time of a uniform room with completely at walls is all tha
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is required, then excessive concern regarding the reproductioh d» usive

behaviour, for example, is unnecessary. It is most important thatie com-
plexity of a model is appropriate to its speci cations and is computadnally
conceivable.

The limited success together with obvious shortcomings of existingd-
dimensional equivalents encourage the development of a full thréenensional
digital waveguide mesh representation of the vocal tract. While Klg-Lochbaum
modelling presents an extremely limited geometrical analogue and tgeamensional
simulation is a ected by ambiguities in the representation of charaetistic
acoustic impedance discontinuity, a three-dimensional mesh proegla more
accurate geometrical solution. The two-dimensional DWM implies anxe
tension of one-dimensional wave-digital scattering techniqueshereby for-
mulations are adjusted to accommodate additional incoming wave ropo-
nents. The extension to a three-dimensional DWM is similarly straigior-
ward, whereby update equations must account for six connect®ifwith two
on each axis). This simple change will increase computational demaipabssi-
bly beyond the conceivability of real-time operation. It is however ®sible to
compute an impulse response representative of the vocal tracamsfer func-
tion (VTTF) (or in the case of a coupled nasal tract the vocal/nashtract
transfer function (VNTTF)). The anticipated result of such an improved
geometrical analogue is a more accurate representation of voiaouastics,
resulting (after convolution with an appropriate source waveforinin more
natural voice synthesis.

This chapter begins by addressing the challenges and issues prisen
by MRI capture of voice con gurations, continuing to introduce tre exper-
imental and scan protocols developed. It then details the stepslitaved to
transform the output of each scan into a graphical model and ceequent
numerical simulation. During this development treatment of the nad tract
introduces a number of challenges which are addressed and nallyetineans
for development of derivative two-dimensional models are describe
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6.1 Experimental Goal

For development of 3D models of the vocal tract in various articulaty guises,
accurate imaging is required for each. For optimal results, the stashould
minimise capture times (to reduce motion artefacts) while maximisinghe
resulting resolution. Development and prototyping of the scan ptocol is ex-
plored in section 6.2.2. The procedures followed to perform acousgcording
of the subjects are described in 6.2.1.

6.1.1 Validity of Data

An important consideration in the use of MR scans of the human head
whether the acquired imaging is truly representative of the vocakdct dur-
ing normal phonation. The most obvious di erence in phonation is thiathe
subject is in a supine (horizontal) position. Several studies have d@ssed
the di erence between supine and standing phonation, typically witta focus
on determining the validity of such MR imaging. Gravitation is seen to hae
a signi cant e ect on articulation, identifying backward movement d the
tongue and corresponding narrowing of the pharynx [92, 93] (atdst in the
midsagittal contour). Constriction of the pharynx may lead to rediced con-
sistency of each sustained phonation as the air passage becomealsat the
oropharynx, placing signi cant importance on the stability of the véum dur-
ing sustained phonation to avoid signi cant modulation of the crossectional
area. While the articulatory e ect of supine phonation is acknowledsf, the
phonetic implications are thought to be minimal [93, 73] (perhaps aideby
compensatory articulation). Engwall consequently investigated hether a
face-down position (instead of the typical face-up orientation) @uld remove
the articulatory artefacts of face-up supine phonation, insteadhding an
induced protrusion of the lips (in turn causing the cheeks to be pulleith)
and forward movement of the epiglottis [92]. While it is fair to conclude
that each orientation introduces undesired articulatory changeshe face-up
supine position is preferred since there is more understanding of asdicula-
tory consequences.

An additional, signi cant consideration in determining the adequacy D
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MR imaging is the consistency and stability of successive sustainedopia-
tion. Consistency in this case refers to the ability of the subject texactly
reproduce the same articulation immediately before, during and &ift scan-
ning. Stability here describes the ability of the subject to maintain ezh
articulation exactly for the duration of the scan. The challenge ofepeating
phonations is signi cant, demanding articulatory consistency and ehtical
source- lter interaction. It is clear that there is little reason to expect con-
sistency in phonation [94] and also that over a longer course of timeorpho-
logical changes can take place in the voice [95]. The manner of phooat
is hence not ‘permanent’. The likely lack of consistency is demonsteat
by conditions of non-uniqueness in the articulatory-phonetic trasformation,
highlighting a speaker's ability to retain phonetic quality in changing voie
quality. The awkward contextual in uence of coarticulation is also aised. If
phonetic quality can be considered consistent (where articulatiorag not)
formant values might be considered in successive phonations as aibanea-
sure of consistency. Short of successive MRI scans there canlitile way
of ensuring articulatory consistency. The relationship between gmetrical
manipulation and the articulatory vowel space (for early formanfsis clear
[96]. While the speaker might be trusted to reproduce formant fregncies
with some accuracy, higher frequency resonant behaviour is velikely to
change between any phonations.

Stability in scanning is crucial both in terms of maintaining phonetic
quality and in preventing motion artefacts in the resulting imaging. A#o
identi es three in uences on the accuracy of sustained articulatio [97]:

Gravity (Supine/Standing - as previously addressed)
Lung volume
Fatigue

The di culties presented by nite lung volume are obvious. A subject
cannot be expected to phonate continuously for longer than appimately
15s (although exceptions may of course be found). After this ped oxygen
debt may occur, leading to an increased rate of breathing and ceqgient
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articulatory variation. The e ect of periodically paused phonation isthe
introduction of multiple onset patterns, potentially carrying interacting for-
mant and fundamental frequency changes as the subject settl®o a target
reference pitch and articulatory setting. Such changes in the actlatory set-
ting during scanning cause motion blurring in the resulting imaging. Aatt
identi es signi cant unintended retraction of the tongue tip in the midsagit-
tal contour during phonation [97], which is perhaps unsurprising caeidering
the gravitational e ect of supine articulation. Engwall identi ed a number
of other features of sustained phonation [92]. First amongst thesvas a
reduced change in tongue contour for di erent vowels, combineditw the
gravitational e ect of a narrowed pharynx. He also observed a otradicting
hyper-articulation in some cases, particularly in generating a largeravity
in front of the tongue. It is interesting to consider these articuldbns as
compensatory for pharyngeal narrowing. Perhaps most intetesy, Engwall
observes the use of tongue body height to counter a reduction inrampula-
tion of the jaw. This is particularly applicable in the case of MR imaging
since the head/neck coil features a bar across the base of thenalvhich may
a ect the lowest possible jaw position. While little can be done to preve
this a ecting jaw height in some subjects, it is useful to be aware #t the
subject may use a changed tongue body height to counteract it édyield a
similar acoustic output.

To avoid the introduction of multiple onset patterns during scanningscan
the subjects will not be asked to repeatedly voice vowels, ratheoiging the
vowel for as long as reasonably possible then holding the articulatiam an
unvoiced condition for the remainder of the scan. It is consideredhat this
will improve articulatory stability in each phonation.

An additional concern is whether sustained phonations are indicagvof
real, dynamic speech. While not approached here, there are varsasirategies
employed to convert phonemes resynthesised using static imagimga form
suitable for dynamic voice [92].
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6.1.2 Experimental Protocol

Within the scope of this study, models will be developed for a set of 11
standard vowels, 3 nasals and 5 fricatives, as in Table 6.1. Coarticidey
contexts are derived from the maritime-themed example words of] [AVhile
not exhaustively representative of human phonetic capabilities, €y present
an appropriate sampling of the vowel space and vocal capacity tiet spoken
English language.

| Group | IPA | Co. Context | Description |

Vowel li:/ | neap
I1:/ | jib
[El | red
/&l | anchor
/A | hard
/6:/ | locker
/O | port
/U! | foot
[u:/ | food
/2 | rudder
/31 | stern

Nasal /m:/ | mast Bilabial
/n:/ | main Alveolar
/' Nf | rigging Velar

Fricative [ T! | thwart Unvoiced Dental
/.l | fog Unvoiced Labio-Dental
/s] | sea Unvoiced Alveolar
/SE | ship Unvoiced Palato-Alveolar
/'h:/ | heeling Glottal

Table 6.1: Experimental phones with coarticulatory contexts as pg4]

Reproduction of nasal phones is of course dependent on the depment
of accurate models of the nasal tract (and perhaps paranasatuses). Seg-
mentation of the nasal tract presents inherent challenges, aspdored in
section 6.4. Simulation of fricatives meanwhile is dependent on turbute
aeroacoustic noise generation, which cannot be reproduced bye tHigital
waveguide mesh. It is however anticipated that by injection of a na@ssource
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at an appropriate position in the tract, a similar e ect can be obtaind.
Movement of the subject during scanning can result in motion arta€ts,
which are typically seen as blurring of contrast boundaries in the imaw.
This e ect is hard to avoid in long phonations, particularly through sligt
movement of the velum and epiglottis. Fig. 6.1 demonstrates regioaghibit-
ing slight blurring caused by these movements. While largely inelectivit,is
hoped that highly trained singers and capable linguists are likely to dean-
strate stronger vocal motor coordination and hence hold a moréationary
articulatory con guration. For this reason, talented singers andinguists (in
some cases both) of either gender are chosen as subjects. iBigdnt details
(and pseudonyms used throughout the study) are provided in Téd 6.2.

Figure 6.1: Motion artefacts (blurring) caused by inelective moveme
during scan period

Scans are made at the York Neuroimaging Centre (YNIC), using a Gen
eral Electric 3.0T HDx Excite MRI Scanner. To use the facility an exhas-
tive ethical approval process is executed, including developmeritaosuitable
experimental protocol governing the processes to which partieipts are sub-
jected.
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| Pseudonym | Details |
Jack Male, English rst language, classically,
trained singer (tenor range), phoneti
cally trained.
Jill Female, German rst language, phonet;
ically trained, no singing background.
Jasmine Female, English rst language, phonet;

ically trained, classically trained profest
sional singer (mezzo-soprano range).
Jim Male, English rst language, classically|
trained singer (tenor range), no phot
netic training.
Je Male, French rst language, classically
trained singer (bass range), no phonetic
training.

Table 6.2: Pseudonyms and backgrounds of subjects for MR imaging

Before scanning begins, the nature of the experiment is explaineald¢ach
subject and a target pitch for spoken phonation is chosen (based musical
pitch the subject feels is closest to typical speech). Prior to thecanning
session each subject is taken to a fully anechoic chamber and théofeing
scanning process is repeated in both standing and supine orientatqsection
6.2.1 to provide an audio benchmark.

After the rst audio recording session the subject is taken immedialy
to the Neuroimaging centre. They are positioned in the scanner byhe
radiologist, who also provides each subject with foam earplugs angtical
headphones for hearing protection and to provide an intercom féty. The
chosen target pitch is played over the intercom as each scan is thexecuted
in turn. Before each scan the subject is reminded of the target phation
and counted in by the radiologist. The subject is noti ed when eachcan is
complete.

After scanning is complete, the subject is returned to the anecitocham-
ber to repeat the audio recording exercise.
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6.2 Method

6.2.1 Audio Capture

For objective validation and assessment of resynthesised voweids impor-
tant that benchmark audio is acquired corresponding directly to tla vocal
tract con gurations captured during scanning. While it would be ide&to
capture the sound produced by each subject during MR scanningudio
capture during the scan process is extremely dicult. Since the soaer
bore is an extremely strong electromagnet, no ferromagnetic neaials can
be taken within a given radius of the device. While there are commertia
available optical microphones [98], these still require potentially intsive
adaptive noise reduction techniques and are not currently availabla the
facility used. The design and construction of bespoke, predomirthnme-
chanical devices for audio capture during magnetic resonance inmag has
been addressed [99, 100, 101] but such devices introduce exeesemands
in obtaining clearance for use in a medical facility and are more invasitiean
optical microphones. Even assuming a system for audio capture im#éable,
the noise produced by the scanner during imaging is extremely high ébv
broadband and constantly changing. Noise cancellation and the imgeon of
a potentially awkward transducer con guration therefore presas an addi-
tional and signi cant engineering challenge [101, 100].

Instead of performing audio recording in-situ, the same phonatisnare
instead captured immediately before and after scanning, utilising aqocol
matching that of the scan procedure as closely as possible. The gdure is
repeated for both standing and supine subject positions.

The subject is tted with a headset mounted AKG CK77 omnidirectioral
lavalier microphone and a set of Audio-Technica ATH-M30 closed-dabead-
phones. A recording of a typical MR scan process is played over thead-
phones, to mirror the occlusion of auditory feedback experiencedring the
scan procedure. A cue tone is added at the pitch chosen with thebgect, fur-
ther mirroring the experimental protocol. The same sequence ofignations
is performed as during MR scanning, in the given co-articulatory ctext.
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The subject is also asked to wear Laryngograph EGG electrodeghioh will
be later used as a linearly decoupled source for 3D simulation. Acaast
output (3cm from the lips) and the EGG trace are each recorded dt92kHz
sampling rate using 32 bit resolution in Audacity via Firewire connectiomo
an RME Fireface 800.

While primarily providing a benchmark for validation, the audio acquired
also o ers an opportunity for objective assessment of the contiity between
standing and supine orientations, consistency in supine phonatioma sta-
bility of sustained supine phonation. As discussed in section 6.1.1, tbaly
anticipated metric for consistency between separated phonat®is formant
frequency. These are measured over the period of a scan by catapon of
power spectral densities for each plot. For a measurement of rotstabil-
ity during sustained phonation, the tracking of formant trajectay standard
deviation has been suggested [102], particularly focussing on thewsw® for-
mant. This is easily possible using simple linear prediction techniques, as
demonstrated in section 7.5.

6.2.2 Scanning

A series of pilot scans were carried out with the intention of determing the
optimal scan protocol for minimised capture time and maximal resdiion.
The nal scan developed was a 3D fast gradient echo sequenceg tetails
of which are given in Table 6.3. The of TE = 1.7s (echo time), TR = 4.8
(repetition time) and a 5 degree ip angle. Acquisition is isotropic 2mm in
a 192x192 matrix. Output is then interpolated to 512x512 using 50%lice
overlap giving an e ective anisotropic output of 0.75x0.75x1mm. A ack of
80 images is produced in the midsagittal plane in approximately 16s.
During prototyping e orts were made to collect imaging of plosive con
gurations, however plosives are largely dynamic processes ana atrongly
coarticulation dependent. In the case of such phones it is considdrthat
static imaging is not useful, however it is instead suggested that ples
imaging could be approached using dynamic MR imaging in future studies
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Static Protocol
Te 1.7ms
Tr 4.8ms
Flip Angle 5
Bandwidth 41.67Hz
FOV 260mn?
Slice Width | 2mm (50% separation)
Matrix 192 192

Table 6.3: MRI protocol developed for static vowel scanning

6.3 Model Development

The completed scans are delivered in NifTl le format, rolling all images
and a header into a single le with a header, compressed using GZip. A
set of DICOM (Digital Imaging and Communications in Imaging) compliah
images are also provided.

The imaging delivered consists of a serious of 16-bit 512x512x80 atrigpic
greyscale images (0.75x0.75x1mm resampled from 2mm isotropic imggin
whose voxel intensities describe tissue types as determined by treture of
the scan (section 4.8.1). Most medical imaging software allows thecoenpo-
sition of this series of images to allow inspection on all three planes dgéal,
axial, coronal) as shown in Fig. 6.2 using the open source viewer FSlwie

Before simulation, the vocal tract model must move through a ses
of steps of abstraction from this initial data. The rst is the develgpment
of a three-dimensional segmented graphical model of the vocahdt (and
possibly nasal tract), by separating regions of interest in the imagg. In
this case this means delineation of the vocal pathways from the sounding
anatomy. Segmentation is a common challenge in medical imaging, henc
open source solutions are available, explored in section 6.3.1. Theosekc
step is the development of a uniform grid tting inside the graphical radel
to represent a 3D rectilinear topology digital waveguide mesh, asp@ared
in section 6.3.2. The nal step of abstraction is the decomposition dhis
geometrically meaningful grid into a data structure well suited to ecient
numerical simulation, explored in section 6.3.3.
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Figure 6.2: Inspecting MR imaging using FSLView, in Coronal (top left)
Sagittal (top right) and Axial (bottom left) planes

Each stage in this abstraction process produces a deliverable thzdn
be saved in a VTK (Visualisation ToolKit [103, 104, 105]) format. VTK
is a freely available open-source graphical visualisation toolkit, widelysed
in research and medical imaging. Based on OpenGL, it can be used din a
common platforms and used with several common programming larages
(C++, Java, Tcl/Tk, Python). The popularity and accessibility of VT K,
along with the widespread provision for its le formats in open sourcwols
makes it a good choice for storage and manipulation of graphical datypes,
especially considering accessibility of the data for future studies.
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6.3.1 Segmentation

In the case of the vocal tract, segmentation describes sepaoat of the air
path from the vocal tract walls (including the lips, tongue, epiglottislarynx).
This task is made easier by the scan protocol (section 6.2.2), whichaisti-
mised for intensity variance between tissue and air. Development afthree-
dimensional model from two-dimensional constituents is still norrivial and
while increased resolution in imaging permits a more detailed view of the
pathway limits it also eliminates the possibility of piecewise segmentation
by hand. Various approaches have been taken to automatic segiaion
of the vocal tract from MR imaging, varying from simple regional intasity
thresholding Iters [106] to edge-detection driven spline tting [73].

Here an automatic image-contour segmentation algorithm is usedrgp
vided as part of the freely available ITK-Snap tool for biomedical sticture
segmentation [107]. This algorithm is based on the concept of snakela-
tion, whereby a contained region expands or contracts accorditmsectional
velocities determined by contours in regional image intensity. This pcess
is demonstrated for the case of vocal tract segmentation in Figs.3 through
6.6.
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(a) Multi-Plane View in ITK-Snap

(b) Windowed regional selection

Figure 6.3: Windowing of MR imaging for adult male phonation of I’/ to
isolate vocal tract pathway
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(a) Bubble positioning to initialise segmentation region

(b) Evolutionary growth of segmentation region according to intensity
regions

Figure 6.4: Evolution of vocal tract segmentation for adult male phmation
on/l:/
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(a) Further evolution of segmentation region

(b) Final, uncorrected segmentation

Figure 6.5: Further evolution and completion of segmentation for adk
male phonation on A:/
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Figure 6.6: Mid-sagittal view of completed (uncorrected) segmeatton

In Fig. 6.3a, the original data is loaded into ITK-Snap as a NifTl le.
Fig. 6.3b shows the same imaging, for which a three-dimensional regiof
interested has been selected (the limits of each view) and the imagemsities
windowed to provide a clear delineation of free space (or indeed solionie)
and soft tissue.

To bootstrap the segmentation algorithm initial regions are requick
These are created by positioning three-dimensional spheres bobblesnside
the intensity region of interest, as demonstrated by Fig. 6.4a. Ini§. 6.4b
the segmentation algorithm has begun, allowing the initial bubbles toxpand
into the intensity region but not across intensity contours. The sgmented
region is displayed in the lower left panel of ITK-Snap. This procesi-
tinues through Fig. 6.5a to Fig. 6.5b, which shows the nal condition fothe
segmentation.

