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Abstract

Voiced speech is the basic and most important human communication tool. Thus, voice disorders dras-
tically restrict the affected individual and, moreover, have an enormous economic impact on our society.
Therefore, the project Numerical computation of the human voice source, to which the present thesis
contributes to, aims to develop a numerical model that supports clinicians on treating voice problems by
predicting the voice based on given laryngeal geometry and characteristics.

In order to ensure the computational efficiency necessary for a clinical application, the model is based
on the hybrid aeroacoustic approach, which separates the task of sound computation into a flow (fluid
dynamics) and an acoustics part. Thereby, the present thesis focuses on the simulation of the acous-
tic propagation including the required pre-processing (e.g., source term computation and conservative
interpolation).

After providing a brief overview of the general development and the state of the art in the field of
numerical models of human phonation, preliminary work related to the model of the present thesis is
presented. Having depicted the applied methodology and the theoretical background, the numerical model
and the corresponding workflow are established in a next step. Thereby, several aspects (e.g., boundary
condition and conservative interpolation scheme) of the model related to the numerical efficiency and
accuracy are investigated. As the presented model corresponds to an experimental setup with synthetic
vocal folds and non-realistic vocal tract, it is subsequently adapted to real human phonation before
it is applied to two case studies. The first case study investigates the impact of abnormal vocal fold
characteristics (glottal gap and asymmetric vocal fold motion) on the acoustic sources and the resulting
voice, whereas the second utilizes clinical data of patients in order to evaluate the agreement with real
phonation. In the first study, it was found that voice quality decreases with rising glottal gap due to
insufficiently developed acoustic sources and that asymmetric vocal fold motion can compensate for glottal
insufficiency. The simulated configurations of the second case study only partly agreed with the clinical
data. Deviations in the higher frequency range suggest to more extensively assess the accordance of the
vocal tract shape used for the acoustic simulation. Furthermore, the amplitudes at lower frequencies are
underestimated, which indicates that the neglected convective part of the acoustic source term might

play a role in this frequency range.
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Kurzfassung

Gesprochene Sprache ist die wichtigste und grundlegenste Art der menschlichen Kommunikation. Des-
halb sind Menschen, die an einer Stimmerkrankung leiden, in ihrem Alltag und ihrer Lebensqualitét stark
eingeschriankt. Daher wird im Rahmen des Projektes Numerical computation of the human voice source,
wozu diese Arbeit beitrdgt, ein numerisches Modell entwickelt, welches die Behandlung von Stimm-
erkrankungen unterstiitzen soll, indem es in der Lage ist, die Stimme aufgrund der Kehlkopfgeometrie
und -charakteristik zu berechnen.

Die numerische Effizienz, welche fiir einen klinischen Einsatz erforderlich ist, wird durch den Einsatz
des hybriden aeroakustischen Ansatzes erzielt. Dieser unterteilt die Berechnung der Schallentstehung und
-ausbreitung in eine Stromungs- und Akustiksimulation, wobei die fiir die zweitere erforderlichen akus-
tischen Quellterme aufgrund der Stréomungsergebnisse berechnet werden. Der Fokus dieser Arbeit liegt
auf der Akustiksimulation inklusive dem notwendigen Pre-Processing, wie die Quelltermberechnung und
die konservative Interpolation.

Um einen Uberblick zu verschaffen, wird in dieser Arbeit eingangs die allgemeine Entwicklung und
der Stand der Technik in der Modellierung der menschlichen Stimme vorgestellt. Danach werden die
Arbeiten, auf denen das in dieser Arbeit verwendete Modell basiert, prasentiert. Nach der Erlauterung
der angewandten Methodik wird dann naher auf das verwendete numerische Modell eingegangen, welches
vorerst einen experimentellen Versuch mit synthetischen Stimmlippen nachbildet. Bevor das Modell in
einem néchsten Schritt an die reale menschliche Stimmbildung angepasst wird, werden einige Aspekte
im Zusammenhang mit der Effizienz und Simulationsgenauigkeit ndher untersucht. Das adaptierte Mo-
dell wird dann in zwei Studien angewandt. In der ersten Studie wird der Einfluss anormaler Stimm-
lippencharakteristik, wie gestortes Schlieverhalten oder asymmetrische Schwingung, auf die entstehen-
den akustischen Quellen und die resultierende Stimme analysiert. Die Ergebnisse zeigen, dass die Stimm-
qualitit mit steigender initialer Stimmlippen6ffnung abnimmt, wobei dabei asymmetrische Stimmlippen-
bewegung die Stimme positiv beeinflussen kann. In der zweiten Studie zeigen Simulation und Messung
nur teilweise gute Ubereinstimmung. Grofie Abweichungen im hohen Frequenzbereich lassen eine in der
Simulation unpassende verwendete Geometrie des Vokaltraktes vermuten, wéahrend die unterschétzten
Amplituden im niedrigen Frequenzbereich auf das Fehlen des vernachldssigten konvektiven Anteils des

Quellterms hinweisen kénnten.
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Subscripts
a
f
c

ic

BI
GC
1P

Finite element of the acoustic grid
Finite element of the flow grid
Relative error based on L2-norm
Acoustic source

Sound pressure level

Set of flow cells

Mach number

Finite element basis function, number of elements
Free stream velocity

Volume, vertex velocity of finite element
Vertex coordinate of finite element
Speed of sound

Diameter

Mechanical displacement
Frequency, acoustic source density
Force density

Characteristic element length
Surface normal of finite element
Pressure

Arbitrary Euclidean vector

Source density

Distance

Time

Fluid velocity

Cartesian coordinate

Mesh ratio

Ratio of specific heats

Kinematic viscosity

Field variable of finite element method
Local coordinate in a finite element
Wave length

Mass density

Velocity potential, test function

Stress tensor

Acoustic part
Flow part
Compressible part

Incompressible part
Boundary intercept

Ghost cell

Image point
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Scalar product

(%) Fluctuation or perturbation operator

(%) Mean operator

\Y Nabla operator with respect to the Cartesian coordinate system @
% Substantial derivative with respect to parameter ¢

% Partial derivative with respect to parameter t
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Used Acronyms

2D
3D
ABC
ALE
AMG
APE
ASD
BC
BI
CAA
CFD
CT
DOF
fVF
FE
FEM
FFT
FSAI
FSI
FV
FVM
FWF
GAW
GC
GCA
HBC
HFE
IBM
1P
LPCE
LES
NSC
MRI
PCWE
PISO
PDE
PML
RHS
SPL
VF
WALE

two-dimensional
three-dimensional

absorbing boundary condition
arbitrary lagrangian—eulerian
algebraic multigrid

acoustic perturbation equation
amplitude spectral density
boundary condition

boundary intercect
computational aeroacoustic
computational fluid dynamics
computed tomography

degree of freedom

false vocal fold

finite element

finite element method

fast Fourier transformation
fluid-structure-acoustic interacion
fluid-structure interacion
finite volume

finite volume method

Fonds zur Forderung der wissenschaftlichen Forschung (Austrian Research Council)

glottal area waveform

ghost cell

ghost cell algorithm

homogeneous boundary condition

high frequency energy

immersed boundary method

image point

linearized perturbed compressible equations
large eddy simulation

no-slip condition

magnete resonance imaging

perturbed convective wave equation
pressure-implicit with splitting of operators
partial differnential equation

perfectly matched layer

right hand side

sound pressure level

vocal fold

wall-adapting local eddy-viscosity
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Chapter 1

Introduction

Voice disorders are an underestimated issue in our society. The capability of speaking is often taken for
granted, but once we catch a cold and get hoarse, we realize how dependent we are on a healthy voice
since voice production is the basic and most important communication tool for us humans. However,
voice problems do not only restrict the quality of life, lead to isolation and depression [1-3], but also
endanger the livelihood of people suffering from chronical voice disorders. According to Ruben, people
with severe speech disabilities are more often found to be unemployed or in a lower economic class than
people with a healthy voice [4]. Besides the consequences for the individual, voice disorders also have a
huge economic impact. In [4], the costs arising from communication disorders are estimated to be up to
three percent of the Gross National Product of the United States, whose economy has become dependent
on communication-based employment. Furthermore, it is reported that this trend will increase and thus

communication disorders will be a major public health challenge for the 21st century.

1.1 Human Phonation

Although we use our voice continuously and take it for granted, human voice production (phonation) is a
complex process consisting of the interaction between the tracheal airflow and the vocal folds (see Fig. 1.1)
and is only working properly under certain conditions. Due to self-excitation caused by the expiration
air stream, the two elastic vocal folds are excited to oscillations, which periodically interrupt the airflow
forming the primary acoustic voice signal. Depending on the air stream and the dynamic properties of
the vocal folds, the frequency of the primary acoustic signal, which is the fundamental frequency fy of
the acoustic signal, normally lies between 100 Hz and 300 Hz.! By pharynx constrictions (movement of
mouth and jaws), tongue motion, and oral-nasal stream division, the primary voice signal is modulated
and then emitted from the mouth, resulting in the audible voice. It has to be noted that the false vocal

folds (fVF) depicted in Fig 1.1 do not oscillate and can thus be assumed as rigid.

A prevailing assumption is that for a good primary acoustic voice signal, the vocal fold vibrations
need to fulfill three conditions:
1. Symmetrical oscillation of the vocal folds.

2. Periodical oscillation of the vocal folds.

3. Total closure of the glottal gap during every oscillation cycle. This requires full contact of the vocal
folds (see Fig. 1.1). Otherwise, this kind of phoniatric malfunction is called the glottal gap or

glottis closure insufficiency.

1The fundamental frequency is depending on gender. In general, the fundamental frequency of female is higher.
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Vocal tract

Larynx and

vocal folds B

Trachea

Tracheal
airflow

Figure 1.1: Parts involved in phonation process (left). Detail of the larynx with vocal folds (VF), false
vocal folds (fVF) and indicated airflow (right). [5]

1.2 Aim of the Thesis

In former years, voice research mainly has been done experimentally by applying physical replicas of the
vocal folds that can either be synthetic or real animal and human larynx (ez-vivo or in-vivo). In general,
experiments have the drawback of a lack of spatial resolution compared to numerical simulations. The
spatial resolution of measurements of physical quantities, such as pressure or particle velocity, is not
only restricted by the space and the cost of sensors but can also affect the measured physical field. In
contrast, numerical tools can provide physical quantities in every location of the computational domain.
With the development of computational hardware power and efficient numerical methods, aeroacoustic
simulation lately has become a powerful and valuable tool in voice research. In other fields, for example for
cardiovascular systems [6-8], numerical tools have been recently used to successfully support post-surgical
planning, whereas numerical simulation of phonation has not yet been applied clinically. Therefore,
Universitatsklinikum Erlangen (Department for Phoniatrics and Pedaudiology) and TU Wien initiated
the joint project Numerical computation of the human voice source, which is funded by the German
Research Foundation (DFG) and the Austrian Research Council (FWF). The objective of the project is
the development of a numerical tool called sim Voice, which is capable of predicting the voice, depending
on various parameters e.g. the incoming airflow, the prescribed motion of the vocal folds and the geometry
of the rigid larynx and vocal tract. Considering a prospective clinical application, the project is focused
on numerical efficiency in order to limit the required temporal and computational resources. Therefore,
a hybrid approach is used to separate fluid dynamics and acoustic simulation in order to reduce the
spacial resolution for the acoustic propagation and thus save computational time. Within this thesis,
parts of working package 2 (WP2) and WP3 as a whole are accomplished. The objective of WP2 is
to increase the numerical efficiency of the present aeroacoustic validation setup, whereas in WP3 the
physiologic correctness is assessed by comparing simulation results of real geometries with clinical data.
Additionally, a variety of configurations, which don’t fulfill all of the three conditions for a proper primary
voice signal (see Sec. 1.1), is simulated and the impact is investigated. It should thereby be noted that
this work only contributes to the computational aeroacoustic part (CAA) of the hybrid workflow, which is
based on the perturbed convective wave equation (PCWE), as the computational fluid dynamics (CFD)

data is provided by Universitdtsklinikum Erlangen.
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Chapter 2

State of the Art for Simulation of

Human Phonation

2.1 General Development of Numerical Models of Human Phonation

This chapter provides an overview of work done so far in the field of simulation of human phonation as
well as the state of the art. According to Fig. 2.1, models of human phonation can be distinguished
between lumped mass models and partial differential equation (PDE) based models, which can be either
two or three-dimensional. These models are mostly based on the finite volume method (FVM) and the
finite element method (FEM) and can further be separated depending on the motion of the vocal folds,
which can be static, externally driven (prescribed motion) or self-excited due to fluid-structure-acoustic
interaction (FSAI). The latter approach is the most realistic one but also the computationally most
expensive and complex one as the mechanic field of the tissue of the vocal folds has to be solved in addition
to the flow field, which requires knowledge of the material properties. This can be avoided by prescribing
the movement of the vocal folds which has to be provided by experiments, though. Thereby, the mesh
adaption due to the moving boundary is still a challenge and has some numerical issues. Therefore,
and because of the simplicity of the model, also the least realistic model with static vocal folds (mostly
in combination with a prescribed waveform of the inflow velocity profile) is often applied. Regarding
computational effort and complexity of the mathematical system of phonation models in general, the
number of degrees of freedom (DOFs) can reach from one (one-mass model) to several millions (FE or
FV models).

Numerical simulations have first been applied in the field of human phonation at the end of the
1960s [9]. Thereby, the vocal folds were modeled as lumped masses (with one-dimensional dampers and
springs, see Fig. 2.2a) driven by a function of the subglottal pressure and the Bernoulli pressure, assuming
a quasi-steady and incompressible flow. Furthermore, the models of the vocal folds were integrated in
acoustic circuits that also considered a vocal tract by assuming plane wave propagation, in order to

compute the resulting voice [9,10].

Whereas in the past lumped mass models were used for principal investigations of the excitation
mechanism of the vocal folds, they are still applied nowadays but in a three-dimensional arrangement
(multi-mass models) to investigate material properties of the vocal folds. Yang et al. [11] fitted three-
dimensional vocal fold dynamics, extracted from in wvitro experiments by a 3D multi-mass-model using

an optimization procedure (see Fig. 2.2b). Therewith, they optimized the parameters of the 25 mass
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Numerical Simulation of Human Phonation

modeling

lumped mass PDE based

dimensionality

vocal fold motion

externally driven self excited (FSAI) static

Figure 2.1: Overview of simulation types applied in research of human phonation.
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(a) Second-order single mass model [9]. (b) 3D multi-mass model [13].

Figure 2.2: Lumped mass models of the vocal folds with different levels of complexity.

elements of each of the two vocal folds, such as effective mass, lateral, vertical and longitudinal stiffness in
order to match the vocal fold motion obtained from hemilarynx studies'. Thus, the spatial distributions
of local effective mass and stiffness of the vocal folds were yielded. As material properties of the tissue of
the vocal folds can’t be measured directly during in-vivo human phonation, this physiologically relevant
information can be captured by using the described 3D-modeling technique [11,12].

Although lumped mass models are able to simulate the pulsating airflow through the larynx, they
don’t represent all physical aspects due to the strong simplifications. However, the development of compu-
tational power and numerical methods made PDE-based tools like CFD (computational fluid dynamics)
and CAA (computational aerodynamics) available, which aim to resolve all physical details and are

therefore very promising for principal research in human phonation, as well as for clinical applications.

In order to capture the entire physics of phonation, the flow field (airflow), the acoustic field (acoustic

wave propagation) and the field of structural mechanics (tissue) including their interactions (couplings)

1Hemilarynx studies are capable of tracking the three-dimensional motion of the vocal folds on an excised human larynx.
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have to be considered. As displayed in Fig. 2.3, fluid forces thereby act on the bordering vocal folds
and deform them. Due to the deformation, the fluid domain changes and the mesh has to be updated
during the simulation which requires special treatment in order to fulfill the boundary conditions. The
fluid-acoustics interaction is described by aeroacoustic analogies or by applying acoustic perturbation
equations (APE) whereas the solid-acoustic coupling is realized by equating the velocity of the solid and
the acoustic particle velocity on the bounding surface. However, due to the complexity and computational
effort, current PDE-based approaches have to simplify the described causalities and e.g. neglect couplings

that have minor effects on voice production [14].

™ Pressure and shear forces

e

Flow | @ >

7 Mechanical displacement

Mechanics

Figure 2.3: Fluid-Solid-Acoustic interactions in human phonation. The dashed lines define couplings
which can be neglected in human phonation as they only play a minor role [15].

In [16], a first numerical model considering fluid-structure interaction was introduced by Alipour et
al. starting from a 3D continuum model (FEM) of the vocal folds to analyze their dynamic properties
by investigating the eigenmodes. Thereby, they assumed linear elasticity of the transversely isotropic
tissue consisting of three layers (see Fig. 2.4) and that the vibration only takes place in a single plane.
Furthermore, the effect of grid motion during FE space integration was neglected assuming fixed control
volume for integration. At every time step of the transient simulation, the global matrices first were
calculated, and then the pressure distribution from the airflow was obtained and used to compute the
forcing vector. When the vocal folds touch each other, the contact nodes lose one degree of freedom.
Finally, the mesh can be updated by the solved displacement field for the next time step. Despite the
coarse grid, they were able to capture the self-excited oscillation of the vocal folds with this methodology,
but as they assumed steady and laminar incompressible flow, they were not able to capture aerodynamic
effects. In [17], Rosa et al. simulated the fluid-structure interaction with a similar approach but with a
tubular geometry and advanced contact procedure and also considered the ventricular folds. They found
that the ventricular folds have considerable influence on the airflow and therefore affect the glottal wave

form.

The described approach for treating fluid-structure interaction suffers from poor element quality due to
the deformation of the mesh. Especially the fluid elements inside the glottal gap are distorted drastically
as the vocal folds theoretically close every oscillation cycle. Therefore, alternative techniques, such as the
immersed boundary method were developed, which don’t have this drawback. Due to the mathematical
complexity and computational cost, only 2D models could be used in the beginning [18]. With the 2D

model and the immersed boundary method, Zheng et al. were able to show the influence of the false vocal
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Figure 2.4: Discretization of the vocal fold consisting of body (dark grey) ligament (white) and cover
(light grey). The glottal half widths x1 and x2 define the glottal adduction [16].

folds on phonation. Their simulations indicated that the presence of the false vocal folds reduces the
translaryngeal flow impedance and increases the mean flow rate through the glottis, which results in a
larger amplitude of vibration in the true vocal folds. Therefore, the false vocal folds tend to enhance the

sound intensity for a given effort [19].

However, Mattheus and Briicker showed that the behavior of the laryngeal airflow shows significant
differences depending on the dimensionality of the model [20]. In their work, they compared the airflow
of a 2D geometry and a 3D geometry with a lens-like and a slit-like orifice of the glottis by performing
an incompressible flow simulation with a prescribed motion of the vocal folds (see Fig. 2.5). The results
show that there is a significant deflection of the glottal jet for the 2D case, whereas for the slit-like there
is only little and for the lens-like orifice there is no significant jet deflection. For the 3D lens-like shape,
the vorticity is redistributed from the spanwise component into the cross-wise and streamwise direction
whereas for the slit-like orifice this effect is weaker. For the 2D case, there is no redistribution of vorticity
at all, as vortices can only occur in the spanwise direction. Consequently, the spanwise vorticity of the 2D
model is stronger which causes drastic jet deflection resulting in clearly different flow conditions. These
results emphasize the importance of dimensionality for flow computation.

Figure 2.6 shows a typical glottal jet attached to one side of the supraglottal duct, obtained from a 2D
flow simulation. The phenomenon of the deflection of the glottal jet is called Coanda effect and is likely

to induce asymmetric airflow as well as different aerodynamic forces acting on the two vocal folds [21].

Due to the changing fluid and structural domain, a major challenge of simulations of human phonation
is fluid-structure interaction of the vocal folds. In [22], Mittal et al. presented the sharp interface
immersed boundary method (sharp interface IBM) for incompressible flows with complex boundaries,
which makes it possible to simulate the 3D fluid-structure interaction and thus drastically increases the
fidelity of the numerical model. The method is capable of satisfying the boundary condition (BC) on
the immersed boundary without the need for a conform interface between fluid and structural domain
allowing arbitrary movement and deformation of the structural domain. The IBM can be divided up into
two categories [23]. The first category are methods that employ "continuous forcing" wherein a forcing
term is added to the continuous Navier-Stokes equations before they are discretized, whereas in the second
category the forcing is applied to the discretized Navier-Stokes equations. The disadvantage of the first

category of methods is that a "diffuse" boundary is established which means that the boundary condition
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3D lens-like 3D slit-like

Figure 2.5: Vortical structures visualized at certain times ¢/T during cycle for different orifices (3D
lens-like, 3D slit-like, 2D) [20].

Figure 2.6: Deflected glottal jet attaching to the subglottal surface (Coanda effect) [14].

is not satisfied exactly on the immersed boundary but within a localized region around it. The second
category doesn’t have this drawback and is therefore called the sharp immmersed boundary method. The
key advantage of the non-sharp methods is that they are hardly dependent on the spatial discretization
and can be implemented into an existing Navier-Stokes solver relatively easily [22].

In the described method, the surface of the solid, which is called the immersed boundary, is represented
by triangular elements, while the flow is computed on a non-uniform cartesian (hexagonal) grid with
cell-centered representation of the solution variables. Thereby, the immersed boundary can be located
arbitrarily within the cartesian volume grid as indicated in Fig. 2.7b. In order to be able to satisfy the
BCs precisely, the solution quantity has to be (at least implicitly) known on the immersed boundary.
Therefore, the authors of [22] developed the so called ghost cell algorithm (GCA), which in a first step,
identifies cells whose nodes are inside the solid boundary (termed "solid cells") and cells that are outside
the body (termed "fluid cells"). This is done by taking a dot-product of the vector § extending from the
surface element closest to a given element to the node of the element with the surface normal of the surface
element 7 (see Fig. 2.7). A positive value of the dot-product (p'- #) indicates that the node is outside
the body (fluid cell) and a negative value means that the node is inside (solid cell). Solid cells with a
neighboring fluid cell are declared as ghost cells (see Fig. 2.7b). This determination needs to be done for
every time step for moving boundaries and is therefore computationally relatively demanding. However,
assuming that the immersed boundary only travels a distance of the order of the cartesian grid size per
time step, the number of fluid cell nodes that need to be identified can be reduced drastically by using the
declaration of the previous time step. In the next step a line segment from the node of the ghost cell (GC)

towards a node in the fluid cell (image point, IP) normally intersecting the immersed boundary such that
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the boundary intercept (BI) is midway between point GC and IP. Once the BI and the corresponding IP
are identified, the value of the solution variable ¢ is interpolated three-dimensionally with respect to the
eight surrounding nodes to obtain ¢;p. For the ghost cell, the variable ¢g¢ is known and ¢p; can be
obtained using the linear approximation ¢y = %(qﬁ 1P + ¢cc). Having found an approximation of ¢ gy, it
can be plugged in for the definition of the boundary condition that is considered for solving the PDEs of
the coupled fields. Boundary motion is accomplished by moving the nodes of the surface triangles with
the vertex velocity V;, which is either prescribed or can be computed from a dynamical equation if the
body motion is coupled to the flow field. Equation (2.1) describes the mesh update from time step n to
n+1[22].