Fig. 6.6 shows a mid-sagittal view of the completed segmentation,rden-
strating successful delineation of the vocal tract pathway, butlso expansion
into the cavities left by the teeth. The region segmented constites the oral
vocal pathway superior to the larynx. Other than for the explicit @ase of
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nasal phones, there was no visible coupling of the nasal tract. Ets were
also made to segment the nasal tract and paranasal sinuses (&plared in
section 6.4) and the trachea. It is not anticipated that the sub-gktal struc-
ture will be included in simulation of voiced vowels until a suitable dynamic
boundary mechanism is devised for the vocal folds.

The geometry of the larynx is obviously important to the aerodynaim
and consequently acoustic nature of the source. While a reasolyatietailed
segmentation of the larynx is possible with the current imaging, it is diti-
pated that with advances in laryngeal imaging technologies a moretdaed
model may be possible in future [76, 74, 75]. For the purposes of therent
study it is considered that the level of detail attained here is adeaqte.

As the segmentation region expands during segmentation, it is peittad
to exceed the lips and nares. This allows for inclusion of their shape inet
segmented model (as shown for the lips in Fig. 6.6), consequentlyangorat-
ing their radiative characteristics in simulation.

Since the teeth (and other bony structures in the facial anatomydo not
appear on MR scans, the segmentation algorithm frequently expds into
regions that are not part of the pathway. This is demonstrated byFig. 6.6,
where the segmented region has grown to include the lower and uppeeth
(to the right hand side of the lips in the image). It also automatically mees
into the trachea since the vocal folds demonstrate an averagedsition (as
shown in Fig. 6.7). These errors are corrected by hand using an atlae
paintbrush after automatic segmentation (which can be particuldy time-
consuming).

After segmentation, the region is saved as a surface mesh (in VTIKOIy-
Data format) and the segmentation itself is saved as an Analyze foat im-
age. Saving the segmentation separately allows for later modi catie such
as the inclusion of a standard model of the nasal tract and parasa si-
nuses, or addition of detailed dental models. After segmentationcmplete
three-dimensional model of the vocal (and possibly nasal) tract available,
suitable for inspection and development of various types of numealonodel.
Such a model is shown in Fig. 6.8, which also shows the same model wité t
lip radiation dome cut away to reveal the lips. The next step is to deVap a
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Figure 6.7: Coronal section of adult male during sustained phonation
demonstrating average vocal fold positions with signi cant motion rdefacts

isotropic three-dimensional grid suitable for DWM-style computatio.

6.3.2 Development of Sampling Grids

The development of sampling grids was performed using image stencglin
functions provided as part of the VTK toolkit. The polydata repregntation
of the vocal tract is rst transformed into an image stencil. This sencil is
applied to a regular three-dimensional grid (in this case a three-dimsional
vtkimageData) whose isotropic voxel dimensions correspond tbe spatial
sampling interval presented by the desired simulation sampling rateGrid
elements that fall inside the stencil geometry are assigned the kravalue
1.0, whilst elements outside the geometry are assigned 0.0. The shay
the geometry has hence beestencilled into the regular grid. This grid is
then traversed, generating a graphical model of lines and pointgstribing
the construction and connectivity of the sampling grid, as shown ini§. 6.9.
This nal graphical model is saved as a vtkUnstructuredGrid. Repesenting
the sampling grid in this format is advantageous as it explicitly de neste
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Figure 6.8: Three-dimensional view of graphical model of the segnted
vocal tract for adult male phonation of /I:/ with and without lip radiation
dome (left and right respectively)

cartesian geometric position of each sampling point in the network. he
corresponding VTK class also features a number of member funetgowhich
allow neighbouring points to be determined. Since the sampling gridsear
intrinsically linked to a given spatial sampling interval, they are speci cto
a given system sampling rate and must be recomputed should this dgg.
Fig. 6.9 shows the original PolyData model, together with grids of sgsting
rate 96kHz, 192kHz, 384kHz and 768kHz. Note that the 96kHzigris not
completely connected, and the 192kHz grid is very sparsely sampled

Whilst it may be desirable to maintain the direct geometrical represen
tation of the sampling grid during simulation, an e cient implementation
suggests a more abstracted approach. The next step is hence thecom-
position of this geometrically analogous model to a structure suitédb for
simulation.
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Figure 6.9: Original PolyData for adult male phonation of I:/ (far right),
with consequent sampling grids corresponding to system samplinges of
768kHz (far left), 384kHz, 192kHz and 96kHz

6.3.3 Implementation

The major requirements of the implementation within the scope of ik
project are:

Reasonable execution time for computation of an impulse response

Flexibility - Reusability, adaptability, compilation on di erent architec-
tures.

A reasonable execution time is a fundamental requirement. At thisaye
exibility is more desirable than absolute optimisation. While the use of
processor-speci ¢ intrinsics would accelerate execution it would imgper porta-
bility and within the scope of the project, accessible and highly maniear
ble programming is preferred. Flexibility also entails the ability to chang
methodologies as desired; changing boundary update equationsdgample
should not require a rewrite. To this end a strongly object orientedpproach
IS pursued.
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For simulation of a wave-variable based scattering network, a nogentric
approach is preferred (as explored brie y in section 3.11). In thisase, each
scattering point is an object, aware of its neighbours and respable for
its own update and shu e operations. While this places a large demand
on memory (as explored in section 3.11), it should not be computatialty
infeasible, and the approach is well suited to an object oriented nietdology.

The low level arrangement of the data structure is shown in Fig. 6.10
and the complete collaboration diagram in Appendix B.

Figure 6.10: UML diagram of the data structure

The primary element is a virtual base class - the Element. This base
class represents each point in a given sampling network, establishitige
functions that any subclass must be expected to perform and itsamber
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variables (particularly an array of pointers to neighbouring elemest and
variables to contain wave quantities). This base class is inherited byolde
and Boundary, the former representing scattering nodes in a hageneous
medium (in this case air) and the latter representing boundary node Each
adopts functions suitable to its type. These elements are contatheithin the
class Model, which holds arrays of pointers to all nodes, boundatis®urce
nodes and receiver nodes. The Model class is responsible for geimey
the data structure from any ingested sampling network (the modéuilt in
section 6.3.2), driving update of all contained elements and also fojantion
/ extraction from the data structure.

There are three steps to generating the data structure from éhgraphical
model of the sampling grid. The rst is to generate Element objectfor all
points in the structure. The second is to traverse all points in the mested
sampling grid, establishing pointers to neighbours according to a maform
table maintained in the Model class and casting all appropriate Elemen
to Nodes. A pointer to each Node is added to the Node array in Model.
The nal step is to traverse the Node array, generating Elementsasted to
the Boundary class and assigning them to any ‘loose' connections imet
data structure. A pointer to each Boundary is added to the Bourary array
maintained in the Model class. Once the data structure is constried, a
complete traversal is performed to check for leaks (null connemts) and
physically impossible connections.

C++ is used to implement the system, for ease of integration with VTK
and e ciency. Compilation is by gcc on a Linux platform, however thee are
no constraints to compilation on Windows/Macintosh systems othethan
VTK installation. The C++ standard library is avoided for the main data
structure for e ciency, although vectors are occasionally used ithe higher
level interface to maintain lists of less signi cant objects. Compiler ininsics
are not yet implemented for transparency, although it's considedethese will
considerably improve performance. Double precision (64 bit) oatm point
variables are used to contain wave variables to provide a large dyn@mange.
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6.3.4 Visualisation

Visualisation is an extremely useful tool to ensure behaviour duringimula-
tion is acceptable. It can also be extremely informative as to the nate of
the radiating behaviour, as time-domain simulation lends itself directlyo
wavefront visualisation. Since all data types used in the developntenf the
simulation (with the exception of the nal data structure) are bagd on VTK
primitives, it is also remarkably straightforward.

Since visualisation in three-dimensions is complicated (due to the lack
of a suitable viewing position), a view of user-selectable two-dimensab
planes is preferred. To achieve this, the user selects any numbérmpoints
from the original graphical sampling network and saves them as apseate
vtkUnstructuredGrid. The higher-level user interface builds a n& graphical
grid structure based on these points and constructs a lookup tibto map
its constituent points onto the corresponding entries in the simul&n data
structure. This grid is displayed onscreen during simulation. The calo of
each point on the grid is determined by the current pressure of itoe-
sponding element in the data structure, mapped through a blue-decolour
map.

An example of the resulting visualisation is shown in Fig. 6.11. Any num-
ber of di erent planes can be added to a single visualisation to inspedif-
ferent aspects of the simulation. It should be remembered that wvalisation
signi cantly slows down simulation, so simulation is kept entirely decoupd
from visualisation in the program structure and can be easily disabled

6.3.5 Boundary Formulations

The boundary formulation currently used in this project is the simpleone-
connection wave variable re ection boundary derived in section 3.6Re ec-
tive coe cients are set and stored in the Boundary class. While cotiguting

a signi cant approximation with regard to anticipated re ective behaviours
in the system, these boundaries demonstrate an acceptable pemriance for
more simple geometries used in validation (in Chapter 7). In the voctahct,
the boundaries are expected to perform poorly in two major waysThe
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Figure 6.11: Visualisation of 768kHz simulation of adult male phonationmo
/1:/, using single mid-sagittal slice inspection

rst is the frequency independence of the one-connection bowemy, based
on an assumed pure-real discontinuity in acoustic impedance. The ective
behaviour of the soft tissues of the vocal tract (and indeed nds@aact) are
likely to exhibit frequency dependent behaviour which will not be remduced.
In the simulations performed here all vocal tract limits (with the exeption
of the exterior of the lip dome) will also be assigned a uniform re ectiv
coe cient. This is unlikely to be the case in the real vocal tract, ashe hard
palate for example would be expected to exhibit a di erent re ectivecharac-
teristic to that of the tongue. If desired, more accurate anatoroally-speci ¢
re ective behaviours (and hence boundary formulations) can betnoduced
at at later date by inheritance of the Boundary class. This might allowor
introduction of frequency-dependent wave-digital Iters for eample.

The second major shortcoming of the formulation is in its absolute iijty.
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Much of the vocal tract consists of soft tissues which might be egpted to
vibrate in mechanical sympathy with air ow or acoustic resonanceserving to
modify the e ective damping. While the acoustic manifestation of this ect

could be represented by the modulation of re ective coe cients, aneans of
directly simulating the e ect is not apparent.

6.3.6 Injection

Injection to the mesh will be by means of a point-oriented soft soce mecha-
nism, adding a wave variable signal to the existing eld at a single nod&he
point at which injection is made is determined by selection of a single poin
in the graphical model of the sampling network, loaded into the progm as
an additional vtkUnstructuredGrid by the higher level user interbice. This
nds the point in the simulation data structure and adds it to a vecta of
injection nodes. A PCM .wav or data le containing the signal for injetion
is simultaneously loaded, whose contents are linked to a single entrythe
injection vector. By this means it is possible to inject an unlimited numéer
of signals to any point in the simulation simultaneously.

Initially, injection will be on a point-source basis. While the voice sourc
IS not a point source (perhaps better matched to a radiating line obsrces),
development of such a mechanism is beyond the immediate scope & th
thesis. Validation tests demonstrate that this basic mechanism is isable
for determination of acoustic impulse responses (Chapter 7). Tlieveloped
system could readily be used as a testbed to investigate such an eggeh.
The point source in this case is positioned at the approximate centpoint
of the vocal folds.

The injection signal here is a bilateral sinc function, whose zero sgings
correspond to a cut-o frequency of 2RHz. This is used to prevent system
excitation at excessively high frequencies, removing the potentialr aliasing
error. The support of the sinc function will be determined as a fution of
the simulation run-time. The signal will be recomputed for di erent gstem
sampling rates.
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6.3.7 Extraction

Extraction is executed similarly to the injection mechanism. A point is &
lected, saved as a vtkUnstructuredData type and ingested thugh the higher
level interface. Any number of points can be added in a single le, pders
to which are added to a vector of extraction points. During simulatin, wave
variables are extracted at each relevant node and saved to indivaluwectors
for each output point. At the conclusion of each simulation these arsaved
to individual data les, with names corresponding to the extractionpoint.

For the case of vocal simulations, an array of receivers is positionat the
centre of the lips, slightly outside the maximum lip protrusion. Extrating
from a eld of points rather than a single point allows for a wider inspamn
of a pressure eld, especially useful where the eld is likely to be spatly
sensitive (such as in the case of lip radiation).

6.4 The Nasal Tract

Compared to segmentation of the vocal tract, segmentation ofi¢ nasal tract
constitutes a signi cant challenge. As explored in section 4.6, the sal tract
is fundamentally di erent in nature to the vocal tract. Whereas the latter
consists of a generally open, empty pathway the former is a labryhinhe
structure of more narrow pathways. Fig. 6.12 shows the nasakut in axial
and coronal projections. The conchae, particularly visible on Fig..B2b,
are curved shelves of bone [43] projecting into the body of the aagract.
Tracing the spaces around the conchae is reasonably straightfard, however
it is not always completely clear where the pathways end and the sounding
bone and cartilage (which are not clear on scans) begins. The natuof
this bone also complicates connection of the paranasal sinuses. e3é are
considered to impart a signi cant e ect on the vocal process [57,95 60],
even if it is not yet entirely understood. At their most simple the paraasal
sinuses can be seen to function as Helmholtz resonators, the ¢ et which
is impacted by their point of coupling to the nasal tract - the ostia. he
positions of these ostia are extremely hard to determine from s&nsince
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the surrounding wall is particularly thin (as in Fig. 6.12a).

(a) Axial (b) Coronal

Figure 6.12: Axial and coronal plane views of structural nasal tca scan
(no phonation)

Since the nasal tract is a predominantly static structure, a di erat scan
protocol can be used to collect higher resolution imaging with a signantly
longer capture time. The head coil can also be used, allowing a more-ta
getted image than is the case for the head and neck coil used forcab
tract capture. In this case the preferred structural scan resdts in a stack of
116x512x512 images of non-isotropic 1.00x0.75x0.75mm voxel sgac

Segmentation of the nasal tract is approached using a combinatiofthe
automatic snake evolution algorithm used for vocal tract segmeation, and
manual segmentation (using ITK-Snap's adaptive paintbrush). Tis can be
extremely time-consuming, but need only be carried out once perlgact.
After segmentation the model can be reloaded in ITK-Snap and cdwned
with a segmented vocal tract model.
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6.5 2D Derivative Simulation

The same function that can be used to extract slices for visualisatiqsec-
tion 6.3.4) can be used to develop two-dimensional simulations from larée-
dimensional sampling grid. Each class used in simulation has two-dimemsl
equivalents of each of its member functions. Where the Model classuld
normally be used to construct a data structure based on threardensional
simulation, it uses a separate method to build an equivalent structerfor
two-dimensional simulation of a given slice. This is extremely useful theck
the comparative performance of two- and three-dimensional sitations. It
is only important that the sampling grid developed uses a spatial sarnpg
interval that is consistent with two dimensional simulation (accordig to
equation 3.22 of section 3.2).

It should however be remembered that two-dimensional decomjitemn of
a three-dimensional graphical model is not expected to be corre&xisting
two-dimensional models make a number of compromises to ensurerect
reproduction of axial or tangential resonant behaviour. In this &se were a
midsagittal slice to be chosen (as in Fig. 6.13), the cross-tract distces are
not likely to be indicative of changing cross-sectional area, hendegetmodels
represent a signi cant (and potentially physically inaccurate) abstction.

Summary

In this chapter techniques for development of a three-dimensidn®WM

model of the voice have been described. The complications inher¢mtac-
quiring appropriate data are explored, along with a description of #nresult-
ing experimental protocol. While the development of geometrically aarate
sampling grids suggests an appropriate analogue for numerical slation,
this is by no means an assurance of consequent acoustic correstn For
the results of numerical simulation to be useful, a rigourous validatioof the
techniques used must rst be performed. This validation is approaed in
Chapter 7, for models of progressively increasing complexity.
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Figure 6.13: Extraction of a two-dimensional derivative mid-sagitta
sampling grid (right) from a complete three-dimensional model
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Benchmarking and Validation

Introduction

Chapter 6 introduced the techniques employed in this project forumerical
simulation of vocal-tract-like structures. While mathematically rigouous,
no numerical model can realistically reproduce the true complexityf acous-
tic behaviour. To this end, a number of approximations and simpli cabns
are made throughout the simulation process. Validation of the numeal
simulation technique is hence fundamental to the value of the ressilt It
must be possible to demonstrate the trustworthiness, accura@nd poten-
tial error inherent to such an approach. This chapter encompass e orts
made towards validation and benchmarking of the simulation technigu A
series of structures are introduced, all analogous to the vocahtt, but of
increasing geometrical complexity. A combination of direct mathentiaal
determination and acoustic measurement are then used to asstéssvalidity
of corresponding simulations. Section 7.1 begins by considering sintigla
of a simple enclosed cuboid, using direct mathematical determinatiaif an-
ticipated resonant behaviours. Section 7.2 then continues to intoce an
acoustic measurement technique used to validate more complex metries.
This measurement technique is itself assessed in section 7.3, alond ilie
results of simulation of simple cylindrical structures. It continuesd address
validation of concatenated cylindrical arrangements. In section., the sim-

148



Chapter 7. Benchmarking and Validation

ulation of complex cylindrical analogues to the vocal tract are coitered,
using acoustic measurement alone as a benchmark. Finally, sectiof @on-
siders how recorded audio can be used to benchmark the resultsiofulation
of full vocal tract models.

7.1 Cuboidal

The most fundamental validation exercise performed is simulation dhe

acoustic response of a simple cuboid of dimensions 3cm x 4cm x 17cocthS
a cuboid represents the most straightforward means of validaticas its reso-
nant frequencies can be analytically determined. The simulation implean-
tation is kept entirely as intended for vocal tract simulatiovn, with the same
source, excitation and extraction methodologies as described inapter 6.
The system sampling rate used is 960kHz and a sinc function desigrted
provide a cuto frequency of 20kHz is injected. The cuboid graphat model

is shown in Fig. 7.1.

Figure 7.1: Cuboid Geometry

7.1.1 Lumped Measurement

As explored in sections 2.3 and 2.4, the frequencies of acoustic n@see in
a closed one-dimensional system are easily determinable and repmésd by
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(7.1) wheren is mode number,c the speed of sound (34Bms ! here) andL
is the distance between boundaries.

cN
fr= e (7.1)
A cuboid can be approximated as an interacting amalgamation of thee
such systems. The consequent resonant frequencies can héegeredicted by
the universal modal equation (7.2), taking each dimension into aaoat where

Ny.y:.» is the Nth mode in each axis and,w,h the corresponding distances.

S
c N, 2 N, 2 N, 2
fo, = — X + X 4 Z 7.2
Wz o9 I w h (7.2)

Using (7.2) for the cuboid of Fig. 7.1 it is possible to predict resonant
mode frequencies as given in Table 7.1, for a speed of sourd340:5 where
N, describes modes along the length (0.17m)\y, modes across the width
(0.04m) andN, modes across the height (0.03m).

In calculating these frequencies the system acoustics are consdeo be
linear, as would predominantly be the case for such a closed inertistture.
The presence of the resonant modes is largely dependent on remreposition
during simulation (positioning a receiver on a pressure node would usin
a nulli ed output at that frequency). For maximum visibility of the res onant
modes a chain of receivers is selected running diagonally across @rasing
network, as shown in Fig. 7.2. For excitation of the maximal frequey range
of resonant modes (but reduced energy at lower frequencieskeictjon is made
in a corner of the cuboid, as can also be seen on Fig. 7.2. Multiple-smur
injection is avoided to reduce the risk of possible interference afdeting.
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Figure 7.2: Source point (red) and receiver array (green) positisrshown
inside the cuboid wireframe
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I N | Ny [ N | f H2) | fmin H2) | €(HZ) | M (H2) | ev (H2) |
0 0 1 1001 964 37 999 2
0 0 2 2003 1959 44 1989 14
0 0 3 3004 2953 52 2981 24
0 0 4 4006 3947 59 3974 32
0 0 5 5007 4941 66 4992 15
0 0 6 6009 5936 73 5963 46
0 0 7 7010 6930 80 6959 51
0 0 8 8012 7924 87 7999 13
0 0 9 9013 8919 95 8975 38
0 1 0 4256 4099 157 4219 37
0 2 0 8513 8229 284 - -
1 0 0 5675 5422 253 - -
2 0 0 11350 10873 477 - -
0 1 1 4372 4217 155 4358 14
1 1 1 7164 6881 283 - -
1 2 1 10280 9916 364 - -
0 1 2 4704 4553 151 4661 43
0 1 3 5210 5064 146 5165 45
0 1 4 5845 5703 142 5770 75
0 1 5 6572 6433 139 6410 162
0 1 6 7364 7225 138 7283 81
0 1 7 8201 8063 138 - -
0 1 8 9072 8932 140 - -
0 1 9 9968 9825 142 - -
1 0 1 5763 5512 251 - -
0 2 1 8571 8288 283 - -
1 0 2 6018 5773 245 5770 248
1 0 3 6421 6184 237 6366 55
1 0 4 6946 6718 228 - -
1 0 5 7568 7348 220 7513 55
1 0 6 8265 8052 214 - -
1 0 7 9019 8811 208 - -
1 0 8 9818 9613 205 - -

Table 7.1: Resonant modes for the cuboid of Fig. 7.1 whelg, Ny, N, are
orders of modes in each axid$,y, is the mathematically approximated
modal frequency,f ,in is the modal frequency approximation under
maximum error conditions, e is the magnitude of this error,M the absolute
measured modal frequency ane, the di erence between measurement and
analytical approximation of the mode. 152
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7.1.2 Simulation

Simulation of the cuboid at 960kHz using a 3D rectilinear DWM results in
882245 air elements, 69526 one-connection boundaries (r=0.9%),receivers
and a single source point. The spatial sampling interview of 0.614mmapr
vides an arrangement of of approximately 48 x 65 x 276 nodes. Sintida
ran for 8000 steps with the additive sinc injective supported to 80damples,
yielding a run time of approximately 30 minutes. The consequent impwse-
sponses were analysed using a 16384-tap FFT after at-top wingng. This
yields a bin-width of approximately 59Hz, giving a potential error of 30Hz
with negligible scalloping loss [108]. The magnitude response for all igees
is plotted in Fig. 7.3.
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Figure 7.3: Magnitude responses of system at 92 diagonal receipemts
shown in Fig. 7.2, with averaged frequency response (green) aradcalated
mode positions as per Table 7.1

Note that the variation in responses above 4-5kHz is signi cant, salting
in a dense layering of lines that is particularly dicult to interpret. To
address this, the average magnitude response is calculated andttpbb in
green. This plot has no grounding in the acoustic nature of the sysh,
but provides a suitable approximation of the system response. Tlhesonant
modes of the system were measured as the centre frequenciethefbins
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representing regional maxima in the average magnitude response~@. 7.3
and are given in Table 7.1 in columrM (in Hz).

Since the spatial sampling interval is xed, a degree of spatial sarnpg
error will occur, where the grid does not t perfectly inside the comining
geometry. In a xed rectilinear geometry such as the cuboid the ect of
this error is easy to predict. The nature of the grid construction mans
that spatial sampling error always extends the e ective distance diween
boundaries. This puts the error in the region 0 &5 2d, whered is the
spatial sampling interval andesp,: an acoustic path di erence. In the case
of this simulation the maximum possible spatial sampling error betwedwo
boundaries is equivalent to a path extension of 1.23mm and the maximu
frequency percentage error is given by (7.3) for each dimensionhese L
describes the actual pathlength.

€spat
L + €spat
For the spatial sampling interval in this system the maximum possible

(7.3)

spatial sampling error corresponds to a frequency percentageoe of 0.72%
for the 0.17m dimension, 2.98% for the 0.04m dimension and 3.93% foe th
0.03m dimension. In the case of a perfect t, spatial sampling errawill
not be introduced. The maximum possible error limit is then extendedyb
the FFT half bin-width of 30Hz. These error conditions are included in
a maximal error calculation for each resonant mode in Table 7.1, in cohn
fmin (in Hz). The maximum possible di erence between the calculated value
and the simulated value where spatial sampling error and the FFT binidth

is taken into account is quoted in columre (in Hz), and the actual di erence
after measurement from the average magnitude response is giwercolumn
ev (in Hz). Where the resonant mode frequency was not clear (in thase
of degenerate modes for example) a measurement was not made.

A further source of error in the simulation is numerical dispersion sor,
as introduced in section 3.10. The dispersion factok) for a 3D rectilinear
grid is given by (7.4) as a function of spatial frequencies, y and ,. The
topology-speci ¢ function b, is given in (7.5), where represents the spatial
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frequency normal andD describes the optimum spatial sampling interval (the
distance covered by a wave travelling at ideal speed in an idealised nusal
during a single temporal sampling interval) [37].

P~ P—0

K( x; yi 2)= 2—3arctan4Tb§r (7.4)

(i yi )= 5(c042D )+ CO2D )+ cof2D ) (75)

It can be observed (particularly from Fig. 3.15 in section 3.10) that \eer
spatial frequencies exhibit lower numerical dispersion error. In ih96kHz
system frequencies no higher than kBlz are examined, hence spatial fre-
guencies of | > 0:01042 are not exceeded. Within this range the normalised
dispersion factor is never more than 0.99988, causing a maximum @sfy in
phase velocity across all directions and frequencies of interest dd:00012.
For the 9th lengthwise resonant mode given in Table 7.1 (9013 Hz) thwsuld
correspond to a maximum error of approximately 1Hz, which is insigréant
in comparison to the spatial sampling error.

Table 7.1 demonstrates several important points. Most importafy, the
three-dimensional digital waveguide mesh can be seen to reliably meguce
the resonant behaviour of a closed cuboid up to at least 10kHz. This
despite using minimal boundary formulations. It has been demonsted
that the errors present are largely due to spatial sampling errothe scale of
which can be signi cant. Considering the resonant modes of the coid in
Table 7.1 spatial sampling errors of over 200Hz could be experienesdow as
5.5kHz (for the case of the rst resonant mode across the cubticdgsmallest
dimension). The signi cance of spatial sampling error increases as§s-
sectional distances shrink, the only means of combating which is arciease
in sampling frequency throughout the model. Table 7.1 also demonstes
that spatial sampling error only leads to a reduction in realised freguncies
of resonance, since it is caused by an increase of the size of the pliug
grid beyond the original geometry. Finally, it is also clear that the albsute
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frequency shifts induced by spatial sampling error increase withefuency
since the error factor is applied to the e ective spatial period.

7.2 Acoustic Measurement

Beyond simple structures like the cuboid, direct mathematical detmination

of the acoustic response of a geometry becomes non-trivial arattgcularly

approximate. To allow proper validation of the numerical simulation oéuch
structures a means of measuring the actual response must beeleped. In-
spiration for such an approach has come from a method for the Inaonic-
independent determination of vocal formants during singing [13, 2D In

this case a broadband noise source is presented at the lips, coupbydan

impedance matching horn to a cowl and attached microphone as g€g. 7.4.
The noise source is then calibrated to provide a at spectrum for seference
acoustic load (of the closed mouth). The e ective input impedancefdhe

vocal tract was then approximated by considering the results toepresent
the vocal tract coupled in parallel with the reference impedance.

Figure 7.4: System diagram for noise-based determination of votadct
input impedance - From [13]
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Since measurement of vocal tract analogues does not demand ivev
measurement in the manner of voice assessment, it is possible toifms
the acoustic source at the e ective voice source. In the case @ich of the
geometries under test here, this means the reference load is iniesemwith
the system under test and can hence be directly coupled, as dersivated
in Fig. 7.5. The reference load in this case is provided by an acoustically
long (5m) tube of cross-sectional area matching the input to theest geom-
etry. This provides an approximation of the loading characteristic @ustic
impedance without imparting signi cant resonant characteristics bits own.

Matlab
PortAudio

Windows PC
< DAC ADC

. v

RME Fireface 800

VS
A 4

VN

¢ Acoustic Padding

—D— . dest b—D—#—
Power \ Probe ¥ Preamplifer

Amplifier Rubber
Coupling

Loudspeaker  Impedance
Matching Horn

Figure 7.5: System diagram for exponential sine-sweep measuratra
mechanical vocal tract analogues

7.2.1 Exponential Sine Sweep Measurement

Rather than a broadband noise source, excitation of the systemlg means of
exponential sine-sweep [110, 111]. This has been shown to be appate for
determination of the acoustic impulse responses of room acoustioring

a manipulable (and largely transducer independent) signal-noise matand
direct separation of rising orders of harmonic distortion. The expssion for
a generic exponential sweep is given in (7.6), wherg and ! , are angular

157



Chapter 7. Benchmarking and Validation

start and stop frequencies respectively an@l the sweep duration.
2 3

T

x(t) = sin 4 er" T 15 (7.6)

By performing a full range exponential sine-sweep the frequen@sponse
of the combined transducer-plant can be obtained after convolion of the
recorded output by the corrected inverse of the input sweep. @ection
in this case is a -6dB/Oct envelope to compensate for decreasingergy at
higher sweep frequencies. Usefully, the microphone response weliifcluded
in this measurement.

A frequency response obtained from a full range exponential sisgeep
of the system shown in Fig. 7.5 is plotted in Fig. 7.6. The system consstf
a Monacor SPH-60X 30W transducer unit driven by a Spirit PowerpadThe
horn couples the 80mm speaker cone to a 2mm aperture, and is attad to
the system under test via a tight rubber coupling. The acoustic resnse is
recorded using a G.R.A.S. Sound and Vibration 40SA 80mm probe micro-
phone with a 12AA power module of the same manufacturer. Both taut
and recorded signals are converted from/to 24-bit samples at 182z by an
RME Fireface 800. Simultaneous signal playback and recording is fiemed
through Matlab in double precision oating point using pawavplay [112],
based on the PortAudio API [113]. Measurements were initally made in a
ve-sided semi-anechoic chamber with acoustic foam arranged olmet sixth
side (concrete oor) to approximate an anechoic condition. The s@& mea-
surements were later repeated in a full six-sided anechoic chamber

Fig. 7.6 demonstrates signi cant variation in the magnitude respomsof
the transducer system across the sub-10kHz range, exceeding dynamic
range of the system and hence ruling out direct equalisation (withbdrop-
ping frequencies into the numerical noise oor). For measuremepurposes,
this issue can be addressed by decomposition of the sweep into layming
bands, for each of which the frequency response can be comrdcwithin an
appropriate dynamic range. The corrected gain level can also bafsdd by
direct manipulation of the sweep length.
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Figure 7.6: Combined transducer response obtained using full-rang
exponential sine sweep measurement

7.2.2 Transducer Equalisation

For complete inversion of the transducer colouration, a linear phasnver-
sion of each band is required, together with band-speci ¢ manipulain of
the sweep time to reach a given target gain. Inversion is approaché
this case through a least-squared-error regression of the zerder Volterra
component of each band to an appropriate sinc-based bandpassriel. The
implementation is based on an all-pole autoregressive expressiontfog im-
pulse response obtained by deconvolution of each chirp, as in (7.Where
9¥[n] is the system estimategy the Iter kernel and y the impulse response.
The equation is resolved over a window of size

xXP
y[n] = ay[n K] (7.7)

k=1
The estimation erroreis de ned by the di erence between a sinc function
Sy[n] encapsulating each bandb and the estimate as per (7.8):

e= sincy[n] ¢[n] (7.8)

The consequent total squared estimation errdé can then be de ned as
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(7.9), and since a minimised expression is sought, nd the roots ofdahrst
derivative with respect to the lIter coe cients, as in (7.10).

X X 5
E=" dnP= [Sin] 9n] (7.9)
|
) |
@—@21 [Soin]  9InIE =0 (7.10)

n

Rearranging (7.10) and substituting the derivative of (7.7) with rgsect
to the Iter coe cients, nd (7.11), expressing the relationship between an
autocorrelation of the system output (weighted by the Iter coe cients) and
a cross-correlation of the system output and desired sinc funatio

X X X
ay[n ily[n k]= Sp[n] (y[n  KkJ) (7.11)

n i=1 n

Where the number of Iter coe cients exceeds the length of the implse
response, a delay is introduced to the target kernel for each lwhto centralise
it within the window. The inversion of such a non-minimum phase system
is by de nition of in nite length, hence the approximation represened by
the lter kernel increases in accuracy with its support. The systa is -
nally resolved using the Levinson-Durbin recursion, exploiting the Bplitz
symmetry of the auto-correlation matrix [114].

The frequency response of the corrected source-system wiference load
is plotted in Fig. 7.7, demonstrating a signi cant improvement in magnitde
response consistency. Performance at higher frequencies is legwessive,
but still within an acceptable range for deconvolution after measement
under the assumption of transducer linear time invariance. Vertitdines
correspond to the limits of each band (with a 200Hz overlap either sdof
each) while the horizontal line indicates the target gain of 110dB. khould
be noted that the system response is only linear-phase within eachnl,
with a potentially inconsistent group delay between each.
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Figure 7.7: Frequency response of the band-adjusted sourcsteyn before
and after correction

7.3 Cylinders

As validation progresses, analogues of increasing geometry comipjfeare
introduced. Simple cylindrical arrangements o er an increased c@iexity
related to the simple cuboid yet their responses can still be approxated by
direct mathematical determination. At this stage the most simple dynders
can also be used to validate the acoustic measurement processdiesd in
section 7.2.

Two types of cylinder-based analogues to the vocal tract are imtduced.
The rst set are uniform quarter-wave cylinders, of lengths 160m, 170mm
and 180mm and diameters 16mm and 32mm. The changing lengths anolss-
sectional areas allow for progressive cross-checking of the oefuction of
axial and tangential resonant modes. The second set consist ohcatenated
pairs of cylinders with di erent cross-sectional areas, joined by 8.013m
linear connection and summing to 0.183m in length. These arrangensn
are shown in Figs. 7.9, 7.10 and 7.11. The concatenated cylinders ased
to benchmark the representation of step changes in characteéitsacoustic
impedance, as introduced in section 4.3.2.

Mathematical approximation of each structure is performed in s&on
7.3.1, followed by presentation of the results of numerical simulatioand
corresponding acoustic measurements in section 7.3.2.
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7.3.1 Lumped Calculations

In section 2.4 the acoustics of simple quarter-wave resonatorssvatroduced,
and an equation established for approximation of axial resonanteffjuencies.
This described a simple one-dimensional treatment of the quarteavme formu-
lation, augmented by approximation of the complex characteristicaustic
impedance of an un anged open cylindrical end. The characteristacous-
tic impedanceZ. [19, 20] is approximated in (7.12) where, is ambient air
density, c the speed of soundS the aperture cross-sectional ared& is an-
gular wavenumber andr is the cross-sectional radius. The corresponding

frequencies of resonance are expressed by (7.13).

Z.= oCS %(kr)2+j(0:6kr) (7.12)
_ (@m+1)c | 0
R = 74(L+0:6r).m2N (7.13)

These frequencies are tabulated for all quarter-wave resonatmn gura-
tions in Tables 7.2 and 7.3.

Width 16mm

n 160mm 170mm 180mm

0 517 (496) 487 (467) 461 (441)
1 1550 (1517) | 1461 (1431) | 1382 (1353)
2 2583 (2539) | 2435 (2396) | 2303 (2266)
3 3616 (3561) | 3409 (3358) | 3224 (3178)
4 4649 (4582) | 4383 (4322) | 4146 (4090)
5 5682 (5604) | 5357 (5286) | 5067 (5002)
6 6715 (6626) | 6331 (6250) | 5988 (5914)
7 7748 (7647) | 7305 (7213) | 6909 (6826)
8 8781 (8669) | 8279 (8177) | 7831 (7738)
9 9814 (9691) | 9253 (9141) | 8752 (8641)
10| 10847 (10712) 10227 (10105) 9673 (9563)
1111880 (11734) 11201 (11069) 10595 (10475

Table 7.2: Calculated axial resonant mode frequencies (Hz) of

16mm-diameter uniform quarterwave resonators, where valueshbnackets
correspond to maximal error conditions.
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Width 32mm

n 160mm 170mm 180mm

0 502 (482) 474 (454) 449 (430)
1 1506 (1475) | 1422 (1392) | 1347 (1319)
2 2510 (2468) | 2370 (2331) | 2245 (2208)
3 3513 (3461) | 3318 (3269) | 3143 (3098)
4 4517 (4454) | 4266 (4207) | 4041 (3987)
5 5521 (5447) | 5214 (5146) | 4939 (4876)
6 6525 (6440) | 6162 (6084) | 5837 (5765)
7 7529 (7433) | 7110 (7022) | 6735 (6655)
8 8533 (8426) | 8057 (7961) | 7633 (7544)
9 9536 (9419) | 9005 (8899) | 8530 (8433)
10 | 10540 (10412) 9953 (9837) | 9428 (9323)
11| 11544 (11405) 10901 (10775) 10326 (10212

Table 7.3: Calculated axial resonant mode frequencies (Hz) of

32mm-diameter uniform quarterwave resonators, where values bnackets
correspond to maximal error conditions.
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Uniform cylinders will also support a number of tangential resonamhodes.
The frequencies of these modes can be determined by the rootghef rst
derivative of a Bessel function of the rst kind [5], the Maclaurin sees for
which is given in (7.14), wheram represents the number of diametric nodal
lines andn represents the number of circumferential nodal lines in the cylin-
drical cross-section.

2n

mX' X
( 1)n 2

In(x) = e (7.14)

N X

n=0
The roots of this Bessel function are provided in Table 7.4. The antic

pated resonant frequencies are calculated using (7.15) after [Lahd given
for dierent m, n in Table 7.5.

h i

0 C
fm;n = m;n F (715)
Root . of J, (x)=0
n\m=0\m=1\m=2\m=3\m=4
1| 0.000 1.841 3.054 4.201 5.318
2| 3.832 5.331 6.706 8.015 9.282
3| 7.016 8.536 9969 | 11.346| 12.682
4| 10.173| 11.706| 13.170| 14.586| 15.964
51| 13.324| 14.864| 16.348| 17.789| 19.196

Table 7.4: Roots of the rst derivative of spherical Bessel functits of the
rst kind, after [5], where n represents the number of diametric nodal lines
and m the number of circumferential nodal lines.

From Table 7.5a it is clear that the narrow uniform cylinder is too smalldr
the tangential resonant modes to appear in the sub-10kHz spegn. Sim-
ilarly, in the wider uniform cylinder there is only one tangential resona
mode rmly within the sub-10kHz range, although modes close to toOkHz
could still a ect the visible magnitude response.