XM - XP g
S VA 2.1
=, (2.1)
: e ! o ! e | e | ® |
0 : P : :
IR (i 1T i = !
e ey | !
! : : I L
P i i | | i |
4 By BUSEORNCE
A L d 1 1 | |
L 4 e T o T e 1
/0 B B BB E
® Fluid-Cell (8 GhostCell  [®] Solid-Cell
(a) Procedure for cell identifica- (b) Definition of fluid, solid and ghost cells. The black
tion. line indicates the immersed boundary.

Figure 2.7: Schematics indicating the procedure of the ghost cell algorithm [22].

In [24,25] Zheng et al. applied IBM to an idealized shaped vocal fold model with reduced vocal tract to
take the interaction of the glottal airflow and the vocal folds into account without investigating acoustics.
The computed features of the vocal fold oscillation, such as glottal mean and peak flow rates, and the
open and skewness quotients, are within the typical range of experiments. A major issue of fluid-structure
interaction is to find an appropriate material model for the vocal fold tissue. In the respective study,
transverse isotropy of the three layers of the vocal folds was assumed. Thereby, the longitudinal stiffness
incorporates the effect of muscle activation but for better fidelity, this effect would have to be modeled.
According to [24], a result of this simplification is a shifted oscillation base frequency. Later, the model
of Zheng et al. was modified by Jiang et al. and a simplified vocal tract was added in order to also
account for acoustic propagation [26]. Thereby, the glottal airflow was governed by the incompressible

Navier—Stokes equations
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with v!°, pg, p'°, 1 being the incompressible flow velocity, density, pressure, and kinematic viscosity.
The governing equation for structural dynamics of the vocal folds was the Navier equation
0%d
Priss 73 = V.o + priss f (2.4)
t
with a linear stress—strain relationship where pyss is the tissue density, d is the displacement, o is the
stress tensor, and f is the body force.

Regarding acoustics, a hybrid approach is applied that divides the task into an incompressible flow sim-

ulation and an acoustic simulation governed by the linearized perturbed compressible equations (LPCE)

opr
87pt + (’Ulc . V)p/ =+ p()(v . ’U/) =0 (25)
8'0/ ic 1 _
ot V@ o)+ %vp/ =0 (2.6)
OV | i )+ 2 (T + (w1 Tt = =22 (27)

wherein the right hand side of (2.7) is the aeroacoustic source term provided by the flow solver. Moreover,
p!, vl | pl are the acoustic perturbed flow density, velocity, and pressure, respectively, and ~y is the ratio

of the specific heats.

The procedure for explicit coupling of the solvers for the transient simulation is the following:
1. Flow solver: get the incompressible flow pressure (pi¢) and velocity (v'¢)

2. Acoustics solver: get the compressible flow perturbed pressure (p/) and velocity (v7)

3. Update traction on vocal folds using p'®, v'¢, p/, and v/

4. Solid solver: get the tissue displacement (d) and velocity of the bounding surface (vyiss)

5. Deform computational domain and update boundary condition

6. Go to Step 1

The model and details of the vocal folds are depicted in Fig. 2.8. Therein, the geometry of the larynx
is obtained from a thin-slice computed tomography (CT) scan and the simplified geometry of the vocal
tract is based on [27]. The model also accounts for the collision of the vocal folds by using a hard wall

2. This approach is simple but has

contact at two planes that are located very close to the midplane
several drawbacks. On the one hand, a small leakage flow is caused due to the finite distance of the
contact planes, and on the other hand, the location of the contact is prescribed to be at the midplane
which is not the case for asymmetric oscillation of the vocal folds. This aspect is critical, as asymmetric
vibration (e.g. due to a polyp on one vocal fold) is a common pathology of phonation but can’t be
captured with such a contact model. Thus, a more general model would be necessary, which allows the
collision of the vocal folds at an arbitrary position and the exchange of energy between them as this is
an important mechanism that helps to synchronize the oscillation of the two vocal folds.

However, the described numerical model of human phonation is one of the most exact in literature
which considers most of the important physical aspects of human phonation. But due to the complex-

ity of the model, the computational expenses are enormous. The total wall time is reported to be 900

2Due to numerical reasons the contact planes can’t be congruent on the midplane.
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Figure 2.8: Model of the larynx and vocal tract (A) and detail of the vocal folds (B) [26].

hours (37.5 days) using 256 cores to simulate 15 oscillation cycles of the vocal folds. The huge compu-
tational effort demands both massive computational resources as well as computational time, which is
why the model won’t be applicable as a clinical tool without a ground-breaking development in com-
puting hardware. Therefore, in this thesis, another approach is followed by prescribing the movement of
the vocal folds instead of modeling fluid-structure interaction. Consequently, the challenge of material
definition, including the longitudinal muscle activation of the vocal folds is omitted as well as the costly
fluid-structure interaction. The development of the model used in this thesis is presented in the following

chapter.

Besides interaction of the different physical fields, contact of the vocal folds and computational effi-
ciency, another challenge is to obtain realistic geometries of the human airways that are necessary for a
clinical application. This challenge is about to be accomplished, as recent advances of magnetic resonance
imaging (MRI) make it possible to provide exact geometries of the human airways [28-30]. In [30], MRI
is applied to capture the complex geometry of the vocal tract for different vowels (see Fig. 2.9). Using
the obtained geometries, a compressible flow simulation was performed assuming non-moving boundaries
(static vocal folds). Thereby, a typical waveform for the glottal volume flow from literature is used to
model the pulsating glottal flow. Furthermore, the fluctuating pressure is assumed to be the acoustic
pressure obtained from the compressible CFD simulation, which is applicable for a quiescent fluid (e.g.
outside the mouth) but not inside the airways where the pressure fluctuation also contains a fluid dynamic
part. The resulting sound pressure level (SPL) for each of the two formant frequencies of each vowel is
illustrated in Fig. 2.9.

Summed up, a major challenge is to model the oscillation of the vocal folds®, which can be accom-
plished in three ways. The most general approach is to consider fluid-structure interaction but thereby,
the issue of material model and its parameters (spatially varying mass/stiffness and muscle activation)
emerges. A less complex approach is to prescribe the motion of the vocal folds, which requires the ex-
act knowledge of the movement. Lastly, a less accurate approach is static vocal folds with a prescribed
waveform of the flow velocity at the glottis inlet, which is the simplest, as no grid adaption is necessary.

Another challenge is the treatment of the collision of the vocal folds. This is a crucial aspect, as it is a

3The remaining boundaries can be assumed as static.
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Figure 2.9: Normalized surface SPLs of the near-field acoustic pressure for the formant frequencies Fj
and F» of the vowels [i], [e], [a], [0], and [u] in (a)—(e). The SPL at the surface of the airway walls has
been normalized by its maximum for each vowel. [30]

mechanism to exchange energy and synchronize the oscillation of the vocal folds. Finally, the challenge
of realistic geometries of the airways of patients is about to be solved, but with complex geometries
and complexity of the models (e.g. FSI, contact etc.) in general, the computational expenses increase
dramatically. Regarding a prospective clinical application, the arising challenge of computational effort
can either be solved by advances in computing hardware or by using different simplified models that
are tailored to certain pathologies. However, the latter solution requires greater user knowledge and

experience for the choice of the appropriate model.

2.2 Development of the Applied Model

In this section preliminary work, related to the head of our research group [31] Univ.Prof. Dipl.-Ing.
Dr.techn. Manfred Kaltenbacher, who has been extensively researching in the field of modeling and
numerical simulation of human phonation, is reported [32]. Thereby, the development of the model

applied in this thesis is explained.

In 2009, Link et al. published a first 2D model of human phonation considering the interaction of all
three involved physical fields (FSAI) [33] as previous investigations were either limited to fluid-structure or
fluid-acoustic coupling. Therein, the interaction of the Eulerian fluid field with the Lagrangian mechanical
field was based on the Arbitrary-Lagrangian—Eulerian (ALE) formulation. Moreover, Lighthill’s analogy
was applied for fluid-acoustic interaction. However, this analogy is not applicable for the computation of
the near field sound which is why the correct physical computation of the sound within the entire region

requires a perturbation ansatz as demonstrated in [34].
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Therefore, Kaltenbacher et al. established a 2D FSAI-model which takes fluid-acoustic coupling into
account by deploying acoustic perturbation equations within a hybrid aeroacoustic approach that only
considers a forward coupling from the flow to the acoustic field (the considered couplings are indicated in
Fig. 2.3 by solid lines). The fluid-solid interaction is realized via a strong coupling scheme that iterates
within each time step between the two physical fields until an equilibrium is reached. Additionally, also
weak coupling without iteration was tested but showed poor performance regarding numerical stability
which makes it not applicable for long term computations as necessary in human phonation to achieve a

good resolution of the whole frequency spectrum [15].

Due to the substantial computational demand of fluid-structure interaction, Zorner et al. replaced the
fully-coupled interface condition by a one-way coupling [35]. Therewith, the costly coupled simulation
was reduced to a pure flow simulation with prescribed movement of the vocal folds and appropriate
boundary conditions.

In the study, first a fully-coupled simulation with the model of [15] was performed in order to gain the
vocal fold motion which is then used as input data for the simplified (one-way coupled) simulation. Figure
2.10 illustrates the model of the fully-coupled simulation with the three-layered structure of the vocal
folds. Apart from the prescribed motion of the vocal folds (instead of FSI), all parameters (including
the geometry) are the same for the pure one-way coupled flow simulation. Thereby, the influence of
the interface condition, the geometry and the inflow-BC were investigated within four case studies. The
effect of the different aspects was then assessed by comparing features of the resulting flow (e.g. particle

velocity and volume flux) with the flow features obtained from the fully-coupled simulation.

38mm
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— e — | Epithelium ——— "' 0.6 mm
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(a) Computational domain. (b) Detail of structural model of the VF.

Figure 2.10: Model of fully-coupled simulation [35].