Mathematical determination of the resonant modes for the set abncate-
nated cylinders is not similarly straightforward. Section 4.3.2 introdces a
one-dimensional approximation based on the assumption of a cloggdpen
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|n| m=0| m=1] m=2|
1 - 12471 | 20688
2| 25958 | 36112 | 45427
(a) 160mm / 170mm / 180mm x 16mm

'n| m=0|] m=1 | m=2|
1] - | 6236 (5389) 10344
2| 12979 18056 22713

(b) 160mm / 170mm / 180mm x 32mm

Table 7.5: Calculated tangential resonant mode frequencies (HZ) uniform
guarterwave resonators, where dimensions are given as lengthiandeter, n
represents the number of diametric nodal linesn the number of
circumferential nodal lines and values in brackets describe the miaral
error case.

end looking either way across the interface. The result is an equatiof reac-
tances whose cancellation leads to resonance at appropriate trexgcies. This
is repeated in (7.16), wherd; and A, are the rst and second cross-sectional
areas andl; and |, represent the rst and second cylinder lengths.

°
A1

The resulting approximate resonant frequencies for each coneaated
cylindrical arrangement are given in Table 7.11.

cot(kly) + —tan(kl,) = 0 (7.16)
As
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| R | fr (H2) || R fr (Hz) || R | fr (H2) |
1 705 (671 15) 1 295 (312 15) 1 612 (595 15)
2 | 1297 (1295 15) 2 | 1707 (1653 15) 2 | 1677 (1620 15)
3 | 2708 (2636 15) 3 | 2298 (2279 15) 3 | 2327 (2300 15)
4 | 3300 (3261 15) 4 | 3710 (3620 15) 4 | 3393 (3352 15)
5 | 4711 (4603 15) 5 | 4301 (4245 15) 5 | 4618 (4540 15)
6 | 5302 (5227 15) 6 | 5713 (5585 15) 6 | 5683 (5535 15)
7 | 6714 (6568 15) 7 | 6304 (6210 15) 7 | 6333 (6222 15)
8 | 7305 (7193 15) 8 | 7716 (7551 15) 8 | 7399 (7297 15)
9 | 8717 (8534 15) 9 | 8307 (8176 15) 9 | 8624 (8571 15)
10| 9308 (9160 15) 10| 9719 (9517 15) 10 | 9689 (9447 15)

(@) 85mm x 8mm! 85mm x (b) 85mm x 16mm! 85mm x(c) 42.5mm x 8mm! 127.5mm

16mm 8mm X 16mm

| R | fr (H2) || R fr (Hz) || R | fr (H2) |
1| 325(340 15) 1| 612 (595 15) 1| 325(340 15)
2 | 1390 (1379 15) 2 | 1677 (1620 15) 2 | 1390 (1379 15)
3 | 2615 (2566 15) 3 | 2327 (2300 15) 3 | 2615 (2566 15)
4 | 3680 (3578 15)|| 4 | 3393 (3351 15)| | 4 | 3680 (3578 15)
5 | 4330 (4260 15) 5 | 4618 (4540 15) 5 | 4330 (4260 15)
6 | 5396 (5324 15)| | 6 | 5683 (5535 15)| | 6 | 5396 (5325 15)
7 | 6621 (6512 15) 7 | 6333 (6222 15) 7 | 6621 (6512 15)
8 | 7686 (7492 15) 8 | 7399 (7298 15) 8 | 7686 (7491 15)
9 | 8336 (8184 15)| | 9 | 8624 (8484 15)| | 9 | 8336 (8183 15)
10 | 9402 (9272 15) 10 | 9689 (9447 15) 10| 9402 (9272 15)
(d) 127.5mm x 16mm! (e) 127.5mm x 8mm! 42.5mm  (f) 42.5mm x 16mm!

42.5mm x 8mm

X 16mm

127.5mm x 8mm

Table 7.6: Approximate axial resonant mode frequencies (Hz) for
concatenated cylinder arrangements as per Figs. 7.9, 7.10 and 7.11
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7.3.2 Simulation

Simulation of the uniform cylinders was performed at 480kHz, and &t for
the concatenated cases at 720kHz to minimise spatial sampling erat the
cylindrical interface. A sphere of diameter 0.06m was appended toetend of
each graphical model, to allow direct simulation of the radiation impedee.
A circular opening of radius 0.0026m was added to the closed end otlea
cylinder and coupled to a hemisphere, to represent radiation at theource
aperture. Boundary elements constituting the two radiation dong have re-
ection coe cients set to 0.0 to approximate a free- eld, the e ectiveness of
which is examined. Boundary elements in the body of the model have &c-
tion coe cients of 0.99 to more closely approximate the mechanicahalogues.
A sinc function of 801-sample support is injected as in section 7.1.2od1 ed
to provide a cuto frequency of 20kHz at the lower sample rate. jection is
at the centre of the source opening and extraction at the centi& the main
cylinder aperture. The simulation is run for 4000 time steps (equivate to
approximately 0.008s). The dispersion factor experienced in thesenula-
tions will be e ectively double that of cuboid simulation due to the halve
sample rate, yielding a maximum phase velocity error of@024. For the
example of the 10th resonant mode of the 170mm x 32mm quartemgares-
onator (9005Hz) this corresponds to an error of approximatelyHz, which
can be disregarded.

The spatial sampling error in this case becomes more signi cant due the
reduced system sampling rate. For the quarterwave cylinders theaximal-
error case can be approximated asdl 6 esp 6 1:5d for axial modes (since
the cylinder is open ended each node can only b&@ away from the actual
interface). For tangential modes the maximal-error case isi2lue to opposing
boundaries, as with the cuboid simulation. The spatial sampling inteal
(d) in this case is 0.00123m. These error conditions are combined witheth
new reduced FFT half bin-width of 15Hz. The maximum expected error
conditions for axial resonant modes in these quarterwave cylindeare given
in brackets for each mode in Tables 7.2 and 7.3. For the 10th resohamode
of the 170mm x 32mm quarterwave resonator the maximum error rmadition
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can yield to a movement in resonant frequency of approximately 1188, which
is signi cant. The e ect is more prevalent for the shorter cylinders

An error analysis for the case of concatenated cylinders is slightlyone
complicated, but clearly relevant. In the case of spatial sampling rer the
grids representing either cylinder could be longer than the actuaylnders
(hence the spatial error appears twice as often). It is possible approxi-
mate the maximum shifts that might result by substitution of the potential
length and radii extensions into (7.16) (where this extension isdZor each
constituent cylinder) and adjusting for the FFT half bin-width of 15Hz.
These error conditions are given in brackets for each resonant deoin Table
7.11.

Simulated impulse responses are analysed as in section 7.1.2, and etbtt
in Fig. 7.8 for the case of the uniform cylinders and Figs. 7.9, 7.10 andL.¥
for concatenated cylinders.
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Figure 7.8: Simulated and measured magnitude responses of uniform
guarterwave cylinders with calculated resonant modes as per Tablé.2 and
7.3 shown as vertical lines. Dimensions given as length x radius
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Diameter 16mm
160mm 170mm 180mm

Calc. | Sim. | Err. | Calc. | Sim. | Err. | Calc. | Sim. | Err.

517 | 502 | 15 | 487 | 467 | 20 | 461 | 441 | 20
1550 | 1505| 45 | 1461 | 1431| 30 | 1382 | 1353| 29
2583 | 2505| 78 | 2435| 2396| 39 | 2303 | 2266| 37
3616 | 3505| 111 | 3409 | 3358| 51 | 3224 | 3178| 46
4649 | 4508| 141 | 4383 | 4322| 61 | 4146 | 4090, 56
5682 | 5504 | 178 | 5357 | 5286| 71 | 5067 | 5002| 65
6715| 6489| 226 | 6331 | 6250 81 | 5988 | 5914| 74
7748 | 7471 277 | 7305 | 7213| 92 | 6909 | 6826| 83
8781 | 8445| 336 | 8279 | 8177| 102 | 7831 | 7738| 93
9814 | 9452 | 362 | 9253 | 9141| 112 | 8752 | 8641| 111

OO NOO PR WNPFPO S

Table 7.7: Calculated and simulated resonant mode frequencies (H#)
16mm-diameter uniform quarterwave resonators given with errogures.

Diameter 32mm
160mm 170mm 180mm
Calc. | Sim. | Err. | Calc. | Sim. | Err. | Calc. | Sim. | Err.
502 | 557 | -55 | 474 | 520 | -46 | 449 | 491 | 42
1506 | 1655| -149 | 1422 | 1556| -134| 1347 | 1469| -122
2510 | 2739 -229| 2370 | 2578| -208| 2245 | 2432| -187
3513 | 3779 -266| 3318 | 3567 | -249| 3143 | 3373| -230
4517 | 4709 -192 | 4266 | 4479| -213| 4041 | 4255| -214
5521 | 5581| -60 | 5214 | 5306| -92 | 4939 | 5061 | -122
6525 | 6529| -4 | 6162 | 6170| -8 | 5837 | 5863| -26
7529 | 7540| -11 | 7110| 7111 -1 | 6735|6735| O
8533 | 8555| -22 | 8057 | 8064| -7 | 7633 | 7639| -6
9536 | 9452| 82 | 9005| 9027| -22 | 8530 | 8540| -10

OO NOOUPAWNPFP OIS

Table 7.8: Calculated and simulated resonant mode frequencies (HH)
32mm-diameter uniform quarterwave resonators given with errogures.
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Diameter 16mm
160mm 170mm 180mm

Meas.| Sim. | Err. | Meas.| Sim. | Err. | Meas.| Sim. | Err.

791 | 502 | 289 | 753 | 487 | 266 | 709 | 461 | 248
1705 | 1505| 200 | 1639 | 1461| 178 | 1569 | 1382| 187
2581 | 2505| 76 | 2483 | 2435| 48 | 2367 | 2303| 64

3782 | 3505| 277 | 3536 | 3409| 127 | 3403 | 3224| 179
4749 | 4508 | 241 | 4497 | 4383| 114 | 4236 | 4146| 90

5632 | 5504| 128 | 5411 | 5357| 54 | 5181 | 5067 | 114
6807 | 6489| 318 | 6417 | 6331| 86 | 6095 | 5988| 107
7822 | 7471| 351 | 7437 | 7305| 132 | 7015 | 6909| 106
8900 | 8445| 455 | 8361 | 8279| 82 | 7842 | 7831| 11

9943 | 9452| 491 | 9322 | 9253| 69 | 8815 | 8752| 63

OO NOO 0P WNPFPO S

Table 7.9: Measured and simulated resonant mode frequencies (ldk)
16mm-diameter uniform quarterwave resonators given with errogures.

Diameter 32mm
160mm 170mm 180mm

Meas.| Sim. | Err. | Meas.| Sim. | Err. | Meas.| Sim. | Err.
678 | 557 | 121 | 630 | 520 | 110 | 678 | 491 | 187
1592 | 1655| -63 | 1516 | 1556| -40 | 1500 | 1469| 31
2537 | 2739| -202| 2414 | 2578 -164 | 2323 | 2432| -109
3574 | 3779| -205| 3388 | 3567 | -179| 3243 | 3373| -130
4573 | 4709| -136| 4333 | 4479| -146| 4113 | 4255| -142
5588 | 5581| 7 5288 | 5306| -18 | 5027 | 5061| -34
6603 | 6529| 74 | 6331 | 6170| 161 | 5862 | 5863| -1
7614 | 7540| 74 - 7111 - 6877 | 6735| 142
8708 | 8555| 153 - 8064 | - 7800 | 7639| 161
- 9452 | - - 9027 - 8714 | 8540| 174

OO NOOUPAWNPFP OIS

Table 7.10: Measured and simulated resonant mode frequencies )(biz
32mm-diameter uniform quarterwave resonators given with errogures.
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Figure 7.9: Simulated and measured magnitude responses of coanated
cylindrical con gurations. Dimensions are given as length radius.
Analogues displayed are closed on the left and open on the right.
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cylindrical con gurations. Dimensions are given as length radius.
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R C | S| e|[C s e][CT]Se]
1| 705 | 640 | 65 205 | 271 | 24 612 | 545 | 67
2 | 1297| 1147| 150 1707| 1522| 185 1677| 1491| 186
3 | 2708 | 2361 | 347 2298| 2067 | 231 2327| 2030| 297
4 | 3300| 2912| 388 | | 3710| 3281 | 429 | | 3393| 2966| 427
5 | 4711 4043 | 668 | | 4301| 3880| 421 | | 4618| 4980| -362
6 | 5302| 5909| -607| | 5713| 5701| 12 5683| 5604| 79
7 | 6714| 6546| 168 | | 6304| 6785| -481| | 6333 | 6533 -200
8 | 7305| 7561 | -256| | 7716| 7523| 193 | | 7399| 7709| -310
9 | 8717 | 8282| 435 | | 8307 | 8490| -183| | 8624 | 8490| 134
10| 9308| 9537 | -229| | 9719| 9307 | 412 | | 9689| 9237 | 452

(@) 85mm x 8mm! 85mm x  (b) 85mm x 16mm ! (c) 42.5mm x 8mm!

16mm 85mm x 8mm 127.5mm x 16mm

|R] C | s.] e]| C]|] S| e]|]|l]C]|] s ]| e]
1| 325 | 284 | 41 612 | 573 | 39 325 | 299 | 26
2 | 1390| 1292| 98 1677| 1384| 293 1390| 1245| 145
3 | 2615| 2405| 210 | | 2327| 2014| 313 | | 2615| 2345| 270
4 | 3680| 3114| 566 | | 3393| 3104| 289 | | 3680| 3243| 437
5 | 4330| 3895| 435 | | 4618| 4119| 499 | | 4330| 3858 472
6 | 5396| 4989| 407 | | 5683 | 5663| 20 5396| 4825| 571
7 | 6621| 6608| 13 6333| 6700| -367| | 6621| 6738| -117
8 | 7686| 7576 110 | | 7399| 7929| -530| | 7686| 7476| 210
9 | 8336| 8544 | -208| | 8624 | 8308 | 316 | | 8336| 8415| -79
10| 9402| 9329| 73 9689 | 9275| 414 | | 9402| 9351 51
(d) 127.5mm x 16mm! (e) 127.5mm x 8mm! (f) 42.5mm x 16mm!

42.5mm x 8mm 42.5mm x 16mm 127.5mm x 8mm

Table 7.11: Calculated and simulated axial resonant mode frequersigiz)
for concatenated cylinder arrangements as per Figs. 7.9, 7.10 and1,
given with error gures.
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"R M| S |[e|[M]S[e]lM] S e]
1| 800 | 640 | 160 416 | 271 | 145 624 | 545 | 79
2 | 1484\ 1147| 337 | | 1592| 1522| 70 1667 | 1491| 176
3 | 2446| 2361| 85 2105| 2067 | 38 2253 | 2030| 223
4 | 3360| 2912| 448 | | 3382| 3281| 101 | | 3035| 2966| 69
S5 | 4182| 4043| 139 | | 3905| 3880| 25 5172| 4980| 192
6 | 5878| 5909| -31 | | 5685| 5701| -16 | | 5550| 5604 | -54
7 | 6795| 6546| 249 | | 6940| 6785| 155| | 6603 | 6533| 70
8 - 7561 - 7545| 7523| 22 7791 7709 82
9 | 8575| 8282| 293 | | 8708| 8490| 218 | | 8569 | 8490| 79
10| 9461| 9537| -76 | | 9360| 9307 | 53 - 9237| -

(@) 85mm x 8mm! 85mm x (b) 85mm x 16mm ! (c) 42.5mm x 8mm!

16mm 85mm x 8mm 127.5mm x 16mm

R M| S ]e||M]| S [e]l M| S| e]
1| 469 | 284 | 185 507 | 573 | -66 475 | 299 | 176
2 | 1368| 1292| 76 1491| 1384 | 107 | | 1283 | 1245| 38
3 | 2446| 2405| 41 2244| 2014| 230| | 2405| 2345| 60
4 | 3174| 3114| 60 3442| 3104| 338 | | 3290| 3243| 47
5 | 3911 3895| 16 4157| 4119| 38 3880| 3858| 22
6 | 4995| 4989| 6 - 5663| - 4980| 4825| 155
7 | 6603| 6608| -5 - 6700| - 6662| 6738| -76
8 | 7602| 7576| 26 - 7929 - 7545| 7476| 69
9O | 8676| 8544| 132 | | 8462| 8308| 154 | | 8661 | 8415| 246
10| 9430| 9329| 101 | | 9622 | 9275| 347 | | 9527| 9351| 176
(d) 127.5mm x 16mm! (e) 127.5mm x 8mm!  (f) 42.5mm x 16mm!

42.5mm x 8mm 42.5mm x 16mm 127.5mm x 8mm

Table 7.12: Measured and simulated axial resonant mode frequescielz)
for concatenated cylinder arrangements as per Figs. 7.9, 7.10 and1,
given with error gures.
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The results for uniform cylinders are encouraging, both in terms dhe
accuracy of the acoustic measurement system and performan¢¢he simula-
tion. Fig. 7.8 demonstrates good matching between simulated and aseired
responses and close correlation with the mathematically approxinet reso-
nant modes. The centre frequencies of calculated, simulated aneasured
resonant modes are provided in Tables 7.7, 7.8, 7.9 and 7.10. There eear
di erences between simulated and measured modes, more starktfee wider
cylinders than the narrow equivalents, and constant in distance. his sug-
gests an error related to cross-sectional area, most likely to blgkt errors
in the reproduction of the radiation eld (and hence leading to poor epre-
sentation of end-correction e ects and consequent axial shiftslt is perhaps
unsurprising that rectilinear representation of a circular crossestion leads
to slight errors in representation of the characteristic acoustic ipedance,
especially for the case of the narrow cylinder for which the spatiahmpling
interval is a larger fraction of the diameter.

Di erences between the mathematically approximated resonant nae fre-
quencies and simulated results are smaller in most cases, althougioes in
the low frequency resonant modes of the larger diameter cylindefBable
7.8) suggest a poor representation of low frequency behavioufkhis is un-
surprising considering the complex nature of the end-correctioneet and
its simple representation in the approximation. Inspection of Figur&.8 con-
rms the strong performance of both measurement and simulatioim these
circumstances, by which each is clearly indicative of the correct behour,
albeit shifted across the frequency range.

Simulation continues to perform well for the more complex geometat
con gurations of the concatenated cylinders. Figs. 7.9, 7.10 andlZ give the
simulated and measured responses for each of the concatenatglihdrical
arrangements. Tables 7.12 and 7.11 list the simulated resonant medejainst
the analytically determined and measured equivalents. In all caselsetre is
a one-to-one mapping between resonances in simulation, measwstmand
mathematical approximation. Figs. 7.9a, 7.10a, 7.10b and 7.11b exititlear,
consistent behaviours right up to 10kHz (and conceivably beyondlrig. 7.9b
is interesting as the simulation provides results closer to the clear ohal
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separation expected from such a con guration. There are still sing trends
between the two, although above 7kHz the simulation and measurent no
longer match. The simulation of Fig. 7.11a is similarly interesting. While ta
measurement appears more trustworthy here than in Fig. 7.9b, predictable
shifting in resonant mode frequencies is observed in the regions kiH3 and
7kHz. The comparison of simulation and measurement at low frequsnin
this case € 1kHz) also demonstrates a shift of several hundred Hz in the
rst resonant mode. Despite these shifting errors, the overallgsfformance
of simulation is towards accurate reproduction of resonant modesross the
entire 10kHz band.

Comparison of the results with the analytically determined cases is to
sistent at low frequencies, but quickly becomes erroneous for tbases of
both simulation and measurement. This is evident in observation of éfre-
quency errors of Table 7.11 and those observed in Figs. 7.9, 7.10 antil.
Considering likely error conditions, it is clear that the mathematical pprox-
imation represented by 7.16 is weak at low frequencies and withoutgprerly
incorporating the e ects of end correction (particularly at the interface). At
this stage the value of the acoustic measurement as a means oébbshing
performance becomes evident. Table 7.12 provides a secondaryasnee of
resonant behaviour, and while some frequency errors are clearlygke, cross-
referencing Figs. 7.9, 7.10 and 7.11 demonstrates consistent pats with
slight shifts.

7.4 Vocal Tract Analogues

After concatenated cylinders, the next step of geometrical cquiexity is pro-
vided by real, mechanical analogues to the vocal tract. In this casthe VTM
Vocal Tract Model kit, produced by Arai [9, 116] and based on gewetries
obtained from X-Ray imaging by Chiba and Kajiyama [53] are used. Tke
are a series of clear acrylic cylinders, from which changing crosstsmal
pro les are drilled, as in Figs. 7.12, 7.13 and 7.14. These analoguesvie
an appropriate approximation of the acoustic processes undengoin the vo-
cal tract during phonation. The obvious omissions are the voice sae and
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vocal tract curvature (which has been shown to be signi cant [71])

Mathematical determination of the acoustic response of these aagues
is no longer considered to be reasonable, as even one-dimensiopplax-
imation is only valid for low frequencies (as demonstrated in section 723
Instead, validation depends primarily on the acoustic measuremetachnique
introduced in section 7.2. The results of section 7.3.2 suggests tlia¢ mea-
surement technique performs well across the 10kHz band.

7.4.1 Simulation

As for the concatenated cylinders simulations were run at a samplingte
of 720kHz, utilising an 801-sample support sinc function (with a bastbp
frequency of 20kHz). Simulation is run for 10000 time steps, with gaction
at the centroid of the mouth aperture. Injection is at the centreof the glottal
face, parallel with the aperture. As with previous simulations numezal
dispersion error is so small as to be insigni cant at such a high samplate.
The simulations of section 7.3.2 suggest that spatial sampling erronauld
not be an issue.
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Figure 7.12: Simulated and measured magnitude responses of vacadt
models with formant values as measured by Arai [9] indicated by ams.
Analogues displayed are closed on the left and open on the right.
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The results of simulation and measurement are presented in Figs. Z,.1
7.13 and 7.14. The results are generally strong, exhibiting reasolalzor-
relation between measured and simulated responses up to 10kHzaiigh
performance in the F3-F4 range is a concern for models 7.13b and2b.1
Firstly, it is reassuring that the simulated and measured formantsxactly
agree, and both also agree with the formant measurements penfi@d by
Arai [9]. The best performance is perhaps observed in Fig. 7.12a fa,
which provides an accurate representation of the measured resge across
the entire 10kHz band. Fig. 7.13a demonstrates a similarly strong rer-
mance for /i/, with the bandwidths of early formants the only mismatch
between simulation and measurement. Simulation ofu/ exhibits generally
consistent behaviours in Fig. 7.14a, although there is an upward dreéency
shift in F3 of 200Hz, which appears to continue in F4. Similar upward
frequency shifts in F3 are seen in Figs. 7.13b and 7.12b, fa/ &nd / €. In
the case of b/, a small frequency shift e ectively rolls F3 into F4 to create
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a degenerate condition. In the case off the same shift in F3 is continued
in F4.

Despite these issues, the overall trend in these simulations is postiv
Slight shifts do occur, which are perhaps inevitable in any discretepesen-
tation of a continuously varying geometry. That the formant di erences are
inconsistent between geometries (and indeed certain concatesdicylinders)
most likely rules out the possibility of errors in the measurements, itead
suggesting certain-geometry dependent behaviours in simulation.

7.4.2 Listening Tests

For human listeners, vowel intelligibility is a perception-dependent nasure
of frequency-domain accuracy. Similarly, while frequency spectmovide
a useful way of analysing each simulation in terms of linear system dya
sis, the most useful test is perhaps how they are perceived. Taglend, a
very simple listening test is performed, in which participants are plagea
series of audio clips. These consisted of acoustic recordings ofibeal tract
analogues directly coupled to an electrolarynx, and convolutions e&ch sim-
ulated, downsampled impulse response with a recording of the eletarynx
alone. All acoustic recordings were made at 192kHz, using the saprebe
microphone as the main study and captured at 24-bit resolution usira RME
Fireface 800 audio interface. No inversion of the microphone resige was
performed, and each audio clip was downsampled to 48kHz (aftemeolu-
tion in the case of the simulated version). The clips were played back @
random order over headphones, with the listener asked to makelaoae from
ve buttons for each. These choices were labelled with the ve vowsounds
targetted by the VTM analogues and given coarticulatory contexd. Each
vowel must be assessed before the subject moves onto the raad each clip
can be repeated as many times as desired. There were 20 partictpaof
di erent gender, language background and level of phonetic traimg. The
results of this simple listening test were compiled into confusion matas
to demonstrate which vowel models are well identied and in which cas
misidenti cation frequency occurs. These matrices are given in té&7.13 for
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both cases.
Interpretation Interpretation
lal (lel ([il |lol |[lul lal | lel |[il |[lol |/ul
lal | 19 0 0 0 1 lal | 20 0 0 0
/el 0 17 | 1 0 2 /el 0 11 | 6 1 2
lil 0 4 12 1 3 /il 0 6 14| O
/ ol 0 0 0 17 3 / o/ 7 1 0 8
/ul 0 1 0 5 14 /ul 1 6 1 2 10
(a) Acoustic Recordings (b) 3D DWM Simulations

Table 7.13: Confusion Matrices for Recorded and Simulated Vowel Bliels

This is a particularly primitive listening test. Since the subjects are
of such signi cantly di ering backgrounds there are numerous urantrolled
variables, however with these shortcomings in mind it can still be inforative.
Firstly, it is clear that for each case the correct vowel is most fregntly
identi ed. Participants struggled to correctly identify / u:/ correctly, however
this was consistent between the acoustic and simulated cases, gagiing a
poor correlation between Japanese and English interpretations thie vowel.
It is unsurprising to note that those simulations for which vowel idethcation
was poor correlate to those in which a signi cant shifting of the thirdand
fourth formants occurred. This was not the case for the acoustrecordings,
suggesting that the error does indeed lie in simulation. It also suggeshat
all of the rst four formants contribute to vowel intelligibility, in add ition to
naturalness and timbre. The increased energy regions at 4kHz dat mppear
to have a ected intelligibility of the simulations, suggesting either tha the
error lies in measurement or simply that the importance of amplitude ithis
range is not signi cant.
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7.5 Magnetic Resonance Imaging

In Chapter 6 the di culties in validating MR imaging were introduced and
discussed. Since the acoustic measurement technique introdugedection
7.2 is no longer an option and mathematical determination is unrealistic
direct recording of each phonation provides the only means of valiitan. As
explained in section 6.1.1, each phonation was recorded before afidraviRlI
scanning, in conditions matching that of the scanner as closely asssible.

Before the results of such measurements can be trusted theitigidy must
be ascertained. This encompasses three questions:

Is supine phonation consistent with normal, standing phonation?
Are recordings of successive phonations consistent?

Are prolonged phonations adequately stable for the duration of @an?

These questions are addressed in turn with respect to measuremseof
each of the participants, whose details are given in Table 6.2.

The Welch power spectral densities of each phonation (standingypmne,
before, after) are calculated using a window length of 1024 sampéexl 50%
window overlap and are plotted in Figs. 7.15 through 7.19 on a subject
by-subject basis. These suggest a strong consistency betwstanding and
supine phonation up to approximately 4Hz in all subjects. Above this point
consistency becomes both subject and vowel-dependent. Thiran interest-
ing trend towards a lowering of amplitude in the third and fourth fornants
in the supine case, although this cannot be isolated to fronted or davowels.
It is considered that supine phonation leads to inelective pharyngeaarrow-
ing, hence a change in formant amplitudes might well suggest the ueé
compensatory articulation. It is observed that between supine dnstanding
phonation the voice/vowel quality does not signi cantly change, ean in those
cases where the phonetic quality does. Je and Jasmine perhapsramstrate
the highest consistency between supine and standing phonationivén their
signi cant singing training this is perhaps understandable, since bbtare
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used to maintaining vowel quality in potentially challenging feedback cwli-
tions. A further encouraging point is the absolute accuracy in maling of
the rst and second formants between standing and supine phati@ns. In
some cases subjects are able to match all of the rst four form@nin both
frequency and relative amplitude, as demonstrated by Jim in Figs. 8 and
7.18c and approached by Jasmine in Figs. 7.17a and 7.17b.

60 1 4000 600
(H2) Frequency (Hz) Frequency (Hz)

(@) /i/ (b) 1 AY (c) /Ot

Figure 7.15: Welch power spectral densities for Standing/Supine
phonations performed by Jack, before and after scanning

(b) / AY (c) / Ot

Figure 7.16: Welch power spectral densities for Standing/Supine
phonations performed by Jill, before and after scanning

Successive supine phonations are shown to be very consistent, iastn
cases up to 8kHz and in some cases up to 10kHz. This is encouragaspe-
cially considering that subsequent measurements were made ovae dour
apart and suggests that such audio recordings provide a valid béncark
for the models developed after MR imaging. The worst performing pe-
titions are perhaps Fig. 7.18a, 7.17a and 7.16b. It is reassuring tot@o
that for other vowel arrangements successive phonations aretrsimilarly
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B
) Freauency (H2) Frequency (H2)

(@) /i/ (b) 1 AY (c) /Ot

Figure 7.17: Welch power spectral densities for Standing/Supine
phonations performed by Jasmine, before and after scanning

(b) / AY (c) / Ot

Figure 7.18: Welch power spectral densities for Standing/Supine
phonations performed by Jim, before and after scanning

inconsistent. Additionally, subjects frequently produce more castency in
successive phonation while standing (see Figs. 7.17a and 7.19c).

To observe the e ect of prolonged phonation, linear prediction ofQR4-
sample windowed segments (without overlap) of each phonation aper-
formed. Since the recordings were made at 192kHz, 194 linear pcddn
coe cients were calculated to provide a suitable envelope to the forant
structure. Treating the resulting coe cients as polynomials, the rst four
roots of each window were recorded and stored. This allows the \afigation
of formant tracks, as shown in Figs. 7.20 to 7.24 for each of the getts.

Fig. 7.20 shows the formant tracks for Jack. These measurementere
recorded as part of the prototyping phase of the experiment, drfeatured
repeated phonation (that is, the subject may stop phonating, irdde, then
restart phonation during scanning). At approximately 10 seconds Fig. 7.20a
and 14 seconds in Fig. 7.20b the formants are clearly unsettled. lnetcase
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600
Frequency (Hz)

(b) 1 AY (c) / Of

Figure 7.19: Welch power spectral densities for Standing/Supine
phonations performed by Je , before and after scanning

of Fig. 7.20a the formants settle down again to similar values to thatdfore
the break, whereas in Fig. 7.20b the formant structure is more ueitled.
Onset in phonation leads to signi cant instability in the formant structure,
underlining the value of using only a single phonation. Consequentlyprae
of the following subjects display signi cantly shorter phonations.

In most cases, each subject demonstrates strong formantlsilay through-
out phonation. Particularly strong cases are shown in Figs. 7.22a,22b,
7.23a and 7.23b. Itis also observed that the rst and second formiz demon-
strate more stability than the third and fourth, as in Figs. 7.21b, 7.2b and
7.20a. This is perhaps unsurprising considering the greater sensttivof
higher frequency resonant behaviour to slight variation in articulabn. The
standard deviation of each of the Formant tracks for Jack's phation on /E/
is shown in Fig. 7.25, calculated at 10Hz. After onset this demonstes sta-
ble phonation for the duration of the anticipated scan time. While thee are
some small (and acceptable) uctuations in higher formants, little drmant
variation is exhibited until vowel release at approximately 20s.
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Figure 7.21: Formant tracks (from roots of 194 point linear prediadn of
1024-sample windows) for supine phonations performed by Jill befo
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Figure 7.23: Formant tracks (from roots of 194 point linear prediadn of
1024-sample windows) for supine phonations performed by Jim befo
scanning
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Summary

This chapter has considered validation of the numerical simulation¢aniques
developed in Chapter 6, using a range of vocal tract analogues afedent
geometrical complexity. In doing so, a number of important factsdve been
deduced. Spatial sampling error has been identi ed as being a moneyalent
form of error than numerical dispersion error. The e ect of spal sampling
error is seen to increase with frequency and inversely to geometiiynensions.
It has been observed that the acoustic measurement techniquenist neces-
sarily perfect, particularly subject to dips in response at approxiately 4kHz.
It has however been demonstrated to be appropriate for validatiothrough
its accurate reproduction of more simple geometries. Simulation iseseto
be acceptably accurate for both uniform cylinders, and simple ccatenated
cylindrical arrangements. It is also able to reproduce the acoustiehaviour
of the mechanical vocal tract analogues, although inconsistenhifing of
resonant modes is observed.

In section 7.5 it is noted that supine phonation can be considered s+
tent with standing phonation at least up to 4kHz, and above this frguency
many behaviours are similar. It has been shown that successive isigpphona-
tions can be considered consistent at frequencies up to 8kHz in inoases.
It is also observed that vocal tract stability is good for shorter,iagle phona-
tions.

Having addressed the validity and likely errors observed in simulation
of vocal-tract-like structures, Chapter 8 proceeds to presenthe results of
simulation of vocal tract geometries extracted from MRI scanning
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Results of Simulation

Introduction

In Chapter 6 the techniques used for numerical simulation using three-
dimensional digital waveguide mesh were developed. The reliability o$ iap-
plication to simulation of the acoustic eld in vocal tract-like structures was
consequently addressed in Chapter 7. In this Chapter the samecltamiques
are applied to models of the vocal tract, developed as described étson 6.3.
This results in a series of impulse responses, each representing argiocal
tract con guration as a linear time-invariant system. The results ésuch sim-
ulation are presented on a subject-by-subject basis, in sectiorl8In some
cases certain vowel con gurations are missing as severe motioteéacting in
the imaging obstructs segmentation. Audio examples of each retlyesised
vowel are presented and compared with those recorded duringniskmarking
for each subject. These examples are generated by convolutidreach sim-
ulated impulse response with the corresponding electroglottogtap signal.
Section 8.3 continues to consider the contribution and applicability ahe
electroglottographic source signal to the resulting voice synthss

An important characteristic of the three-dimensional simulation in he
context of the present hypothesis, is its performance relative tower dimen-
sionality derivative models. In section 8.2 corresponding models anbet
results of their simulation are presented and compared. Finally, sem 8.4
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describes the complete corpus of vocal tract imaging and benchikiag data
collected during the course of this study.

8.1 Three-Dimensional Simulation

The rst results presented here represent full three-dimensiah simulation
of the vocal tract models, as described in section 6.3.2. Each of shesim-
ulations is performed at 960kHz (corresponding to a waveguide |e¢ngof
0.61mm). Single source and receiver points are used, injecting a siaoc-
tion tailored to a cuto frequency of 20kHz. Boundary re ection ®e cients
on the edge of the radiating domes are assigned to= 0:0 to provide a
maximally absorptive condition. Those in the vocal tract itself are s€0 a
uniform re ection coe cient of r = 0:99. This is experimentally deduced (not
measured) to provide a reasonable formant bandwidth. Impulse sjgonses
are 8000-samples long, the short length of which causes occadlgngple
artefacting at lower frequencies. They are transformed using @m-padded
16384 point FFT and the magnitude responses provided. For greatcon-
sistency with measured vowel power spectral densities, the impellsesponse
is also convolved with the original electroglottographic source andhé¢ PSD
plotted alongside the impulse magnitude response. This illuminates (bu
does not necessary match exactly) the harmonic contribution ohé source.

8.1.1 Jack

Jack (male tenor - see Table 6.2) was the prototype subject fordhproject,
meaning his scans were used to ne-tune the scanning protocoldaproce-
dures. He was advised to restart phonation after a pause if nesas/ during
phonation. This was later seen to introduce slight instability in formahposi-
tions (due to onset) hence the advice was changed after his scaback chose
a target pitch of 220Hz for phonation, corresponding to the musatnote A3.

Magnitude responses for simulation of each of the target vowelseglot-
ted in Figs. 8.1 and 8.2, alongside power spectral densities for supaweustic
measurements of each vowel recorded before and after simulati@s de-
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scribed in section 7.2). The power spectral density of the convolah of each
impulse response with its corresponding electroglottogram signal psotted
on the same graph. The accuracy of the simulations (with respecd the
benchmark audio recordings) varies between target phones. Léwquencies
(particularly the rst 2 formants) exhibit accurate behaviour with the rst
formant precisely located in all. For certain target phones a slight laving of
frequency in the third and fourth formants can be observed (alghe second
formant in the case of 8.1a). Some vowels exhibit an excess in highginency
energy (see 8.1h), but in others the levels are well matched (as in@.1In
most cases the resynthesised vowels are suitable up to approxietat6kHz.
above this point performance is erratic. Some phones, such & (Fig. 8.1c)
and /U7 (Fig. 8.1h) exhibit behaviours that are characteristic of the targt
above 6kHz, while shifted in amplitude or frequency (consistent witthe
more complex vocal tract analogues of section 7.4). Others no lendear
any direct correspondence to the target phone at high frequees (as is the
case with /37 - Fig. 8.2c).

It is satisfying to observe that convolution of the source with theisulated
impulse response results in power spectral densities of magnitudatoming
that of the recorded equivalents. This suggests that the very b damping
and absorptive behaviours implemented here are at least appropgato re-
synthesis of the VTTF.

Audio examples (simulated and recorded) can be found in Appendix D.
The xed graphical structure of the vocal tract models signi carly a ects the
resulting resynthesised vowels. When compared to the recordeglialents,
none of the resynthesised examples exhibit an onset period othkanh those
features attributable to the source (fundamental, amplitude chages). In the
recorded audio, a period of formant settling is observable on spexgrams
during vowel onset. Similarly, the absolute rigidity of the resonantteucture
during simulated phonation is unusual. With these considerations agidthe
accuracy of a number of the resynthesised vowels is goodt/(// 6:/ and / i:/
for example - see Appendix D). A number of the vowels produce thedible
e ect of constriction (/ e/ and / A/ for example) which could be attributable
to the supine condition were the audio recordings not made in the sam

195



Chapter 8. Results of Simulation

condition. It is possible the e ect is caused by the frequency-indepdent
damping behaviour imparted by the basic boundary formulation.
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8.1.2 Jill

Jill is a trained female phonetician, with no singing background. Her wel
power spectral densities and simulation magnitude responses afetfed in
Figs. 8.3 and 8.4. Jill chose to phonate at a pitch of 247Hz (corresuting
to the note B3).