The influence of the interface condition (velocity) was assessed in the first case study. Thereby, all
parameters of the model were identical to the original, fully-coupled model (i.e., geometry, boundary
condition apart from the fluid—structure interface). On the one hand a simulation with a homogeneous
boundary condition (HBC) with the velocity set to v = 0 at the interface boundary, and on the other
hand with a no-slip condition (NSC) with the fluid velocity matched to the vocal fold velocity at the
interface, was performed. The results of the case study (see Fig. 2.11) show that the volume flux of
HBC and NSC match the original model quite well, while for the velocity HBC differs from the other
two models in amplitude of the characteristic frequencies. In particular, the amplitude of the second
harmonic is twice as high. These differences will likely have an impact on sound generation. On the other

hand, the simulation with NSC is in strong agreement and will result in a similar acoustic field as the
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Figure 2.11: Spectral results of case study of the interface condition [35].

In the second case study, the effect of the size of the inlet pressure is investigated, as measuring the
exact pressure in humans is difficult due to restricted access to the larynx, which is why measurement
errors arise. Therefore, the inlet pressure of 1kPa was reduced to 0.8 kPa and a pure flow simulation
with prescribed movement and NSC was conducted. Additionally, also a fully-coupled simulation with
the reduced inlet pressure of 0.8 kPa was performed. The results in Fig. 2.12 show that the inlet pressure
has a significant impact, especially on the amplitude of the first harmonic, which illustrates that special

effort should be put into determining the exact pressure.

0.04

T T

T .
original simulation — ]
original simulation (goora inlet pressure) s—e—s ]
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m?s~t [

volume flux

frequency

Figure 2.12: Spectral volume flux through glottis for case study of the inlet pressure [35].

Besides a full-coupled simulation, 3D measurements (hemilarynx studies) can be used to obtain the
motion of the vocal folds. Thereby, simplified models are acquired since realistic patient specific vocal
fold models are not yet state of the art. Therefore, the third case study investigated the effect of incorrect
models or occurring measurement inaccuracies by using a slightly reformed shape of the vocal folds. To
obtain a prescribed movement, the displacements from the fully-coupled simulations with the original
vocal folds was projected onto the deformed shape. A fully-coupled and a pure flow simulation with
prescribed motion were then executed in addition to the original simulation. Although the geometry

change is minor, there is an effect on the volume flux for the fully-coupled simulation (see Fig. 2.13a).
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However, the fact that the prescribed movement has the same characteristic peaks as the original simu-
lation, implicates that small measurement errors in the vocal fold shape do not have a strong impact on

the volume flux and that a fluid simulation with prescribed movement is feasible.
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(a) Spectrum of volume flux through glottis. (b) Volume flux at inflow in time domain.

Figure 2.13: Results of case study for the fully-coupled simulations with original and reformed vocal
folds [35].

In the last case study, the influence of the inflow-BC was analyzed. Therefore, the obtained velocity
profiles at the inlet from the fully-coupled original case and from the fully-coupled case of the reformed
geometry were used as an inlet-BC for the pure flow simulation with prescribed motion instead of the
pressure BC at the inlet. The first inflow condition is referred to as "inflow 1", while the inflow condition
gained from the simulation with reformed vocal folds is referred to as "inflow 2". The resulting volume
flux of the two inflow conditions can be seen in Fig. 2.13b. Next, simulations with prescribed movement
obtained from the original simulation and projected onto the reformed vocal folds were performed, once
with "inflow 1" and once with "inflow 2'. The results show that the simulations with the same inflow
have an identical volume flux through the glottis, regardless if it is prescribed or fully-coupled (see Fig.
2.14). According to the authors, even if the prescribed movement from the original simulation is applied,
but "inflow 2" condition is used, this results in the same volume flux as the fully-coupled simulation with
reformed vocal folds although, the vocal fold motion is different. Consequently, the influence of geometry
and motion of the vocal folds on the resulting volume flux through the glottis is not as strong as the
velocity profile of the inflow-BC (if a velocity inflow-BC is applied). This fact also explains why models

with steady vocal folds and prescribed waveform of the inflow-velocity provide proper results.

In general, the presented results showed that a pure CFD-simulation with a prescribed structural
movement can substitute the fully-coupled approach. However, certain conditions have to be fulfilled in
order to obtain good results. First, a no-slip boundary condition has to be applied to the interface of the
moving vocal folds. Furthermore, the approach is sensitive to the driving inlet pressure, which therefore
should be known as exactly as possible. Finally, small deviations of the geometry have minor effects on
the resulting volume flux through the glottis, whereas the velocity profile used for the inlet-BC does have
a strong impact (when it is used) and can compensate for inexact geometry and motion of the vocal
folds [35].

In this work, the approach of pure flow simulation with a prescribed movement of the vocal folds
is deployed (one-way coupling). As the applied model is three-dimensional, no results of fully-coupled

simulations are available (inlet velocity profile and vocal fold motion) due to the computational effort.
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Figure 2.14: Results of case study of the inflow BC [35].

Hence, a pressure BC is used at the inlet instead of prescribing a velocity profile and vocal fold motion

is provided by measurements instead of fully-coupled simulations.

Whereas for fluid dynamic simulations of the glottal airflow a model of the larynx and the lower part
of the vocal tract is sufficient to obtain realistic flow conditions and to capture the principal acoustic
sources, for acoustic simulations the entire vocal tract is essential to correctly predict the voice. Several
studies show that only 3D vocal tract models entail higher order modes that typically appear in the
higher frequency range above 5kHz, whereas simplified, straight vocal tracts of a circular cross-sectional
area or 1D models that assume plane wave propagation are not able to yield higher modes [29, 36-38].
For phonation types with significant high frequency energy (HFE) content, such higher order modes may
be relevant to obtain a more natural voice and may be important for voice quality, speech localization,
speaker recognition, and intelligibility [37,39].

However, with regard to a prospective clinical application of the model in this thesis, we are willing to
neglect the HFE content to preserve computational efficiency. Thus, for the model of real phonation, a
simplified vocal tract is employed instead of employing a real geometry of the human airways which would
demand a complex and fine mesh (for FEM and FVM) in order to properly resolve the shape. Therefore
a simplified vocal tract according to Arnela et al. is applied [38]. In their work, they investigated the
acoustic properties of vocal tracts for vowels /a/, /i/, and /u/ for the real MRI-based geometry and
different degrees of simplification. Thereby, six cases were considered consisting of realistic, elliptical,
and circular cross-section interpolated through the bent (original) or straight (simplified) midline as
indicated for the vowels /a/ and /i/ in Fig. 2.15. For the case of the realistic cross-section, the original
shape of each cross-section was preserved, while for the elliptical and circular case the cross-sections
were approximated by an ellipse and a circle of equivalent area as the original one. Then, the straight
configurations were obtained by straightening the curved centerline with the corresponding perpendicular
cross-sections. In order to evaluate the acoustic characteristics of the various configurations, the respective
transfer functions were computed by the fraction of the Fourier transform of the acoustic input and output
signal. For doing so, transient acoustic simulations were performed by employing FEM and prescribing
the acoustic particle velocity of a Gaussian pulse at the cross-section of the vocal tract inlet. Additionally,
PML regions at the vocal tract inlet and outlet ensured free field radiation.

By comparing the transfer functions, it was found that for frequencies below 4 — 5 kHz, the impact

of bending and cross-sectional shape is weak, while above these values bent vocal tracts with realistic
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MRI MRI-nb realistic elliptical circular MRI MRI-nb realistic elliptical circular

realistic elliptical circular realistic elliptical circular
(a) Vowel /a/. (b) Vowel /i/.

Figure 2.15: Realistic vocal tract obtained by MRI and geometries with different degree of simplification
corresponding to the vowel /a/ and /i/. [38]

cross-sections are necessary to correctly emulate higher-order mode propagation. These findings were
reproduced experimentally in [40] by applying 3D printed replicas of the vocal tracts with realistic and

simplified geometries.

As in this thesis, the acoustic pressure is evaluated up to a frequency of 5 kHz, so that the application
of a simplified vocal tract is valid and providing an effective way to reduce the complexity of the numerical

model while preserving accuracy.
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Chapter 3

Methodology

3.1 Hybrid Aeroacoustic Approach

The hybrid aeroacoustic approach is a powerful tool that decomposes the task of flow-induced sound
prediction into a computational fluid dynamics (CFD) part and a computational aeroacoustic (CAA) part.
Thereby, the solvers are highly specialized for their respective task allowing an efficient computation of the
two physical fields. Additionally, the computational domains and the meshes for CFD and CAA can be
tailored to their specific requirements. While the flow field usually has to be spatially resolved relatively

fine!

, a coarser uniform mesh is required for the acoustic simulation?. Furthermore, the computational
domains can be adapted to the respective application. In the case of human phonation, e.g. the modeling
of the propagation region (see Sec. 4.3), which is essential for the acoustic propagation simulation, is
not necessary for the CFD simulation as it has no significant impact on the resulting sources of sound.
Therewith, the number of DOFs and thus, the computational expenses can be reduced considerably.
Figure 3.1 illustrates the workflow of the hybrid aeroacoustic approach. First, the flow field has
to be provided, which is usually obtained by CFD simulations but in general, also measurements with
sufficient spatial resolution can be utilized. For low Mach number flow (Ma < 0.3), compressible effects
can be neglected and an incompressible CFD simulation can be performed which drastically reduces the
computational cost. In the second step, the flow data has to be processed for the subsequent acoustic
simulation which consists of the computation of the acoustic sources. When using separate meshes
for CFD and CAA, a conservative interpolation from the flow to the acoustic grid (see Sec. 3.3) is
necessary. Then, the two post-processing tasks can be carried out in an arbitrary order according to the
Leibnitz integral rule, which allows the interchange of the integral and partial differential operators (see
Sec. 3.3), and the optimal order of the two post-processing tasks depends on the application. On the one
hand, performing the interpolation of the flow data required for source term interpolation (fluid-dynamic
pressure and/or velocity) first, reduces the overall computational cost as the source term computation
can be executed on the coarser CAA grid (fewer DOFs). On the other hand, conducting the source term
computation first (on the CFD grid), in general increases the accuracy of the source term because spatial

derivatives are computed more accurately due to the finer spatial resolution of the CFD grid.

Generally, the source term depends on the acoustic equation that is used for the CAA simulation and
is basically the right hand side (RHS) of the respective equation. Within a hybrid aeroacoustic approach,
either aeroacoustic analogies (e.g. Lighthill analogy) or acoustic perturbation equations (APE) [41] can

be applied as governing equations for the generation and propagation of flow-induced sound. For the

LAll relevant turbulent scales need to be resolved.
2The acoustic wave length needs to be resolved.
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simulations in this work, the perturbed convective wave equation (PCWE) is chosen [42]. Compared to
other APEs, the PCWE is very efficient since it only needs to be solved for one unknown (the acoustic
velocity potential 12, see Sec. 3.2). Another advantage of the PCWE is that the convective part of the
acoustic source term can be neglected for low velocities of the grid and the mean flow resulting in a source
term only consisting of a temporal derivative. Thus, the disadvantage of inexact spatial derivatives on

coarse grids is eliminated allowing to perform the source term computation more efficiently on the CAA

mesh.
Hybrid aeroacoustic workflow -
Acoustic
. " Post-processing fluid flow - Li ill’s
Fluid dynamics o P: g ! Lighthill’s analogy
- Compute aeroacoustic sources - FW-H analogy
- CFD C R .
- Conservative interpolation - PCE
= Mlensiiiemeis from CFD grid to CAA grid - APE
- PCWE

Figure 3.1: Workflow of the hybrid aeroacoustic approach.