As with the previous subject, the simulation of certain phones deme
strates signi cant formant shifting and di erences in formant ampitudes.
The simulation of /i:/ for example (in Fig. 8.3a exhibits higher amplitudes
in F3 and F4 than suggested by acoustic measurement. This trendntin-
ues to higher frequency behaviour and is particularly evident inAY, / U7,
/el and / I:/. A number of the simulations hence exhibit excessive energy
at high frequencies, which might be a manifestation of insu cient rolle in
the electroglottographic source waveform since it does not dirgcte ect the
supra-glottal pressure waveform. It is also conceivable that this ect may
be caused by the lacking representation of boundaries provided fogquency-
independent damping (section 3.6). The overall trends of each silation are
however good.

A particularly interesting artefact can be seen in B/, where a trough in
both recorded power spectral densities at 3kHz correspondsdaaesonance
in the simulated response of Fig. 8.4c. It is interesting to considerdhthis
position lies in a conceivable range for a notch introduced by (even siiy
nasal coupling in the recorded case.

The audio examples (Appendix D) reveal a number of features dang
the nature of this three-dimensional simulation. Firstly, a number bthe
resynthesised vowels represent extremely strong matches te tteal versions
(such as B4, 1 O, / u:/, I Uf and / i:/). Despite providing strong phonetic
matches, the voice quality/timbre is often slightly di erent. This is cansis-
tent with the performance of the vowels in Figs. 8.3 and 8.4, as corisigt
formant behaviour is observed, coupled with an unpredictable highelquency
response.
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8.1.3 Jasmine

Jasmine is a professional, classically trained singer with a mezzo-somr
range. She chose to phonate at 262Hz, corresponding to the maknote
CA4.

A number of Jasmine's scans were not be included due to signi cant mo
tion artefacting (inducing blurring in the imaging). The remaining phores
demonstrate very strong performances, as shown in Fig. 8.5. Afllasmine's
recorded power spectral densities exhibit strong consistencytiween succes-
sive phonations, a fact encouraging further con dence in the sifations (as
explored in section 7.5). Disregarding very slight formant shifts, atarget
phones can be considered accurate up to approximately 6kHz arare as
high as 8kHz (/ee/ for example). The one slight exception is possibly u:/,
in which a resonance in simulation clashes with a trough in the benchnkar
audio. It is interesting that this error closely matches that of the B/ simu-
lation of Jill, for which a frequency notch attributed to slight nasal oupling
was considered. As with many of the subjects and phones, a numl
the simulated responses exhibit excessive energy at high freques¢particu-
larly in / 6:/ for example). It is still encouraging to observe strongly coherén
trends between acoustic and simulated vowel qualities.

Audio examples for the recorded and resynthesised cases arevigled in
Appendix D. Similarly to Jill, the resynthesised audio examples produddor
Jasmine su er from the model's absolute rigidity. Both the lack of oret be-
haviours and complete formant stability contribute to a noticeable iderence
between synthesised and recorded equivalents. The overall phta content
in each vowel is fairly consistent, resulting in resynthesised example/hich
typically match the target phone. As with Jill and Jack, whilst this phanetic
content is satisfactory, the overall vowel timbre of the resyntéisised examples
is noticeably di erent.
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8.1.4 Jim

Jim is a classically-trained (amateur) singer of tenor range. He closa tar-
get pitch of 220Hz, corresponding to the musical note A3. The mdss for
resynthesis of his target vowels are shown in Fig. 8.7, excluding teder /E/
and /e’ due to motion artefacting.

Jim demonstrates reasonable consistency between successipésyphona-
tions, with some (expected) variations at higher frequencies (as the case
of /6:/). The simulated responses are generally accurate up to 5kHz, ieh
exhibiting some slight shifts in F3 and F4. As with previous subjects,igher
frequency behaviour follows the global trends of the recorded BS but with
excessive high frequency energy in some cases (such@kand to a lesser
extent /Of and / 23/).

Some of Jim's synthesised vowels are particularly accurate /[ / U1,
/37 and / 2:/ for example providing strong matches right up to 10kHz. Al-
though each exhibits fair resonant shifts (typically lowering of F3 am F4),
the global trends again closely match those of the recorded benwrks. The
strength of these vowels is further con rmed by audio comparisoras pro-
vided in Appendix D. The resynthesised vowels most closely matchinbet
recorded equivalents are those identi ed as having particularly actate fre-
qguency responses (f/, / 2:/, 1 3/ for example). It is worth noting that there
is little distinction between /U7 and / u:/ for both resynthesised and recorded
cases, perhaps re ecting a lack of phonetic training.

Even the better examples of simulation for Jim exhibit the slight chares
to vowel timbre identi ed for previous subjects. For Jim (and inded Jas-
mine), these changes intuitively suggest constriction. This featerwas also
identi ed for the results produced for Jack, where they were atibuted to
basic boundary formulations. It is also conceivable that during segmtation
of the MR imaging the actual cross-sectional area of the vocalatt is erro-
neously reduced. Post-processing of the MR imaging focusses ehnaiting
the vocal tract from the surrounding anatomy, including processg of the
image to provide a steep contrast gradient. The scan protocol &k targets
delineation of soft, wet tissue from air and since the surfaces ofthiocal tract
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are often covered with saliva it is quite conceivable that this layer ctnibutes
to e ective narrowing in the resulting imaging.
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8.1.5 Je

Je is a professional classically trained opera singer with a bass/bame
range. He chose a target pitch of 110Hz, corresponding to thet@d\2.

While the simulation of Je 's standard target vowels exhibits very sligh
lowering of F3 an F4 (as observed in all subjects), the simulationseareason-
ably accurate, as demonstrated in Figs. 8.8 and 8.9. The most impse® is
perhaps /I:/, which, disregarding slight issues at 2.8kHz and 5kHz is accurate
up to 10kHz. Other vowel con gurations o er a similarly good perfomance,
although many exhibit severe resonance shifts (such age7). The simula-
tions also demonstrate the increased energy at higher frequescfeund in
other subjects. With these resonance shifts and high frequereyels in mind,
the responses ofa’/, / A/ and / 6:/ (for example) appear more accurate, al-
though the impact of such frequency domain errors upon the volvguality
cannot be underestimated.

Audio comparison of the recorded vowels and simulated equivalents is
provided in Appendix D. The overall correlation between these is rearkable.
All provide acceptable matches in phonetic quality and (in contrastd other
subjects) in most cases vowel timbre is very well matched. This isgpiaularly
interesting considering that a number of the simulated vowels do notatch
exactly the measured PSDs above 5kHz. It is worth mentioning thahe MR
imaging collected for Je featured extremely sharp boundaries angry little
motion artefacting. This has inevitably contributed to the ease andccuracy
with which the vocal tract is segmented.
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8.2 Derivative Simulations

While this project concerns the application of the three-dimensiohaligital
waveguide mesh to vocal tract modelling, assessment of the hybesis (see
section 1.2) demands consideration of comparable lower dimensioryabip-
proaches. To this end a range of digital waveguide-based methbtmpes are
now considered, drawing from the history of its application to vocaract
modelling.

Section 8.2.1 considers the development of cross-sectional argactions
from the MR imaging and goes on to apply the traditional one-dimensial
Kelly-Lochbaum methodology to the data. Section 8.2.2 continues &pply a
two-dimensional digital waveguide mesh to the midsagittal plane ohé vocal
tract models. Finally, section 8.2.3 considers the application of Mullen's
impedance-mapped vocal tract model to the developed crossigaal area
functions.

8.2.1 One-Dimensional Simulation

Traditionally, one-dimensional geometrical models of the vocal tcahwere de-
veloped by extrapolation of cross-sectional area functions froptanar, mid-
saggittal X-Ray imaging. The acquisition of three-dimensional MR inging
allows for the development of more accurate cross-sectional afenctions,
based on measurement of the actual cross-sectional area. @imaensional
simulation of these area functions then provides an appropriate aine for
comparison of the full three-dimensional models.

Area functions are obtained by iterative bisection [117]. A line is drawn
between the source and receiver coordinates used in three-digienal simula-
tion, and the normal plane computed about its centre-point, as deonstrated
in Figs. 8.10 and 8.11.

The area and centroid of the intersection of this plane with the vota
tract model is found and the bisection point moved from the centrpoint
of the initial line to the calculated centroid. This procedure is perfoned
recursively, resulting in a complete cross-sectional area functiamd a line
drawing the area-wise centreline of the vocal tract. The nal digcted model
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Figure 8.10: First stage of iterative-bisection of A7 model - Green line
connects source and receiver points, red line delimits bisecting nainplane

and resulting centreline is shown in Fig. 8.12, with a cylindrical interptation
of the measured cross-sectional area function.

The implementation is based on the Kelly-Lochbaum model as describe
in section 5.6.2. Simple chains of digital waveguides are connected Ine-0
dimensional scattering junctions. The re ective coe cients of these junctions
are determined by the step in characteristic acoustic impedances a func-
tion of cross-sectional area changes between each pair of cylnsdeln this
case the radiating dome is replaced with a pressure phase-invertirgec-
tion coecient of r = 0:9 at the lips. The glottis is terminated in a phase
preserving re ection coe cient of r = 1:0. A loss factor of @99 is intro-
duced for each cylinder, found to provide appropriate formant alwidths
without a more accurate physical correlation. Simulations are runt@84kHz,
corresponding to a waveguide length of 0.88mm. The model in Fig. 8.fEa-
tures 14 sections, corresponding to 4 iterative bisections. EacG(®-sample
impulse is zero-padded and transformed by a 16384 point FFT. Theagni-
tude responses of each simulation are plotted alongside the thidigzensional
simulations and measured PSDs in Figs. 8.13 through 8.17.
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Figure 8.11: Halved A7 model after rst bisection, showing extracted
cross-section in red

The one-dimensional simulations perform well with regard to placemieof
the rst 3 formants. Fig. 8.14a for example exhibits good accuraan F1, F2
and F3 for the one-dimensional simulation. F1 could be considered hlig
low in frequency, however this is consistent with the three-dimensial simu-
lation and might simply illuminate spectral characteristics not exhibite by
the xed-fundamental frequency in the measured PSD. It is curigs to ob-
serve variability in performance of the one-dimensional simulationsetween
subjects. Fig. 8.13 demonstrates good matching of the rst theeformants
for each of the three target vowels for Jack. Meanwhile, Jim demsinates
a very poor performance for one-dimensional simulation of/in Fig. 8.16a
but a strong F1-F3 performance for B/ in Fig. 8.16b.
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Figure 8.12: (Left) - Vocal tract model for /A7 - (Centre) - 14 stage
cross-sectional decomposition of the model with centreline in gree
(Right) - Corresponding cylindrical analogue
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Figure 8.17: Je - One-dimensional Kelly-Lochbaum model simulation
using cross-sectional area functions derived from vocal tractoaiels
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8.2.2 Two-Dimensional Simulation

As explored in section 6.5, two-dimensional simulation introduces awérd
ambiguities with regard to geometrical representation. Two-dimesional sim-
ulation can either imply impedance mapping of cross-sectional are@s ex-
plored in section 5.8), or direct modelling of planes of a three-dimenséa
model. Simulation using impedance mapping is explored in section 8.2.3 and
direct planar simulation is explored here.

Fig. 8.18 shows a midsagittal slice of a three-dimensional sampling grid
developed for Je 's phonation on A/. Just as the three-dimensional sim-
ulation is performed, a derivative simulation can be performed on thisvo-
dimensional grid by triggering di erent update and shu e functions in the
implementation. The shortcomings of two-dimensional simulation arlBow-
ever exacerbated in this case. The resulting grid does not bear thess-
sectional relationships required for accurate reproduction of erdimensional
behaviours, hence formant patterns are not reliably reproducedAs with
impedance-mapped grids it could be argued that acoustic behaviois re-
produced in a single plane, however without the interactions and o
behaviour of the complete vocal tract (and indeed an associatedrinant
pattern) the value of these simulations is negligible.

The same sampling grids are used as for three-dimensional simulation
for consistency in the spatial sampling error experienced. This g sam-
pling interval corresponds to a system sampling frequency of 7840&Hz in
two-dimensions by (3.22) (in section 3.2). Source and receiver pasis are
snapped to the nearest nodes to their positions in three-dimensansim-
ulation. The injective in this case is a sinc function, with zero crossisg
corresponding to a cuto frequency of 20kHz and support of 8@0samples.
The simulation is run for 30000 timesteps, and the resulting impulsesgonse
transformed by a 65536-sample FFT.

Magnitude responses for several phones produced by Je areosim in
Fig. 8.19, plotted against the measured PSDs and three-dimensibsanula-
tion.

It is interesting (and perhaps unsurprising) to observe a lack of herence
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Figure 8.18: Mid-sagittal two-dimensional widthwise sampling grid for
Je 's Phonation on / A/, at 783.840kHz, shown with its original segmented
surface model

between the two-dimensional simulations and measured/three-dansional
simulated responses. Indeed, section 8.2.1 demonstrates a m@®ueate re-
production of behaviours by the one-dimensional model. Accurateatching
of the rst two formants can be observed in Figs. 8.19b and 8.19crfmid-
sagittal simulation of /1:/ and / 2:/, although simulation of / A7 in Fig. 8.19a
shows guestionable representation of the rst formant alone.

Beyond the rst two resonant modes, single-plane two-dimensiohaim-
ulation is seen to bear little resemblance to the actual analogue resse.
High frequency behaviour appears almost random and neglects torh any
kind of reasonable characterisation of each vowel.
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8.2.3 Impedance-Mapped Two-Dimensional Simulation

The dynamic impedance-mapped vocal tract model was introduced sec-
tion 5.8. This provides a novel means of real-time articulation of vot&ract
modelling. It also presented a new paradigm of multi-dimensional reggen-
tation of the vocal tract, whereby the simple two-dimensional plag (and its
inherent shortcomings) are replaced by cosine-bell mapped impeda con-
tours. These contours map to cylindrical radii or cross-sectiohareas, neatly
sidestepping the lost-volume issue in widthwise (planar) two-dimensial
models.

VocalTract (shown in Fig. 5.10) provides Mullen's implementation of this
system, based on C++ using an MFC user interface. This allows useram
nipulation of the vocal tract cross-sectional area function, ebéing real-time
changes to the resulting vocal tract transfer function. A numhreof base
cross-sectional area functions are provided, allowing the user switch be-
tween preset vowel models. These models are loaded from separds at
runtime. By replacing the contents of these les it is possible to subgite
original area functions for the presets, in this case allowing areanfttions ob-
tained from one-dimensional decomposition of MR imaging to be simuéat
using the two-dimensional impedance mapped methodology. This pides a
further benchmark for comparison of the full three-dimensionaimulations.

The precompiled VocalTract software (available online [118]) is run on a
Linux system using the WINE compatibility layer [119]. Preset area fustions
are replaced in turn with area functions obtained by iterative biseain (see
section 8.2.1). Simulations were run at a sampling rate of 176.4kHz é&h
highest rate o ered by VocalTract) yielding an e ective waveguide legth
of 2.75mm. Impedance contours are based on cylindrical radii (gigina
geometrically correct analogue - see section 5.8). The LF-basedrse le
is replaced by a simple dirac impulse, producing a periodic impulse respen
when the software is running. Each consequent impulse responseirsdowed
to 5000 samples and transformed by means of a 16384 point FFT.eltesults
are shown in Figs. 8.20 through 8.24.

At low frequencies, the similarities between two-dimensional impedes-
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mapped simulation and three-dimensional simulation are often strikin The
rst two formants are correctly reproduced, occasionally providhg slight fre-
guency shifts in F2 (as is the case for 8.24b, 8.22a and 8.20b). Foeth
simulations of /37 in Figs. 8.20b and 8.21b it is extremely interesting to
observe a more accurate representation of the measured PSDstle two-
dimensional case than in the full three-dimensional case. It is unipuising at
least that the impedance-mapping approach works best for a nganeutral
condition, since this condition least illuminates the ambiguities in contau
mapping a three-dimensional volume to a single plane.
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8.3 The Source

The naturalness of the resynthesised examples here is inescapdioked to
the source content. Regardless of the accuracy of the vocahdt transfer
function, convolution by an unnatural source function will inevitally lead to
unnatural voice synthesis. It is important to remember that the kctroglot-
tographic waveform used as a source in section 8.1 is not accuratedypre-
sentative of supra-glottal sound pressure variation (as explatan section
EGG). It does however include desirable spectral characteristiesxd most
importantly the stochastic variability in period, amplitude and spectal tilt
intrinsic to real human phonation.

To decouple these characteristics of the source from the VTTFaeh of
the impulse responses is convolved with a simple cyclic LF-model waref
(see section 5.3 for de nition of the Liljencrantz-Fant model). Thesource
waveform is tailored to the target pitch for each subject, and give short
linear ramps at onset and o set to provide a more typical source baviour.
The waveform is created at 192kHz and the impulse response doamgled to
match this, before resampling of the convolved output to 48kHz f@layback.
The results are presented in Appendix D. On listening it is clear that wén
convolved with the strongly deterministic LF source waveform theesulting
naturalness is diminished.

To explore further the nature of source characteristics imparteupon re-
sulting voice synthesis, the electroglottographic waveforms reded for each
subject were swapped. For continuity in vocal range, the souraeaveforms
for each of the tenors were swapped. Jack's and Jim's source reaagys
were hence swapped before convolution with the VTTFs (tenor rges) and
Jasmine and Jill's contributions similarly. Audio examples are provided in
Appendix D. Here, appropriate outputs are still observed, althagh identi-
ability is reduced. This suggests that it is the variability of a real souce
waveform that is of greater importance to perceived naturalnegban any
physical correlation of the source and vocal tract. It should ofotirse be re-
membered that during phonation vocal source coupling is considdr® have
an important role in phonation, although in this case the source andocal
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Static Protocol
Te 1.7ms
Tr 4.8ms
Flip Angle 5
Bandwidth 41.67Hz
FOV 260mn?
Slice Width | 2mm (50% separation)
Matrix 192 192

Table 8.1: MRI protocol developed for static vowel scanning

tract are considered linearly separable.

8.4 Corpus

In the course of this project a substantial body of data has beateveloped,
both with the current research project and future studies in mind

Data was collected for 6 subjects from strong singing or phoneti@dk-
grounds. Of these, ve are currently available. The MR imaging is ofhtree

types:
Static Scans
Structural Scans

Dynamic Scans

Static scanning encompasses the standard procedure outlined @tt®ns
6.1.2 and 6.2.2, the protocol for which is provided in Table 8.1. For sudwjts
Jack, Je and Jim, structural scans were also carried out. Thesgcans are
recorded over a greater period of time and target delineation ofehimits of
the nasal tract. The protocol developed for these scans is givienTable 8.2.