3.2 Perturbed Convective Wave Equation

Hardin and Pope [43] introduced the acoustic/viscous splitting technique for the prediction of flow-
induced sound. Afterwards, many scientists applied this idea and derived linear and non-linear wave
equations [41,44-46]. The essence of all these methods is that the flow field quantities are split into

compressible and incompressible parts

p=p+p+p°=p+p°+p* 3.1
v="70+v°+v° =0+ v°+v* 3.2
p=p+p+p (3-3)

In this sense, the field variables are decomposed into mean (p, v, p) and fluctuating parts. Moreover,
the fluctuating parts are further split into acoustic (p?, v?, p*) and flow components (p'c, v'¢). Finally, a
density correction p; is built according to (3.3). Introducing an arbitrary Lagrangian-Eulerian description

for the operators

D _9
Dt_8t+(v

where v, is the relative velocity of the grid, we arrive at the PCWE for moving meshes [42]

- 'Urg) Y ) (34)

l DQ,(/}a

c2 Dt?

1 Dpic
— Ay = —— .
v pc? Dt

(3.5)

This scalar convective wave equation is computationally efficient and describes aeroacoustic sources
generated by incompressible flow structures and wave propagation through moving media. This formu-
lation reduces the number of unknowns (acoustic pressure p* = ﬁDD—d;a and particle velocity v®* = —V?)
to just one scalar unknown, the acoustic velocity potential ¢)*. The material derivative (3.4) in (3.5) is
approximated for low Mach number flows and low grid velocities simply by the partial time derivative,
which is applicable to human phonation. The incompressible pressure pi° of the source term (RHS) is

provided by the flow simulation (see Sec. 4.2).
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3.3 Conservative Interpolation

In this section, the two conservative interpolation schemes provided by the in-house pre-processing tool
CFSdat are introduced. As these schemes are developed for the conservative interpolation of the acoustic
source terms, the methodology is explained by means of the source term interpolation. However, in
this work, not the source terms, but the flow data (needed for acoustic source term computation) is

interpolated from the flow to the acoustic grid3.

The presented hybrid aeroacoustic approach requires a conservative transformation of the acoustic
sources f, which is the RHS of (3.5)
1 Dpic

pc2 Dt

(3.6)

from the flow grid (superscript f) to the acoustic grid (superscript a). Based on this acoustic source

density, the finite element right hand side

[ vrac. (3.7)
Q
with 1 € H'(£2) being the test function, is computed by the cell-centered approach
[ vora= Y N, (3.8)
Ee ke Mf

where E,fC denotes the cell of the flow grid, & B the local coordinate, MT the set of flow cells, and the
subscript ¢ the node number on the CAA grid.

The algorithmic procedure of the cell-centered approach starts with the domain of source influence
of an acoustic element. First, the volumetric loads are assembled on the CFD mesh. To reduce the
computational complexity for fine flow grids, we simplify the integration over the source volume to a first

order volume weighting
Ff = VE‘folg(gEl‘;)' (3.9)

Second, all loads F; ,g on the CFD grid that are inside the acoustic finite element E?* are collected by the
set M'. As illustrated in Fig. 3.2, the algorithm has to find the source location x inside an acoustic
element (set MY).

CFD

CAA N

Figure 3.2: Steps for interpolation based on cell-centered approach. Based on a CFD centroid, the CAA
element is determined and the sources are interpolated.

Third, the local position & B inside the reference finite element (x) — & B! ), corresponding to the
global position xj of the loads F,g , is determined. Finally, the loads F,£ are interpolated to the nodes of

the acoustic mesh by using the finite element basis functions N? [47].

3The source terms are computed on the acoustic grid after the interpolation of the flow data.

21


https://www.tuwien.at/bibliothek
https://www.tuwien.at/bibliothek

Die approbierte gedruckte Originalversion dieser Diplomarbeit ist an der TU Wien Bibliothek verfligbar.

The approved original version of this thesis is available in print at TU Wien Bibliothek.

Y 3ibliothek,
Your knowledge hu

This cell-centered approach conserves the energy globally, whereas the energy is redistributed locally,
which causes grid dependent local energy errors. In order to preserve the acoustic energy globally and
locally, the nodal loads F,ﬁ of the flow grid have to be interpolated to a coarser acoustic grid (see Fig.
3.3). However, the mesh size of flow computations inside the glottis varies from fine meshes between the

vocal folds to coarse meshes towards the subglottal and supraglottal channel.

Figure 3.3: CFD grid (blue) and CAA grid (red).

In cases where the flow discretization is larger than the acoustic discretization, the standard approach
fails locally because it neglects the contributions weighted by the cell-volume. Since the discretizations in
the glottal region are in the same order of magnitude, both methods are compared during the validation
of the computational setup, and the most appropriate method with respect to computational efficiency
and accuracy is selected (see Sec. 4.3.2).

The improved approach (see Fig. 3.4) determines for each acoustic volume element E? the set of

intersecting flow cells Ef, which defines the intersection set Elfﬁa
Ei"* = AN E". (3.10)

In this sense, the energy is conserved globally as well as locally for different mesh sizes. The finite element

right hand side is calculated by

NMOfdE= > N(&)F™. (3.11)

E= ke Mfna

The nodal loads F,gma are volume-weighted based on the intersection. For a constant aeroacoustic source
density flf over the fluid cell, the integral simplifies to a multiplication of the intersection volume V., —o
VElfﬁa with the source density flf at the volumetric centroid . —o & forial of the intersection polyhedron.

These loads at the volumetric centroid &, —o & foral of the intersection polyhedron
Flgma = VEiﬁa f]ﬁ(sE’fcﬁa) (3.12)

are now treated like nodal loads in the standard approach.

In contrast to the cell-centered approach, source contributions are added based on the intersection
volume. Thereby, one-way aeroacoustic coupling is covered in which acoustic elements are entirely em-
bedded within a single flow cell. Table 3.1 compares both methods as to how a varying mesh ratio I
changes the relative energy content e, in the actual wavelength compared to the total energy content of

the signal. A mesh ratio of I' = 1 means that the CFD cells and the acoustic elements are of the same

22


https://www.tuwien.at/bibliothek
https://www.tuwien.at/bibliothek

Die approbierte gedruckte Originalversion dieser Diplomarbeit ist an der TU Wien Bibliothek verfligbar.

The approved original version of this thesis is available in print at TU Wien Bibliothek.

w 3ibliothek,
Your knowledge hu

size; if I' < 1 then the CFD cells are finer than the acoustic elements; if I' > 1 then the CFD cells are

larger than the acoustic elements.

Table 3.1: Ratio of the energy e, corresponding to the actual wavelength and the total energy for the
cell-centered procedure and the cut-volume-cell procedure, respectively. [48]

I' Cell-centered e, Cut-volume-cell e,

0.5 99.59 % 99.34 %
1 99.51 % 99.14 %
2 87.50 % 98.76 %
5 55.00 % 98.94 %
10 31.23 % 98.96 %
20 15.85 % 99.06 %
30 10.60 % 99.10 %

CFD

Figure 3.4: Steps for interpolation based on cut-volume-cell approach. The intersection elements are
determined, then intersected, and the forces are interpolated based on this intersections. [48]

The more sophisticated conservative cut-volume-cell interpolation outperforms the cell-centered pro-
cedure, especially for large mesh ratios. In this regime, the cell-centered interpolation transfers energy of
the aeroacoustic sources to unphysical wave lengths. The cut-volume cell approach conserves the energy
for all investigated mesh ratios. For both methods, the computational demand increases linearly with
the number of elements, but the more accurate cut-volume-cell intersection takes longer since the flow

and the acoustic grid are intersected.

Based on the Leibnitz integral rule, the spatial integral and the partial time derivative can be inter-

changed:
q w(t) w(t)a q d
& [ fwnas= [ e+ e0.0 500 - Fd0.0 530, (313)
(®)

x(t) X
In the case of fixed integration limits, the terms considering the lower and upper integration limits are

zero and the rule simplifies to
[}

%/f(x,t)dxzj

X

| @

[z, t)dx. (3.14)

o))

t

In this work, the geometry (mesh) of the glottis is not adapted during the CAA simulation - in contrast
to the CFD simulation with prescribed movement of the boundary - but the condition of the maximum
opening is used (i.e. CFD domain at maximum opening of VFs) in order to capture all acoustic sources.
Therefore, the boundaries for the spatial integration are fixed allowing the interchange of the conservative

interpolation and the partial time derivative for the source term computation as indicated in (3.6).
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Chapter 4

Introduction of the Numerical Model

In this chapter, the numerical model for the validation of the applied methodology is introduced. For the
purpose of validation, this model has a simplified geometry and corresponds to the experimental setup
(including the BCs) that provides the data for validation. In contrast, the model applied for the case
studies of Chap. 5 represents real human phonation and thus, employs more complex geometries and
different boundary conditions. Besides the introduction of the model, investigations and modifications
of the existing validation model with regard to the computational effort and accuracy are presented in
Sec. 4.3.2 where the model is adapted towards high efficiency. Thereby, it has to be noted that the CFD

and CAA model have already been validated in an earlier stage of the project.

The experimental setup consisted of a mass flow generator, a subglottal channel with synthetic vocal
folds (silicone) and a supraglottal channel (acrylic glass) with stiff ventricular folds (see Fig. 4.1). For
validation purposes, the supraglottal channel, which leads into the farfield and represents the vocal tract,
has a simplified rectangular shape. The glottal area waveform (GAW), which is required for prescribing
the vocal fold motion in the CFD simulation, was extracted from high-speed video footage (with a sample
rate of 4000 frames per second). Moreover, the measurements were conducted in an anechoic chamber
with a cutoff frequency of about 300 Hz. Four microphones measured the sound radiation at 1 m distance
from the end of the supraglottal channel and an angle of 45° from the center line (see Fig. 4.16a and
4.2). Further details of the experimental setup can be found in [49]. The geometry of the flow and
acoustic model derived from the experiment follows the rules of the hybrid aeroacoustic approach. The
CFD domain is depicted by the bluish region in Fig. 4.1. It includes the rectangular subglottal channel,
the vocal folds, the ventricular folds, and the rectangular supraglottal channel, that is, all parts of the
test rig where the flow speed is sufficiently high. Additionally to the CFD domain, the CAA geometry
(reddish region) models the sound radiation to the microphone positions in the farfield, and moreover

avoids reflections at boundaries, where the domain is truncated.

4.1 Workflow

The applied workflow (Fig. 4.3) is defined by the hybrid aeroacoustic workflow. Therein, the results of the
CFD simulation, required for source term computation (incompressible pressure pi¢), are provided by our
cooperation partner, Universitatsklinikum Erlangen (Department for Phoniatrics and Pedaudiology), for
every time step of the transient CAA simulation. In order to preserve the possibility to also consider the
convective term within the source term computation or the application of a different acoustic equation

(e.g. Lighthill), the fluid velocity is transferred as well. Furthermore, the mesh-file is provided for every
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Figure 4.1: Schematic of the synthetic larynx model adapted to the experimental setup with indicated
CFD (bluish) and CAA (reddish) domain . The acoustic pressure is transformed from the virtual to the
real microphone position. All dimensions in mm. [49]

time step as it is occasionally needed during the interpolation when the connectivity between CFD data
and cell index gets lost!.