Finally, dynamic scans were made for subjects Jack and John (yet be
released). These are recorded in a single midsagittal plane, dencatsg
articulator movements for simple diphthongs. The protocol deveped for
this dynamic scanning is detailed in Table 8.3.
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Structural Protocol
Te 3.1ms
Tr 8ms
Flip Angle 30
Bandwidth 31.25Hz
FOV 260mny
Slice Width | 1.6mm (50% separation
Matrix 256 256

Table 8.2: MRI protocol developed for structural scanning of thaasal tract

Dynamic Protocol
Te 1ms
Tr 3.2ms
Flip Angle 5
Bandwidth 41.67Hz
FOV 220mny
Slice Width | 10mm (50% separation)
Matrix 160 96
Framerate 4.29Hz

Table 8.3: MRI protocol developed for dynamic midsagittal scanningf the
vocal tract
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All imaging is delivered in both DICOM and NifTl le formats. The
resulting vocal tract models are delivered in multiple forms. Firstly, sgmen-
tation of each vowel model is delivered in Analyze le format, to allow ito
be recombined with the original imaging and edited if desired. The segnta-
tion surface mesh is saved separately as a VTK XML PolyData type. liese
models include the radiating lip dome (see section 6.3.1) for all proceds
models. Segmentation of vocal tract models is also provided for amioer of
models without this radiating dome. These are useful for the devgiment
of derivative models.

Cross-sectional area functions are calculated for each vocadt model
without the radiating dome. These are delivered as ASCII text leswith the
radius for each cylinder provided in metres, tab-delimited from the fgth of
the corresponding section. Each cylinder is carriage-return-deited from
the next. A three-dimensional cylindrical graphical model of eaatylindrical
arrangement is provided in VTK XML PolyData format. The vocal tract
centreline developed in the course of iterative bisection is also prosdaiand
delivered in the VTK XML UnstructuredGrid le format.

Each static vowel model carries associated audio and electrogtmgtaphic
data as outlined in section 6.1.1. This data can be used for benchmiak
resulting synthesis strategies and for assessing the reliability ofettassumed
phonetic condition of the imaging. All recordings are made at 192kHat
24-bit resolution. Audio and electroglottographic data are providiin both
extracted PCM (.wav) and original formats (stereo tracks in Audaity project
les).

It is hoped that the collected corpus will be of signi cant value to futire
voice research.

Summary

In this chapter, the results of three-dimensional simulation of theomplete
vocal tract models are presented and audio examples provided.way dimen-
sionality derivative simulations are also produced for comparison. @it two-
dimensional midsagittal simulations are presented, followed by thdosely
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related dynamic impedance-mapped equivalents. Classical one-dnsienal
simulations are then provided as a benchmark. The in uence of thesrce
waveform on the audio examples has been considered. Finally, thdexied
corpus has been described.

Three-dimensional simulation is found to provide a strong match tohe
recorded vowels in terms of phonetic content. Overall voice qualitg not
equally well matched, although in most cases they sound similar. Thes
perceptual ndings support the presented magnitude responsén that lower
frequency behaviours are reproduced whereas higher frequehehaviours
undergo (in some cases signi cant) shifting or other modi cation.

Direct two-dimensional simulation is unpredictable, due to the limited
geometrical analogue it provides. In some cases it is found to apxiroate
early formant frequencies, but in other guises its behaviour is comegely un-
reliable. Impedance-mapped two-dimensional simulation in contragtovides
reliable results where the vocal tract is maximally neutral. Where sigoant
discontinuities are experienced in the cross-sectional area fuoct, the accu-
racy of the response declines with the further abstraction of thgeometrical
analogue.

One-dimensional simulation is interesting in the accuracy with which
it can reproduce early formant frequencies. Its shortcomings esthowever
well understood. By focussing on the dominant one-dimensionalcastic be-
haviour of the vocal tract, strong representation of early forant behaviour is
nearly assured. A one-dimensional representation does not hgemallow for
accurate (or even appropriate) reproduction of higher frequep behaviours.
Consequently, the response of the one-dimensional model abthe rst two
formants is typically inaccurate and simulated vowel quality su ers a a re-
sult.

Finally in section 8.3 it is noted that an accurate vocal tract model will
not result in accurate voice resynthesis when convolved with an walistic
source waveform. The source is observed to carry important cutowards
the perception of naturalness. By contrast, an inaccurate volcaact model
will result in inaccurate, but realistic voice synthesis when combinedith a
real source waveform.
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Chapter 9
Summary and Conclusions

In this thesis, the application of the three-dimensional digital wavguide mesh
to the vocal tract has been explored. The fundamentals of acdigs and the
human voice have been introduced, followed by exploration of tedknes for
time-domain numerical acoustics modelling and their application to theoice.
Experimental protocols and processes have been developed far dutput of
MR imaging of the vocal tract in di erent articulatory settings and for the
capture of appropriate benchmark audio recordings. The thretmensional
simulation techniques have undergone extensive validation, befdtesir ap-
plication to models of the vocal tract extracted from the MRI data The
results of simulation are compared to those of lower dimensionality rilea-
tive models. The outcomes are then compared by means of specpbts
and original audio recordings of each vowel phonation.

9.1 Summary of Results

Acoustic Measurement of Vocal Tract Analogues Using Banded
Exponential Sine Sweeps

A technique has been developed for broadband acoustic measugahof cylin-
drical con gurations and comparable vocal tract analogues. This based on
exponential sine sweep measurement, allowing an arbitrarily high sagjrto-
noise ratio and the removal of harmonic distortion. The experimeat setup
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is low cost, performing equalisation of a transducer mechanism by cden-
position of the audible spectrum into bands, for which inverse- lteng can
be performed. The technique allows for acoustic measurement oéehanical
constructs which can be used in validation of numerical acoustics os. In
the course of this thesis the measurement technique itself is validdtagainst
analytically determined and simulated frequency responses for cydical
resonators of increasing geometrical complexity. The technique seen to
perform well across the sub-10kHz range. The system has twedhomings
of note. Firstly, it is unable to correct for zeros occurring in the @nsducer
response. In this case, the technique would seek to expand theesprlength
around the zero frequency to increase the injected energy. Whileis ap-
proach works for correction of troughs in the frequency resps&, increasing
transfer magnitude at a zero by simple increase of the input is thesircally
impossible. The second shortcoming is computational demand, altigh this
is exible. In the course of the thesis the process is run at maximunogsible
accuracy, using high sampling rates, iterative methods for detemation of
optimum band widths, long impulse responses and consequently longTF
windows. It is quite possible to run the system at lower speci cationseduc-
ing computational demand accordingly, although precision will likely sar
as a result.

Collection and Benchmarking MR Imaging of the Vocal Tract

A data set comprising MR imaging of a range of subjects from trainesinging
or phonetic backgrounds is presented. Scanning protocols areveleped
speci cally targeting delineation of the vocal (and nasal) tract bondaries,
whilst keeping capture times as short as possible. An experimentalopgess
has been developed incorporating the collection of benchmark audexord-
ings and electroglottographic waveforms both before and afteneé scanning
procedures. The vocal tract has been segmented from a subsghe collected
articulatory con gurations and provided for each subject togdter with cross-
sectional area functions and the associated vocal tract centire. A range
of additional scans are recorded for further research, includingwels sung at
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pitches spanning the vocal range, in di erent registers (head/@st/falsetto),
high detail scans of the nasal tract and dynamic midsagittal scaref com-
mon diphthongs. The imaging augments existing data targetting theocal
tract in that it utilises the very latest MR imaging technologies to achige a
very high resolution capture in a short time. This is particularly cruci&in
imaging of the geometrically intricate vocal tract, which requires aigni cant
level of skill to hold stable for any length of time.

Validating Application of the 3D DWM to Vocal Tract-like Str uc-
tures

Application of the developed acoustic measurement technique tolicgrical
structures and vocal tract analogues of increasing geometricaimplexity has
provided progressive validation of the applied nhumerical simulation lsemes.
It is demonstrated that for the most simple cuboid and cylindrical suc-
tures the three-dimensional digital waveguide mesh provides a aomatch
to the measured acoustic behaviours across the sub-10kHz rangOverall
behaviours from the analytically determined solutions are closely neited,
although signi cant errors appear at higher frequencies. Theseeaattributed
to the limited mathematical representation of the analytical solutia. The
acoustically determined responses are found to exhibit consistesthifted
matches to their simulated equivalents, the reliability of which is morean-
vincingly apparent in plots (eg. Fig. 7.9) than through the absoluteréquency
errors identi ed. For stepped concatenated arrangements a giarly strong
performance is observed although for some particular geometti@range-
ments the performance of simulation is poor. This is particularly appant
where glottis-end, longer and narrower cylinders are connected tip-end
cylinders of greater diameter. A further issue throughout simulan of the
concatenated cylinders is slight frequency shifting of the third antb a lesser
extent fourth resonant modes in the 2.5-4kHz range. This shiftingimply
induces slight errors between measured and analytically predictedsonant
mode frequencies. Both these issues are potentially related to tlepresenta-
tion of the complex radiating interface at the point of concatenatin, which
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determines the extent of formant separation.

Consequent application of the technique to complex vocal tract atogues
reveals an often accurate performance. The rst two resonamhodes (for-
mants in this context) are always accurately reproduced. From #z up there
is a very strong match between simulated and measured respons&s with
some concatenated cylindrical arrangements the 2.5-4kHz ranigex problem
for certain simulations, leading to occasional shifts in F3 and F4. Inhe
worst case, these shifts can cause the formation of a degeneraiode.

The methods employed here constitute a particularly basic implemeat
tion of current modelling technologies. While the mesh itself is created a
very high resolution (to provide as close a geometrical match as gide to
the structure) the boundary formulations used are minimal, to regce com-
putational load. Despite this, the simulation produces results of nearkable
accuracy. This suggests that even in such a basic implementatioretmethod-
ology is suitable for representation of vocal tract geometries. rtust of course
be remembered that while the boundary formulations used have lmeghown
to be e ective for modelling re ections in a uniform acrylic structure this
may not also be the case for the varying complex surfaces of thecabtract
itself.

3D DWM Representation of Vocal Tract Acoustics

After rigorous validation, the three-dimensional DWM simulation tebnique
is applied to the models of the vocal tract developed from MR imagingn
some cases, motion artefacting was so severe as to prevent ssgation
of phones. Simulations were performed at 960kHz, for which contation
of 10000-sample impulse responses was possible in approximately %@ m
utes. Throughout this thesis, the simplicity of the implementation ha been
repeatedly underlined. Despite this, simulation appears to o er a @al rep-
resentation of the vocal tract transfer function. While the simuleéed impulse
responses do not result in transfer functions exactly matching dise recorded,
it is emphasised that the recordings represent the complete voiceguction
system, instead of the vocal tract transfer function alone. Inlecases, the rst
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two formants are exactly reproduced. Following this, F3 and F4 plament
iIs commonly accurate, although in a number of cases very slight fremcy
shifting is observed, consistent with that observed for simulationf @ghe com-
plex vocal tract analogues. At higher frequencies, behaviour is omsistent.
In some cases simulation provides a strong match to the recordeglizalents,
while in others there is only a weak correlation.

Audio comparison of simulated and recorded equivalents is telling. While
the trend is towards correct reproduction of phonetic quality, te overall
vowel quality of simulation is not seen to exactly reproduce that ofhie
recordings. This is perhaps unsurprising considering again that thecal
tract alone is represented in simulation.

An interesting audio artefact in resynthesis is introduced by the awlute
rigidity of the model. A human phonation can be expected to producamall
changes in resonant behaviour since, as observed elsewhere,itglthe vo-
cal tract completely stationary constitutes a signi cant challengeeven with
training. In resynthesis these cues are not produced, with the sitated voice
arti cially producing perfectly stable formants for around 16 secads. Simi-
lar cues towards variability in human phonation are observed in the acce
waveform. Vowel resynthesis using a simple, periodic source modesults
in a cyclic behaviour which the listener can quickly identify as unlikely, if
not impossible in a human phonation. Use of an electroglottographicaue-
form circumvents this issue, as much of the inherent variation exped in
human voice production is reproduced. This underlines the importae of
the source waveform to accurate reproduction of human phonan in any
physical model.

There are numerous potential sources of error in the vocal tramod-
els, most of which are described in areas for further work. Beyomdissing
geometrical features, the most obvious shortcoming with respeo the simu-
lation methodology alone is perhaps the limited representation of acstic be-
haviours at boundaries. The boundary formulations used here aggtremely
limited, a particular concern being their frequency independence. his re-
ects a lack of physiologically accurate damping and also the assunnt
of uniform behaviours across all boundaries in the vocal tract tca model.

237



Chapter 9. Summary and Conclusions

Acoustic behaviours in constrictions are very heavily damped due tow
e ects in the boundary layer.

Derivative Lower Dimensionality Equivalent Digital Waveg uide-based
Models of the Vocal Tract

After development of the full three-dimensional models, derivatér equiva-
lents have been constructed using cross-sectional area funesicobtained
by iterative bisection. These models were one-dimensional Kelly-lhiaum
models, direct 2D midsagittal meshes and impedance-mapped 2D hess
The relative performance of these models is assessed. Kelly-L@ehhh mod-
els are seen to provide accurate representation of early formamhaviours,
with well-known shortcomings in the high frequency response due tepre-
sentation of one-dimensional behaviours alone. Two-dimensionaidsagittal

simulation typically results in very poor frequency-domain represéation

due to the limited geometrical analogue. In the best cases the rsivo for-
mants are accurately reproduced. Impedance mapping of a 2D DW&An
result in accurate formant reproduction, although its performace is found to
decrease in accuracy as discontinuities in characteristic acousticpedance
become more signi cant.

9.2 Hypothesis Revisited

Restatement of Hypothesis

Time-domain acoustical simulation of the vocal tract using a
three-dimensional digital waveguide mesh can result in more ac-
curate reproduction of the voice than lower dimensionality equiv-
alents.

Discussion

Treatment of this hypothesis necessarily begins with validation of ghimple-
mentation. Development of a system able to simulate such complexogeet-
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rical arrangements is not straightforward and to inspire trust in he results a
level of con dence must be achieved. The system was hence appt®d range
of models by way of validation. The earliest o ered directly analyticallyde-
terminable resonant behaviours (cuboid) for which 3D simulation ored an
entirely accurate representation. The same was true for simple ajterwave
resonators, for which the frequencies of simulated resonant nesdmatched
those of calculation (to within known error margins). These resultsspired
con dence in the implementation, demonstrating that the complex tages
in decomposition of a graphical model into an e cient data structue are
e ective.

Assured that the software developed constitutes a solid implemextion
of the theory, attention was turned towards assessing the appilbility of
the methodology to reproduction of the intricate geometrical cogurations
of the vocal tract. This stage in the validation was approached timugh
development of an acoustic measurement system, against whicle tresults
of simulation can be checked when the structures under test bese too
complex for analytical derivation. The measured technique was fod to
be e ective and was consequently used for comparison with the sikation
of vocal tract analogues composed of concatenated cylindersm&ation of
these concatenated cylindrical resonators produced resultsathmatched ex-
pectation in most cases. Slight errors (with few exceptions) in theénsulated,
measured and analytically determined frequencies of resonancaeve set
by closely matched overall resonant patterns. This inspires conethce in the
simulation technique within known bounds, and demonstrates its capity
for reproducing complex acoustic behaviours. For instance, slhiftn char-
acteristic acoustic impedance caused by transitions in cross-senal area.
The complexity of the vocal tract models was consequently incresbto that
of vocal tract analogues derived from cross-sectional area €tions obtained
from X-Ray imagine (for Japanese vowels).

In the case of these vocal tract models, correlation between silaion
and measurement remained strong, although frequency shifting F8 and
F4 was observed in some cases. Although the shifts are quite smaléy
demonstrated the capacity to form degenerate modes betwee Bnd F4.
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Despite this, reliable reproduction of resonant behaviours at higheiquencies
suggests the methodology is still appropriate. With the last stagef @alida-
tion complete, the next step entails application of the technique to odels
of the vocal tract itself.

Development of the vocal tract models is covered in detail in this tises.
As with most data acquired here, this too must be validated, in this e to
investigate whether the imaging is an appropriate representatiorf the vocal
tract con guration for each phone. To approach this, a protodois devised
whereby each subject repeats a similar procedure to that exeedtin the MRI
scanner, only in an anechoic chamber, before and after scannifgcordings
of acoustic outputs are then used to assess the consistencye(auccessive
phonations the same?) and stability (does each phonation remaindglsame
for the duration of a scan?) of each utterance. The results weeacouraging,
demonstrating that the subjects in most cases were able to repdéhe same
phonation with consistency in phonetic quality over a time frame of seral
hours. The phonations also typically remained stable for the duratimof the
scan (after onset). These ndings suggest both that the MR imagg was
likely to be a true representation of each vowel, and that the audiecorded
could be used as a form of benchmark for resynthesis.

The developed simulation technique was consequently applied to the-v
cal tract models and compared with power spectral densities ofd@hrecorded
vowels. These power spectral densities provide only a limited accayagbench-
mark due to their characteristic averaging of frequency behavimi(which in
the case of the vocal tract is not likely to remain perfectly static).The key
resonant characteristics of each phone are however clear.

The results are not always consistent. While some simulations provitle
accurate matches across the entire range of interest, othereres only able
to produce the rst 4 formants correctly. Even in the latter cass, resynthe-
sised audio examples were convincing, and the best cases providg sgong
matches to their recorded acoustic equivalents. It is interestingptobserve
such an accurate representation of voice production through sitation of
the vocal tract in isolation of the rest of the voice production anaimy. This
is particularly the case considering the basic boundary formulationssed.
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Decomposition of the vocal tract models into lower dimensionality equ
alents demonstrated interesting trends. One-dimensional simuilah appears
to be reliable up to no higher than 2kHz, although it is able to reprodwcthe
rst two formants with con dence. Two-dimensional widthwise simuation
meanwhile performs poorly and is able to correctly produce the rdivo for-
mants in the best cases. At higher frequencies the response bedmappear
e ectively random. The two-dimensional impedance-mapped appaoh in
contrast works particularly well. In some cases the system is able poovide
a strong correlation up to 6kHz, although it is inconsistent at theséigher
frequencies.

Comparison reveals that of the approaches considered here girdimensional
simulation provides the most accurate representation of the vodaact trans-
fer function. It is not perfectly consistent, nor perfectly accuate in even the
best cases. Despite this it does the best job of recreating the frdlnge
frequency responses obtained from audio recording.

It is therefore straightforward to conclude that the three-dimasional sim-
ulation is more accurate, but this does not satisfy the hypothesis.

Audio comparison of vowels simulated with arti cial and real source ave-
forms illuminates the di culty in decoupling the correctness of the veal tract
model from the nature of the source. It is heard that when the nme accurate
vocal tract model is used in combination with a synthetic source, houtcome
is poor. Conversely, the use of a very basic vocal tract model wighrecorded
source waveform results in very convincing voice synthesis. To thesd, it
is possible to state progression to a higher dimensionality vocal ttamodel
(as posed in the hypothesis) does not result in more natural voicgnshesis.
Even in a simple form - accurate only to early formant frequencieshe vocal
tract transfer function appears to provide the necessary cues to suggest a
human utterance. Full three-dimensional simulation results in a vat tract
model that is similarly natural, yet more accurate and it is here that the
value of three-dimensional simulation lies.

Undoubtedly, three-dimensional simulation comes at a large compaut
tional cost, although run times and memory demands are still reasable
for a standard desktop computer. The remaining justi cation forless accu-
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rate (and less computationally demanding) lower-dimensionality motlieg
lies in its potential for real-time operation, a potential that high reslution
three-dimensional simulation is some way 0 achieving.