In a first step, the incompressible pressure p'® is conservatively interpolated from the flow to the
acoustic grid via the in-house pre-processing tool CFSdat. Besides the CFD simulation itself, this is
the computationally most expensive step due to the fine CFD mesh (= 1.64 million cells). Having
accomplished the interpolation, the following computations become less demanding because of the coarser
resolution of the acoustic mesh (& 280000 cells), which proves the capability of the hybrid aeroacoustic
approach.

Due to numerical issues within the CFD simulation that mainly emerge because of the prescribed
movement of the vocal folds, the pressure results of the individual fluid cells contain non-physical peaks
(see Fig. 4.4, blue graph). Therefore, the (interpolated) pressure of each acoustic node is filtered in a
next step (see Fig. 4.4, red graph) employing Butterworth low-pass filter (10th order) in MATLAB® with
a cutoff frequency of 5 kHz. A continuous pressure signal is of great importance, as the subsequent source
term computation consists of the partial time derivative of the incompressible pressure %L;C, which is
executed by a second order smoothed noise differentiator [50] that is also implemented in the in-house
pre-processing tool CFSdat. Without filtering, the artifacts of the raw signal would lead to non-physically
high acoustic source terms. For the source term computation, the convective part of the source term (see
Sec. 3.2 and 3.3) is neglected due to the relatively low mean velocity of the flow. The admissibility of
this assumption is examined in Sec. 4.3.2.

Once the acoustic sources are computed, the transient acoustic simulation is executed. Therein, the
partial differential equations are solved with the in-house research FE code CFS++ [42]. Therewith, the
evolution of the acoustic pressure is obtained within the entire CAA domain. The propagation region

of the computational domain of the acoustic setup does not contain the microphone positions of the

1Normally, the mesh-file of the first time step can be used for the entire interpolation (all time steps). However, the
CFD software occasionally changes the cell numbering when exporting the results. When this is the case, the mesh-file is
updated during the interpolation and used until the next change of numbering.
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Figure 4.2: Front and side view of the experimental setup for sound measurements at the indicated
microphone positions. All dimensions in m. [49]
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Figure 4.3: Workflow of the aeroacoustic simulation, including pre- and post-processing.

experiment (see Fig. 4.1) as including it would cause an unnecessary large domain and thus, unnecessary
DOFs and computation time. Instead, the acoustic pressure at the virtual microphone point (simulation)
is transformed to the location of the observation point of the experiment. According to the Fraunhofer
approximation, the sound in the farfield decays with 1/r with r being the distance from the source position.
Therefore, the acoustic pressure at the virtual microphone point with a distance of ry;-; = 80 mm from
the outlet of the vocal tract is transformed to the position of the real microphone in the experiment with
a distance of 1.¢q; = 1000 mm by

Tvirt a 8

p?eal = piirt @ = Pyirt ﬁ (41)

Finally, depending on the purpose of the simulation the spectrum of the sound pressure level (SPL) or
the amplitude spectral density (ASD) is computed with MATLAB®. Due to the long measuring time of

the experiment, the ASD is used for the validation model, which is the square root of the power spectral
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Figure 4.4: Raw and filtered signal of the interpolated incompressible pressure for a characteristic node
inside the glottis.

density (PSD) computed via the function pwelch in combination with a hamming-window. Otherwise,
(for the model of real phonation, Chap. 5) the SPL is used for evaluation as it is a more common quantity
in acoustics. The sound pressure level Lp, is defined by

Lpa = 20 log;, 22 (4.2)

Da,ref

where the threshold of hearing at 1 Hz p, rof = 20 uPa, is used as reference pressure.

In order to validate the transformation of the acoustic pressure from the virtual to the real microphone
point (Eq. (4.1)), the transformation was carried out for a real microphone point located inside the
propagation region. Consequently, the pressure signal of the real microphone point is known and can be
compared with the transformed signal. Figure 4.5 shows the results of the transformation of the acoustic
pressure signal from a microphone point at 50 mm in front of the vocal tract outlet (virtual mic.) to
80 mm (real mic.). First, the deviation between the virtual and real signal thereby is Errye? = 0.61, but

reduces after transformation to a negligible error of Erryo ™ = 0.039.

4.2 CFD Simulation Setup

This chapter presents the setup and parameters applied for the pure flow simulation with prescribed
motion of the vocal folds. The incompressible CFD simulations were performed by our cooperation
partner Universitdtsklinikum Erlangen using the commercial CFD software Star-CCM+. Details of the
3D model are shown in Fig. 4.6. Thereby, it has to be noted that the investigations of [51], where the
figure is extracted from, did not consider the ventricular folds, whereas in the models (CFD and CAA) in
this thesis, they are included (see Fig. 4.8). Apart from not considering the ventricular folds, the setup
including the boundary conditions of [51] and of this thesis are the same. A thorough description of the
CFD setup including its validation can be found in [51]. Additionally, in [52], the computational expenses
are presented.

A large eddy simulation (LES) on a finite-volume cell-centered non-staggered grid with a wall-adapting

local eddy-viscosity (WALE) subgrid scale model was performed to model the turbulent flow in the larynx.
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Figure 4.5: ASD of virtual, real and transformed pressure signal. Erre ™ = 0.039.

Thereby, a central difference scheme with second-order accuracy was used to discretize the convective
and diffusive terms of the Navier-Stokes equations. These pressure-velocity linked equations were solved
non-iteratively within a PISO (Pressure-Implicit with Splitting of Operators) algorithm. Furthermore,
an algebraic multigrid (AMG) method with a Gauss-Seidel relaxation scheme and biconjugate gradient

accelerator was applied to solve the final linear system of equations. The density and kinematic viscosity

m®

<, respectively. As boundary conditions for

of air were considered to be p = 1.18 % and v = 1.57-107°
the validation setup, the pressure at the inlet was set to be constant and equal to the mean value of the
experimental subglottal pressure, while the outlet pressure reproduced the temporal evolution determined
in the experiments. For the model of real phonation (Chap. 5), no measurements of the outlet pressure
were available. Therefore, the outlet pressure was set to zero. At all walls (including the moving walls of

the VFs), no-slip no-injection boundary conditions were employed.

The mesh consisted of hexahedral elements and was refined in the glottal area (glottis refinement)
and near the supraglottal region. Figure 4.7 shows the finest mesh used for the validation of the model
consisting of 2.4 million cells and a mesh size reaching from 0.063mm to 0.5 mm. The overset mesh
approach provided by Star-CCM+ was applied to treat the mesh motion for moving boundaries. However,
this methodology doesn’t allow a complete closure of the glottis. Therefore, a minimum glottal gap of

0.2mm was forced during the glottal closure, which caused a negligible leakage flow.

For the temporal discretization, the time step was chosen to be in the magnitude of 1 s depending on
the oscillation frequency of the vocal folds, which was 148 Hz for the validation case and between 80 Hz
and 320 Hz for the case studies of Chap. 5. In order to reduce the transfer of data, every tenth time step is
exported and used for the source term computation. Regarding the duration of the transient simulations,
experience of previous simulations, as well as literature, advise to capture at least ten oscillation cycles
of the vocal folds in order to obtain well developed spectra of characteristic flow and acoustic quantities.

Additionally, the impact of the simulation duration on the spectra is investigated in Sec. 4.3.2.
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Figure 4.6: (a) Schematic of the numerical larynx model without consideration of the ventricular folds.
(b) GAW obtained from the experimental model of flow-induced motion of the VFs. (c) Geometry of the
vocal fold at the middle of the cycle [51].

4.3 CAA Simulation Setup

Figure 4.8 shows the computational setup for the acoustic simulation of the validation case. In addition
to the CFD domain (larynx and vocal tract), the acoustic setup contains a propagation region which is
attached downstream of the vocal tract and is necessary to calculate the sound radiation to the microphone
points. The dimension of the propagation domain in x-, y- and z-direction is 85 mm x 120 mm x 120 mm.
Additionally, two perfectly matched layer (PML) regions ensure free radiation and avoid reflections of the
sound at the boundaries where the model is truncated. A thorough description of PMLs can be found
in [53]. Apart from the bottom of the supraglottal propagation region, which is modeled sound-hard
(corresponding to the experimental setup), one PML is attached adjacent to the propagation region.
As PML must have orthogonal bounding surfaces in the current implementation of the in-house acoustic
solver CF'S++, the purpose of the other propagation domain at the inlet of the larynx is just to simplify the
meshing procedure and circumvent a non-conforming interface on the subglottal PML region. The meshes
of the larynx and the vocal tract are generated together in one step in order to avoid a non-conforming
interface in the region with major sources of sound. In contrast, at the glottis inlet and vocal tract outlet
where only minor sources occur, the non-conforming interfaces allow efficient mesh generation with high
element quality. The treatment of non-conforming interfaces is implemented in CFS++. Furthermore,
all channel walls are modeled as fully reflecting sound-hard walls, which is justified by a sufficiently high
acoustic impedance jump between air and tissue. The fluid density of the air is set to p = 1.18 kg/m?

corresponding to the CFD simulation and the speed of sound is given by ¢ = 343.4 2.

30


https://www.tuwien.at/bibliothek
https://www.tuwien.at/bibliothek

Die approbierte gedruckte Originalversion dieser Diplomarbeit ist an der TU Wien Bibliothek verfligbar.

The approved original version of this thesis is available in print at TU Wien Bibliothek.

w 3ibliothek,
Your knowledge hu

Figure 4.7: Sectional view of the finest CFD mesh for validation. Gray: cells with base size. Yellow:
Cells with basic refinement. Red: Cells with glottis refinement [51].
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Figure 4.8: The validation setup for the acoustic simulation with a - in the midplane - sliced view of the
supraglottal PML region.

The larynx and the vocal tract together match the CFD domain and contain the aeroacoustic sources.
However, inside the middle and rear part of the vocal tract, only minor acoustic sources occur (see Fig.
4.9). Therefore, these regions could be neglected using a blending function. But since this doesn’t increase
the efficiency of the simulation, all source terms are considered [54].

In contrast to the flow simulation, the computational domain is not adapted during the simulation,
but a steady geometry representing the maximum opening of the vocal folds is deployed in order to
capture all acoustic sources in every time step. The grid motion caused by the vocal folds has a Mach
number below Mag, < 0.015 and the mean convective Mach number inside the glottis is Ma < 0.1 since
the averaged flow speed is relatively low [51]. Therefore, the movement of the vocal folds as well as the
convective term of the aeroacoustic source can be neglected in the acoustic simulation, which drastically
reduces the complexity of the model, the data transferred, and the computational cost. The results
of the flow simulation, which are required for the source term computation, are exported into EnSight
Gold-files. Thereby, every tenth CFD time step is written to the files, resulting in a temporal resolution

of the source term of At ~ 10~°s used for the acoustic simulation.?

4.3.1 Spatial Discretization

The mesh for the acoustic simulation is generated with ANSYS ICEM CFD. As mentioned above, the

domain of the larynx and the vocal tract are meshed together in one step in order to ensure a conform

2The exact size of the time step depends on the cycle duration of the oscillation.
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Figure 4.9: Qualitative visualization of the acoustic source terms in the region of the larynx and vocal
tract for a characteristic time step by means of the partial time derivative of the acoustic pressure.

low

mesh. Thereby, the curvature based refinement was enabled to sufficiently resolve the three-dimensionally
curved geometry of the vocal folds. Despite the simple rectangular shape of the vocal tract, tetrahedral
elements are used within the automatic meshing procedure in order to allow the use of more complex
geometries of the vocal tract after the validation of the numerical model. The meshes of the propagation
regions and the PML regions consist of hexahedron elements. Table 4.1 summarizes the number of

elements and the maximum element size in the different regions.

Table 4.1: Details of the CAA mesh.

Region Elements max. Element size
Larynx 46 400 4.8 mm
Simple vocal tract 45100 4.5 mm
Propagation domain 1150 10.6 mm
Prop. domain subglottal 600 1.5mm
PML subglottal 600 1.5mm
PML propagation 1530 10.6 mm
Total 95800 10.6 mm

The existing capabilities of the simulation software allow well suited meshes for the subdomains. Inside
the larynx, a mesh consisting of tetrahedral elements approximates the continuous geometry by 46400
elements with a maximum element size of 4.8 mm. The discretization is chosen considerably different
to the CFD grid, but the presented conservative interpolation strategy allows a CFD grid independent
meshing at least for the cut volume cell approach (see Sec. 3.3). However, inside the glottis region,
the characteristic length of the acoustic mesh is in the range of the flow discretization. Hence, the
application of the faster cell-centered interpolation approach is investigated in Sec. 4.3.2. Based on the

simple estimation formula for the characteristic acoustic element length Al,

A c
A a= — =
: 20 20 fmax

=3.4mm, (4.3)

a maximum frequency of fi.x = 5kHz (cutoff frequency of low-pass filter) is resolved with 20 linear finite
elements per acoustic wave length .
The existing mesh is the result of a grid study, which was part of a previous working package, with

a trade-off between accuracy and computational effort [55]. Thereby, the model was altered towards
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increasing efficiency by reducing the number of elements within the thickness of the supraglottal PML
region and by mesh coarsening in general. Although the maximum grid size (see Tab. 4.1) exceeds the
characteristic acoustic element length of Al, = 3.4 mm, the results show negligible deviations from models
with finer spatial discretization and thus the respective mesh was chosen for further investigations due

to computational efficiency.

4.3.2 Modifications and Investigations

In this section, various aspects of the existing CAA model for the validation case apart from the grid
resolution are investigated in order to find further potentials for an increase in efficiency and accuracy.

Thereby, the influence of
e the approach for the source term interpolation,
e the modeling of the boundary at the larynx inlet,
o the simulation time (number of VF oscillation cycles),
o the consideration of the convective term within the source term computation, and
e obstacles in the experimental setup

is assessed by means of a transfer function or the acoustic spectrum at the microphone point 2 (see
Fig. 4.2)). In order to quantitatively evaluate the relative error of the acoustic spectrum compared to a

reference, the Lo-norm error

fu:5k‘Hz
ZH (ASDret(f) — ASD(/f))?
=10Hz
Err, ™2 = g fu—5kHz : (44)
Z ASDrefQ(f)
flzloHZ

is introduced, which is computed within the range of f; = 10Hz to f,, = 5kHz. The workflow and model
are then adapted depending on the results of the investigations before applying them for the case studies
of Chap. 5.

Approach for the Source Term Interpolation

As described in Sec. 4.3.2, the cell-centered interpolation procedure is faster than the improved cut-
volume-cell approach because the intersection volumes don’t have to be computed. However, its appli-
cation is limited to low mesh ratios I' = lcpp/lcaa < 1 in order to locally conserve the energy. The
existing mesh ratio reaches from I',;, = 0.05 to I'iyax = 1. According to Table 3.1, this would allow the
application of the cell-centered interpolation scheme and thus save computational time.

The resulting spectra at the microphone point (Fig. 4.10) for acoustic simulations carried out with
source terms interpolated with both algorithms validates this assumption. Thereby, the reduction of
computational time for the interpolation procedure in the illustrated case (20 oscillation cycles of the
vocal folds) is about five percent, but depends on the number of elements. The relative error of the
faster cell-centered procedure compared to the more sophisticated cut-volume-cell interpolation scheme
is Errye ™2 = 0.0007. Therefore, the faster cell-centered approach can be applied for the present meshes

without a significant loss of accuracy.
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Figure 4.10: Resulting ASD at microphone point 2 for cut-volume-cell and cell-centered interpolation
scheme. Erryq™? = 0.0007.

Modeling of the Boundary at the Larynx Inlet

In channels with a dimension d of the cross-section that is small compared to the acoustic wave length A,
the wave can be assumed as a plane wave and a so called absorbing boundary condition (ABC) can be
used (instead of a PML region) to model free radiation where the channel is truncated. With a maximum

diameter of the glottis cross-section of d = 15 mm, the condition

Fnax = 5kHz < % = 11.5kHz (4.5)

is fulfilled clearly and thus the plane wave approximation is applicable.

By substituting the subglottal PML region for an ABC, the subglottal propagation region including
the non-conforming interface can be omitted, as the ABC is applied directly on the surface elements on
the boundary at the glottis inlet. Due to this substitution, the number of DOFs is decreased and thus,
computational time reduced. Thereby, reducing the number of PML elements is especially effective, as
one PML node possesses five DOFs in contrast to a conventional node with only one DOF. The resulting
acoustic spectrum for the modified setup compared to the existing setup in Fig. 4.11 shows that the
simplification is permissible, as there are no significant deviations (Elrr,fe]L2 = 0.001). Therefore, this

modification is incorporated into the model for further applications.

Simulation Time

As described before, the sampling duration of the simulation is much shorter than the duration of mea-
surements in the experiment. This leads to the question of how much of an impact the number of
simulated cycles (of the phonation process) has on the resulting spectrum. One cycle corresponds to the
duration of one oscillation of the vocal folds, which determines the base frequency of the resulting voice.
The above discussed spectra were obtained from simulations with an output data that includes 0.13501 s,
which is equivalent to 20 oscillation cycles. In Fig. 4.12, the resulting acoustic spectrum of the simulation
of 20, 18, 15, and 10 cycles is shown. Especially the spectra of 18 and 15 cycles are still similar to 20

cycles (ElrrrelL2 = 0.15, resp. ErrrelL2 = 0.34), but this already results in a reduction of computational
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Figure 4.11: Resulting ASD at microphone point 2 for PML and for absorbing boundary condition (ABC)
at larynx inlet. EmrrelL2 = 0.001.

time of 10 % or 25 %, respectively. By considering only half of the initial CFD simulation data and
time (10 cycles), the reduction of the computational cost is 50 %, with obvious deviations, especially
at the peaks, which are the main reason for the significant error of Errye™® = 0.60. The reason for the
deviations is that the truncation effects the finite signal (at the beginning and the end of the simulation)
becomes more dominant for shorter signals. Furthermore, it has to be noted that the logarithmic scale
of the amplitude has to be considered when comparing the graphs as the deviation of large amplitudes
seems smaller than it actually is. However, a relative comparison of different larynx geometries and vocal
fold motions, as it will be investigated in the case studies of Chap. 5, will be still valid also for a short

simulation time.

107! . . ——y
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Figure 4.12: Resulting ASD at microphone point for different number of simulated cycles. 18 cycl.:
Errye™ = 0.15; 15 cycl.: Erry™ = 0.34; 10 cycl.: Errye™? = 0.60.
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Consideration of the Convective Term

The convective term (T — vyg) - Vp'® of the (full) source term QBL: + (T — vyg) - VP'® of the PCWE (3.5)
has been neglected so far because of the partial time derivative 3%0 is dominating due to relatively low
flow and grid velocities. The velocity at the inlet of the glottis is Uy, ~ 0.8 and the maximum flow
velocity is Umax ~ 110 . Furthermore, the grid velocity vyg is zero because of neglecting the vocal fold
motion in the acoustic model. In order to investigate its impact, the convective part is considered in
the source term computation and then the spectrum of the acoustic simulation is compared with the
spectrum obtained with the simplified source term. Therefore, the workflow for source term computation
has to be adapted as indicated in Fig. 4.13. In addition to the incompressible pressure, the convective
term also has to be provided by the CFD simulation® and is added to the simplified source term, which is
the partial time derivative of the incompressible pressure aaLtic. As with the incompressible pressure, the
convective term also needs to be filtered after the conservative interpolation due to the procedure used

in the flow simulation for grid motion.

Simplified Source Term Computation

CFD Data: Interpolation | Low - Pass b}

CFD — CAA | Filter

Full Source Term

3Pic T ic
ot +v- Vp

Interpolation | Low - Pass
CFD — CAA | Filter

Figure 4.13: Adapted procedure for the computation of the full source term.

However, for this investigation, CFD-data (including the convective term) of only four oscillation cycles
was available. Thus, the peaks of the resulting spectrum (Fig. 4.14) are rather wide as explained above.
Despite the wide peaks, the negligible influence of the convective term can be seen (El"l“relL2 = 0.023).
However, for this first attempt of computation of the convective term, the flow velocity was taken instead
of utilizing the appropriate quantity, which is the velocity of the mean flow, being aware that this is a
substantial difference. Therefore, this aspect has to be investigated more extensively in the future and
a method of computing the mean flow velocity © needs to be developed. The mathematical background
can be found in [41]. Nevertheless, the worflow for the consideration of the convective term within the

source term computation was established with the present investigation.

Adaption to Experimental Setup

Figure 4.15 was obtained as part of the validation carried out in an earlier stage of the project and
shows the ASD of the simulation and the experiment. Additionally, a tolerance band is illustrated that is
generated from ASDs computed from chunks with the same duration as the simulation (0.135s) obtained
by dividing the total measurement signal of 60s. By doing so, ASDs of 444 chunks were generated and
their minimum and maximum values represent the lower and upper boundary of the tolerance band. The
overall characteristic of the spectra of the simulation and measurement agree well, but especially in the

lower frequency range, the simulation underestimates the amplitude.

3 Another option is to export and conservatively interpolate the flow velocity (as with the incompressible pressure) and
compute the convective term on the acoustic grid which, however, is less accurate since the spatial derivative has to be
computed on the coarser acoustic grid.
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Figure 4.14: Resulting ASD at microphone point for source term with and without consideration of the
convective term. ErrrelLz = 0.023.
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Figure 4.15: Comparison of ASD for experiment and simulation.

A reason for the deviations could be obstacles within the propagation domain in the experiment that
were not considered in the numerical model so far. One of these obstacles that are most likely to have
an impact on the sound propagation are the walls enclosing the vocal tract (see Fig. 4.16a) as they are
in the immediate vicinity of the outlet. The top and bottom walls are aluminum plates, whereas the side
walls are plastic plates which do not terminate at the vocal tract outlet, but extend about 20 mm into
the propagation domain. Furthermore, they also exceed the contour of the vocal tract vertically by about
100 mm.

In order to assess their the impact on sound propagation, the enclosing walls are considered as sound-
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(a) Experimental setup for fluid dynamic and acoustic measurements.

(b) 3D view of CAA setup. (c) Horizontal section of CAA setup.