9.3 Novelty and Contribution

Development of a three-dimensional digital waveguide mesh -based
numerical model of the vocal tract based on MRI data

Recent research has modelled the vocal tract using multi-dimensairtrans-
mission line matrix methods, nite-volume and nite-element techniges.
This constitutes the rst extensive and exhaustively-validated aplication
of the three-dimensional digital waveguide mesh to the acousticktbhe vocal
tract.

Validation of the application of the three-dimensional dig ital waveg-
uide mesh to mechanical vocal tract analogues

Through acoustic measurement, analytical determination and esr analysis
the validity of the application of the three-dimensional digital wavegide
mesh using basic one-connection boundary formulations is estabéidh

A novel technique for broadband measurement of the acoustic re-
sponse of mechanical vocal tract analogues

While many similar approaches have been taken to transducer invens in
acoustic measurement, to the author's knowledge this constitigethe rst
approach to correction by which the region of interest is decompexs into
sub-bands and the length of each exponential sine is modulated toopide
gain adjustments before regressive inversion.
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A set of MRI data speci cally targeting phoneme reproductio n for
a range of trained subjects, including benchmark audio reco rdings

Several studies have collected MR imaging targetting the vocal ttg however
the author is aware of no other dataset combining such a range dfedent
image types, subjects from di erent backgrounds and a collectioof bench-
marking audio data. The dataset also represents the latest caphities in
MR scanning.

A comparison of three-dimensional, two-dimensional, impe dance
mapped and one-dimensional digital waveguide-based model s of
the vocal tract

This study provides the rst comparison of equivalent three-dimesional, two-
dimensional, two-dimensional impedance mapped and one-dimensiodig)i-
tal waveguide-based simulations of the vocal tract transfer fietion, each of
which is based on the same data.

9.4 Further Work

This study constitutes the rst step in the development of an excihg plat-
form for the investigation and modelling of the human voice productiosys-
tem. Areas for further work focus on the shortcomings of the &sting imple-
mentation, and the development of additional features for the sae platform.
This drives the research towards a more complete representatiohthe voice
anatomy. Consideration is also paid to how the model might be applied in
practice. The most pressing concerns for future work are peipgadevelop-
ment of a geometrically complete model, encompassing the nasakt;aeeth
and tongue. The vocal tract alone of course constitutes only a gie compo-
nent of the vocal anatomy. Inclusion of the nasal tract especialig crucial
and the acquired corpus provides the necessary base data. Depment of
a suitable technique for segmentation is required. Furthering thehéme of
geometrical completeness, an appropriate source model woulethalso be
needed. This might demand a step towards development of a dynamiodel
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due to the naturally dynamic nature of the vocal source. Building aufly
dynamic model would allow for reproduction of frication and plosive sads,
and might not be too demanding a task considering the ease with which
the digital waveguide mesh can be transformed into a dynamic fornsing
impedance mapping. Finally, the numerical simulation might be ne-tued
using a more complete representation of re ecting/absorbing bodaries.

Source Modelling

The source has been identi ed as a crucial contributor to the accacy and
resulting naturalness of voice synthesis. Despite this, the curtemplemen-
tation uses an extremely basic point source as a basis for impulseigton.
Development of the source could proceed in several ways. The -gbttal
system could be segmented and modelled. The immediate sub-gloggstem
(trachea) is very clear on the collected imaging, and the use of a doimed
head-neck coil means that the eld of vision expands into the uppébprso.
Following the path downwards through the trachea leads to the brwhial
tree. This is an asymmetrical, interconnected system of branchesupled
to the lungs. Such a system is bound to represent interesting damg con-
ditions, although it's not clear how dicult it might prove to achieve an
accurate segmentation of its intricate geometry. The asymmetmyf the lungs
is particularly interesting, with the right lung typically larger than the left
[43]. Given the in uence of the branched sinuses in the nasal cavity2(d, 59]
and e ect of asymmetry [88], it would be extremely interesting to inagorate
changes in lung volume as a branched cavity.

Several interesting approaches could be taken to better repeesation
of the glottis in these models. The static, closed-decoupled conditiaised
is highlighted as a likely source of error. Beyond the glottal closurerdi-
tion inherent to typical vocal fold vibration, the glottis is not predominantly
closed. Indeed this is clear through the de nition of the glottal op&/'closed
guotients as characteristics of voice. Source behaviour does bear encom-
pass particularly complex behaviours and is an active area of resgam uid
dynamics based voice research. The digital waveguide mesh woulguies an
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e ective niche to provide value in the face of more mathematically rigoous

approaches. Since the focus of the technique is towards dynamiodglling,

it could be possible for example to incorporate a form of dynamic bodary,

where re ection and transmission is modulated across an appropiesgeomet-
rical analogue to reproduce the e ect of rapidly changing glottal r@a or to

investigate the acoustic correlate of changing contact quotientSince such a
dynamic operation is currently beyond the capabilities of three-dinmsional

simulation, the two-dimensional impedance-mapped technique mighe con-
sidered, having demonstrated a strong tendency towards naalrresynthesis.
Such a model would provide an attractive extension to the one-dimsional

analogue developed by Liljencrants [62] and the mechanical moddi8arney

et al. [42].

Alternatively, if a three-dimensional solution was preferred, sexa im-
pulse responses could be recorded, for a range of glottal closcoaditions
to investigate their in uence on the vocal tract transfer function from a sta-
tionary viewpoint.

An exciting option might be the development of a more appropriate in-
jection mechanism. The use of a point source clearly constitutes am-
thropomorphically limited implementation, especially considering that e
behaviour of the vocal tract is predominantly one-dimensional. Theombi-
nation of multiple receiver points to produce a desired spatial sensity has
been demonstrated [39]. It is quite conceivable that the same appahes
could be taken to combination of multiple injection points to produce a
desired source directivity. Indeed, the nature of the source itfecould be
modulated by the condition of the glottal model previously suggestl. This
might create an exciting feedback system, whereby the glottal bodaries
are in uenced by the source waveform. Given that the use of simptsyclic
source waveforms (such as the LF model demonstrated in this d{) regu-
larly results in unnatural voice synthesis, the use of such a “self-éntering’
source mechanism might introduce interesting variations and cuesggesting
a natural human phonation.

The geometry of the laryngeal cavity is not simple. Signicant recdn
interest has been paid for example to the role of the piriform recessin
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the vocal tract transfer function [64]. Now that a data set has ben acquired
which clearly shows the recesses, it would be trivial to arti cially modyf their
size before simulation. This would provide an interesting means of éapng
their acoustic contribution.

Nasal Tract

The lack of a nasal tract model constitutes one of the most fundeental
omissions from the current model. High quality imaging has been acogsir
for several subjects. Segmentation was attempted but propdetermination
of the applicable propagation path is not straightforward. The nas cavity
is not an empty space like the vocal tract. Instead the conchae guort
a constricted network of soft tissue, nasal mucous and hair. Csirictions
form a complicated case in ow conditions and the acquisition of apppoiate
re ective parameters is likely to prove di cult. Additionally, much of t he
nasal tract is cartiligious, complicating delineation of the cavity wallsrbm
the neighbouring passages. This is especially problematic for the pbuog

of the paranasal sinuses. While themselves easily determinable, gieuses
are connected to the cavity by ostia embedded in layers of cartilagehich
is e ectively invisible in the imaging. Despite the complications, the stat
nature of the nasal cavity would allow the same model to be coupled &ll
vocal tract models for a given subject. The acoustic phonetic doitbution

of the nasal cavity and its coupling with the vocal tract is thought © be
signi cant. It is also extremely interesting to correlate aspects afasal tract
/ paranasal sinus resonance with voice pedagogy. Singers areasamally told
to sing through the centre of the forehead for example. It wouldebextremely
interesting to investigate whether this advise in some way correlaewith
resonant conditions in the ethmoidal sinuses. A complete, integet model
would be of signi cant value, but is complicated by the intricacy of thenasal
tract and the di culties inherent to its non-invasive imaging.
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Teeth

By obtaining a more accurate model of the teeth, their geometriesould
easily be integrated into the existing graphical models. Coupled withpa
propriate re ective parameters, their inclusion would representraimportant
improvement to the model. The source of such data is immediately ueer,
given the ethical considerations raised by X-Ray scanning. If casbr scans
could be obtained from past dental records, it would be relatively itrial
to generate a three-dimensional model of the upper/lower jaw,hich could
be e ectively "attached' to markers in the imaging. The inclusion of a eh-
tal model would also vastly simplify (and also increase the accuracy)dhe
segmentation process, given that a subjective removal of teewlill not be
required.

A consideration of the re ective properties of the teeth might alsgrove
interesting. At present the vocal tract boundaries are given a bifket re ec-
tive coe cient, which probably constitutes a serious approximation Given
that the teeth are often directly in the one-dimensional acousticgih, their
contribution might prove signi cant. It would also be fascinating to incorpo-
rate the teeth (and their particular re ective behaviours) in an exloration
of the reproduction of frication or plosives.

Tongue

The tongue (in combination with the jaw) perhaps provides the mossigni -
cant articulation of the vocal tract geometry. Given that its range of motion
and behaviours are well understood, it might prove straightforwd to develop
a physically modelled tongue in combination with a higher-dimensionality
modelling technique. It would be particularly interesting to investiga¢ the
use of impedance mapping to modulate re ective behaviours acroastic-
ipated ranges of motion. As with the teeth, the tongue of courseowld
feature its own characteristic re ective behaviours. An intereshg rst step
might be to adjust the relationship between re ective parameterat the hard
palate and the tongue surface, to observe any consequent agtaucorrelation.
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Dynamic

Development of the three-dimensional model into a dynamic model ike
obvious progression for the simulation technique itself, as mirrorad the
adaptation of the two-dimensional paradigm to the impedance-magd case.
This also satis es an important justi cation of the use of digital waweguide
schemes over more computationally cost-e ective numerical implemtations
such as the nite-di erence time-domain approach. The largest dllenge en-
countered is likely to be in computational cost. Real-time operation isot
feasible given current abilities, although dynamic o ine operation is coceiv-
able perhaps granted a reduction in system sampling rate and a stger
focus on optimisation of the implementation. An intermediate solutiorthat
might bene t from exploration is transition between impulse respores [121].
A means of moving e ectively between target phones (perhaps geid by the
dynamic imaging collected) might provide an e ective method for dynaic
voice synthesis although its physical analogue would of course be lieait

Further Speakers

Given that the current experimental procedure is established, peating the
scanning processes for a wider range of subjects would presetiivaal and
highly valuable extension to the current dataset.

Frication

At present, the system is only used to reproduce voiced steadt vowels,
based on convolution with a suitable source mechanism. While ow-beas
(turbulent) sound sources such as frication are not implicitly repruced, it
is possible to approximate them in physical models through noise inf&m

at the point of constriction. In the model developed here, this cddi be
implemented by the addition of a secondary source point at constticn and

a corresponding impulse response recorded. By convolution withitable

noise signal the e ect of frication could easily be reproduced.
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Boundary Formulations

It is recognised that the boundary formulations used in the scopd this

work constitute a signi cant approximation to the true re ective characteris-
tics in the vocal tract. In the current model it is possible to assignidcrent

re ective properties to di erent regions of the vocal tract and he modular
implementation allows for trivial replacement of boundary classes. ciuisi-
tion of more appropriate re ective parameters would permit a mor@ccurate
representation of boundary behaviours, which would possibly be eeted in

a more accurate vocal tract transfer function.
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The 1D Wave Equation

Many derivations of the one-dimensional wave equation are basatdtbe case
of a string. While this has the bene t of eliminating a geometrical degre of
freedom, it can be confusing as the case of a transverse wave isapplicable
to acoustic propagation in air. Instead a derivation based on gas miales is
preferred. The following is largely based on the derivation of Fletch§l5].

Consider a volume of air,V, of in nitesimally small depth dx and face
areaS. It is clear that the volume is given by equation (A.1).

V = Sdx (A.1)

This volume of air is free to move in thex axis and on this axis alone. For
this reason, consider that the volume is mounted on four frictionlesrails'
as in Figure A.1.

A wave arrives at the position of the volume, causing it to move by a
displacement , and expand in depth by a distancé&, as shown in Figure A.2.

The volume after expansionV™ is clearly (A.2).

V* = S(dx + E) (A.2)

The rarefaction can hence be expressed as (A.3) by considering thhange
in displacement of the front and back faces of the volume over thewrse of
a displacement inx.
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Figure A.1: Finite Acoustic Volume Moving in a Single Axis

Figure A.2: Finite Acoustic Volume After Movement and Expansion

_ @
E = g (A.3)

The new volume can be described in terms of this rarefaction as (A.5)

V* = S(dx + g)gx) (A.4)
_ @
= Six(1+ o) (A.5)

Recalling the de nition of the initial volume V in equation (A.6), express
the change in volume, V as (A.7).

251



Chapter A. The 1D Wave Equation

V = Sdx (A.6)
_ @
V= Sdxg (A.7)

The bulk modulus of a given gask , describes the relationship between
changes in pressure and volume as per (A.8).

_ @p
K = V@v (A.8)
Rearranging (A.8) to describe changes in pressure then results i.9).
Kdv
dp= v (A.9)
By substituting the change in volume (A.7) we nd (A.10).
K@
= @
dp dx (A.10)

Consider Newton's second law (A.11), wherE is force, m the mass of
the gaseous volume and the acceleration of the displacement.

F=ma (A.11)

Rewriting (A.11) for the change in the volume results in (A.12), where
is the density of the medium.

@
F= Sdx—= A.12
X ot (A12)
It is then possible to equate (A.12) with the force exerted by the imease
in pressure (A.13), wherd~, represents the force resulting from pressuie

acting in a normal direction to areaA.

F, = pA (A13)

It is then possible to rewrite (A.13) as (A.14).
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_ @p
F, = @ axs (A.14)
Next, equate the two de nitions of the acting force ((A.12) and (Al14))

to yield (A.15).

@p « _ @
@9)(8 = Sdx @ (A.15)
Simplifying (A.15) then results in (A.16).
@p. @
ax @ (A.16)

Returning to (A.10), take the derivative of both sides with respecto x,
to nd (A.17).

o & (A.17)

This equation can be substituted into (A.16) to give (A.19).

% = K % (A.18)
0. @ 1)

Finally, introduce the Newton-Laplace equation (A.20) to give the ral
expression of the wave equation as (A.21).

2= K (A.20)
@ _ ,@
@ CZ@ (A.21)

The example presented in Fig. A.2 represents an approximation ofeh
complete case for wave propagation in a gaseous medium in that it isneo
strained to movement on a single axix. A similar expression can be de ned
describing such behaviour as a function of any coordinate systeas, in (A.22)
or for three Cartesian coordinates in (A.23)
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= cr ? (A.22)

(A.23)
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Simulation Data Structure
Collaboration Diagram
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Corpus Index

A large range of data was collected in the course of this study, asadmented
in Chapter 6. Simulation within the scope of this particular project feussed
on simulation of a smaller subset of standard vowel sounds, as lisiadlable

6.1, for the subjects given in Table C.1. For each subject, segmatibn of

each of the standard vowels was attempted. In some cases sagat®n was

not achieved due to motion artefacting. Tables C.2, C.3, C.4, C.5, ar@d.6

below, index the vowel sounds for which segmented data, grapHicaodels
and prebuilt numerical models are available. As with all the target souls,
extensive before/after/supine/standing benchmark audio is praded, as de-
scribed in Chapter 6.
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| Pseudonym

Details |

Jack

Male, English rst language, classically|
trained singer (tenor range), phoneti
cally trained.

Jill

Female, German rst language, phonett

ically trained, no singing background.

Jasmine

Female, English rst language, phonet;
ically trained, classically trained profest

sional singer (mezzo-soprano range).

Jim

Male, English rst language, classically,

trained singer (tenor range), no phot

netic training.

Je

Male, French rst language, classically
trained singer (bass range), no phoneti

)

training.

| Group | IPA | Co. Context

Vowel li:/l | neap
[1:/ | jib
[EIl | red
/&l | anchor
/A7 | hard
/16:/ | locker
/O | port
/Ul | foot
/u:/ | food
/2 | rudder
/37 | stern

as per [4]

Table C.1: Pseudonyms and backgrounds of subjects for MR imaging

Table C.2: Segmented Data available for Jack, using coarticulatorpwtexts
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| Group | IPA | Co. Context |

Vowel li:/l | neap
/1l | jib
[EIl | red
/&l | anchor
/A | hard
/6:/ | locker
/Ot | port
/Ul | foot
/u:/ | food
/2 | rudder
/37 | stern

Table C.3: Segmented Data available for Jill, using coarticulatory coekts
as per [4]

| Group | IPA | Co. Context |

Vowel /1.l | jib
[El | red
/el | anchor
/A7 | hard
16:/ | locker
/u:/ | food

Table C.4: Segmented Data available for Jasmine, using coarticulayor
contexts as per [4]

| Group | IPA | Co. Context |

Vowel li:/l | neap
/1:/ | jib
/A | hard
16:/ | locker
/OF | port
/U7 | foot
/u:/ | food
[2:/ | rudder
/31 | stern

Table C.5: Segmented Data available for Jim, using coarticulatory ctaxts
as per [4]
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| Group | IPA | Co. Context

Vowel li:l | neap
/1l | jib
[EIl | red
/el | anchor
/A | hard
/6:/ | locker
/OF | port
/U7 | foot
/u:/ | food
/2 | rudder
/31 | stern

Table C.6: Segmented Data available for Je , using coarticulatory ctexts
as per [4]
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Supporting CD Materials

A supporting CD is delivered with this thesis, providing audio examplesna
a digital copy of the thesis.

The CD is designed to be used as a website and hence index.html should
be the rst le launched. Audio examples are provided as 48kHz 16ithwav
PCM les. They are indexed and embedded within the website, althoungthe
original data les are still easily accessible in thaudio folder. The structure
of the CD is given in Fig. D.1.

Each subfolder within the audio folder contains examples of a certain
type of synthesis, as per Table D.1. The contents of each consequfolder
are separated into additional folders by subject pseudonym. Aigd lenames
begin with identi cation by the co-articulatory contexts given in Table 6.1.
The second component of the lename describes what they are (@as3Dsim,
ImpMapped 1Dsim). Electroglottographic waveform lenames always end in
_Ix.wav to clearly separate them from resynthesised audio examples.
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Chapter D. Supporting CD Materials

1D

Results of simulation using the simple one-dimensional Kelly-
Lochbaum model, based on data derived from the vocal tract
models and convolved with the electroglottographic wave-
forms recorded during benchmarking

Z _mapped

Results of simulation using Mullen's two-dimensional
impedance-mapped digital waveguide mesh model of the vocal
tract, based on data derived from the vocal tract models and
convolved with the electroglottographic waveforms recorded
during benchmarking

3D

The results of full three-dimensional simulation of the vocal
tract using the methodology explored in the course of this
thesis. Simulated impulse responses are convolved with the
electroglottographic waveforms recorded during benchmark-

ing

3D _LF

As with 3D except impulse responses are convolved with
Lillencrants-Fant model source waveforms

€gg

The electroglottographic waveforms used throughout the
project are presented.

Table D.1: Index for audio materials on supporting CD
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|

Figure D.1: Top level structure of supporting CD
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