Figure 4.16: Experimental and corresponding numerical setup of validation configuration.

hard walls for a harmonic acoustic simulation (10 Hz to 5 kHz) with a point source of magnitude 1 located
on the center line of the larynx between the false vocal folds. The simulation setup is shown in Fig. 4.16.
Therewith, the transmission behavior to the evaluation points can be obtained by simply evaluating
the acoustic pressure with respect to the frequency at the microphone point which represents a transfer
function. This transfer function is illustrated in Fig. 4.17 for the original and the adapted model. The
transfer functions do not differ significantly in the lower frequency range indicating that the walls have
only a minor influence, and thus the consideration would not lead to a better agreement of the acoustic

spectra of experiment and simulation.
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Chapter 5

Application of the Numerical Model

In this chapter, the introduced numerical model (model of validation experiment with synthetic VFs) is
applied for investigations of various aspects of real human phonation. For doing so, the above introduced
model needs to be adapted towards real phonation, which is described in Sec. 5.1. Then, in Section 5.2,
a case study of the vocal fold motion is presented that aims to asses the impact of certain anomalies
of the glottis (e.g. asymmetric oscillation of VFs, glottal gap). The final part (Sec. 5.3) is another
case study with the purpose of the validation of the physiological correctness of the numerical model by
utilizing real data of patients and is part of WP3 of the project Numerical computation of the human
voice source. Besides evaluating the predicted voice, the acoustic source terms are analyzed to gain a
better understanding of how certain glottal malfunctions affect the preliminary voice signal (before being

filtered by the vocal tract) and voice production in general.

5.1 Adaption to Real Phonation

The above introduced numerical model is representing the experimental setup with synthetic vocal folds
with the purpose of validation and thus, does not represent real phonation. Therefore, the existing
numerical model needs to be adapted to be able to investigate aspects of real phonation. For the validation
model, the bottom of the propagation region was modeled sound-hard corresponding to the experimental
setup, whereas for real phonation we assume the sound emitted from the mouth is exclusively reflected by
the face. Thus, only the side of the propagation domain with the interface to the vocal tract (representing
the human face) is modeled fully reflective, whereas the other sides have adjacent PML regions (see Fig. 5.1
and Fig. 5.2b for corresponding 3D view) acounting for free field radiation. Thereby, the dimensions of
the propagation domain were kept equal. Furthermore, a realistic vocal tract representing the vowel /a/
is considered instead of the simple rectangular duct of the validation model. In this context, it has to be
noted, that this vocal tract is still a simplification and does not represent real phonation in terms of its
shape but exhibits the acoustic characteristics of a real vocal tract within the considered frequency range
(100Hz < f < 5000 Hz). The geometry is rotationally symmetric and is derived from a real geometry of
a vocal tract by preserving the area of the cross sections and straightening the midline according to [38]
(see Sec. 2.2). The conform mesh of the larynx and vocal tract is created separately for each configuration
of the case studies as they differ slightly in the shape of the maximum VF opening (which is used for the
CAA grid) due to a differing prescribed VF motion.

The details of the mesh of the adapted CAA setup shown in Tab. 5.1 are similar to the setup of the
validation model (see Tab. 4.1). Only the spatial resolution in the rear part of the vocal tract (where only

minor source terms occur) is reduced based on the experience of previous investigations which revealed
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Figure 5.1: The adapted CAA setup for real phonation with a detail of the mesh of the PML and
propagation domain depicted in a clipped view.

Table 5.1: Details of the mesh applied for real human phonation.

Region No. elements Max. element size
Larynx 48 750 5.0 mm
Vocal tract 23530 6.3 mm
Propagation domain 1450 10.6 mm
PML region 1560 11.0mm
Total 93200 11.0 mm

that fine resolution is only necessary within the region of the major acoustic sources (see Fig. 4.9). The
mesh of the larynx and the vocal tract is again generated in one step to ensure a conform mesh within
the source region and tetrahedral elements are used to resolve the three-dimensionally curved geometry.
Due to the circular (non-conforming) interface between the vocal tract and the propagation domain the
so called O-grid in Ansys ICEM CFD is applied for the propagation domain (see detail in Fig.5.1). The
geometry for the larynx at the maximum opening of each configuration of the case study is derived
from the transferred CFD data (mesh) and the geometry of the realistic vocal tract is also provided by

Universitatsklinikum Erlangen, but is equal for all cases.

In order to compare the transmission behavior of the simple and the realistic vocal tract independently
from the VF vibration, the transfer functions for a point source between the VFs were computed by
performing harmonic simulations (as described in Sec. 4.3.2) for both vocal tracts within the adapted
setup (equal BCs, see Fig. 5.2). The resulting transfer functions illustrated in Fig. 5.3 reveal significant
differences in the characteristics of the vocal tract. Especially, the first formant deviates clearly in
frequency and amplitude. The first formant frequency of the simplified and real vocal tract is 0.7 kHz
and 1.015kHz, respectively and the amplitude of the first formant of the realistic vocal tract is about
10dB larger.

In addition to geometry and BCs, the position of the observation points for the evaluation of the
resulting voice is adapted to match the microphone positions of the voice recordings conducted on real
patients. The adapted microphone positions of (Mic.1 and Mic.2) are located on the center line 50 mm
and 80 mm from the mouth (end of the vocal tract) as indicated in Fig. 5.1. Since the propagation domain

captures both microphone points, no transformation of the pressure signal is necessary.
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(a) Simple vocal tract (validation case). (b) Realistic vocal tract for vowel /a/ (real phonation).

Figure 5.2: Setups for the comparison of the transmission behavior of the vocal tracts.
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Figure 5.3: Comparison of the transfer characteristics of the vocal tracts with indicated first two formant
frequencies of for the realistic vocal tract.

5.2 Case Study 1: Primary Voice Source

The purpose of the herein presented case study is to evaluate how certain anomalies of VF vibration
affect voice production. For doing so, the prescribed VF motion of a healthy voice (reference) is varied in
the CFD simulation in terms of symmetry and glottal closure of the VF vibration. Then, the workflow
described in Sec. 4.1 consisting of conservative interpolation from CFD to CAA grid, low-pass filtering,
source term computation, and the actual acoustic simulation is carried out. The shape of the closed (min.
amplitude) and opened (max. amplitude) condition of the VFs is illustrated in Fig. 5.4. As can be seen on
Fig. 5.4a, the VFs do not contact and thus, the glottis is not fully closed at minimum oscillation amplitude
due to numerical issues of the CFD simulation, which causes a negligible leakage flow as described above.
Nevertheless, in the following the condition of minimum oscillation amplitude is denoted as the closed

condition.
The fundamental frequency of the oscillation is fo = 148 Hz as for the validation case and one oscilla-
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(a) Closed condition (min. amplitude). (b) Opened condition (max. amplitude).

Figure 5.4: Geometry of the vocal folds in closed and opened condition (reference configuration).

tion cycle is resolved by 495 steps resulting in a time step size of At = 13.6 ms for the acoustic simulation.
Ten oscillation cycles are considered in the simulations which are sufficient for a relative comparison of

the investigated configurations.

5.2.1 Configurations

Table 5.2 provides an overview of the ten configurations that are evaluated in the case study. Therein,
four different glottis configurations (GC), with the respective initial (closed) condition, exist, namely
GC1, GC2, GC3, and GC4. These glottis configurations initially have a diverging shape in spanwise
direction (z direction) of 0, 40, 70, and 100%, respectively of the VF length as illustrated in Fig. 5.5
(first column). For GC1, additionally, a closed condition with a constant initial opening is introduced,
namely the half open configuration (case 02 and 07). Furthermore, for each of the five initial conditions
a symmetric and asymmetric motion of the vocal folds is considered resulting in ten configurations that
are considered in the case study. In the asymmetric case, the upper vocal fold oscillates with half of
the amplitude of the lower vocal fold. The opened conditions (max. amplitude), for the symmetric and
asymmetric case, are illustrated in the second and third column of Fig. 5.5 and belong to the initial

conditions of the first column.

Table 5.2: Overview of case study 1 (C...constant, D...diverging initial opening shape).

Case Name GC  Initial opening VF motion
01 01_SymClosed_GC1 GC1 0% C sym
02 02_ SymHalfopen_ GC1 GC1 100% C  sym
03 03_Sym_GC2 GC2 40% D sym
04 04_Sym_ GC3 GC3 70% D sym
05 05_Sym_ GC4 GC4 100% D sym
06 06__Asym_ Closed_ GC1 GC1 0% C asym
07 07__Asym_ Halfopen_ GC1 GC1 100% C  asym
08 08_Asym_ GC2 GC2 40% D asym
09 09_Asym_ GC3 GC3 70% D asym
10 10_Asym_ GC4 GC4 100% D asym
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01/06 closed.

02/07 closed.

T

03/08 closed.

04/09 closed.

05/10 closed.

01 open.

02 open.

03 open.

04 open.

05 open.

06 open.

07 open.

08 open.

09 open.

10 open.

Figure 5.5: Glottal orifices of the case study in closed (first column) with corresponding opened conditions
for symmetric (second column) and asymmetric (third column) VF motion illustrated in front view (y/z

layer).

5.2.2 Analysis of Acoustic Source Terms

To get a better understanding of the sound generation mechanisms and the impact of certain glottal

anomalies on the preliminary acoustic signal, the source terms are analyzed in the frequency domain. For

proper visualization of the acoustic sources inside the source domain (larynx and vocal tract), a much
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higher spatial resolution as for the actual acoustic simulation is necessary'. Therefore, the incompressible
pressure from the CFD simulation is interpolated to two orthogonal meshes, consisting of only one layer
of hexahedral elements with a uniform cell size of 0.2mm x 0.2mm and a thickness of the element layer
of 0.1 mm, located on the symmetry planes of the model. Therewith, the data is reduced to the regions
of interest (planes of symmetry) enabling efficient handling of the highly resolved data. Moreover, the
cut-cell algorithm, which considers the intersection volumes, ensures that the pressure obtained on the
two reduced meshes corresponds to the pressure which would be obtained from a mesh that captures the
entire domain. Afterword, the incompressible pressure is low-pass filtered and subsequently, the source
terms are computed following the usual workflow for source term computation. Thereby, it has to be
noted that the scalar —ﬁ% of (3.5) is not included as it is applied just directly within the source term
definition of the acoustic simulation. Since the analysis of the source terms is purely qualitative?, the
neglection of this scalar is justified. Having obtained the finely resolved source term, a field fast Fourier
transformation (field FFT) is performed in MATLAB®, which is an FFT of the time signal of every nodal
load on the computational grid. For the following plots, the real part of the Fourier transformed nodal

loads is chosen to be visualized.

In Fig. 5.6, the result of the field FF'T of the region with the principle acoustic source terms is depicted
corresponding to the 30" harmonic of the VF oscillation. Furthermore, Fig. 5.7 provides the results of the
x/y-symmetry plane for several selected additional frequencies. Therein, the amplitudes of five harmonic
as well as one non-harmonic frequency, which serves as a random representative of the broadband noise
spectrum, are visualized. For other frequencies of the broadband spectrum, which can not all be presented
in this thesis, the results are comparable, concerning distribution and amplitude. For the present thesis,
the field FFT on the fine mesh is carried out only for the reference configuration (01__SymClosed GC1)

but the analysis will be expanded soon to cover all configurations of the case study.

Re(acouRhs Load)
-1.0e-06 -be-/ 0 be-7 1.0e-06

il — ‘ o
=
Figure 5.6: Visualization of the real part of the Fourier transformed acoustic source term (in 2 ma) in

the planes of symmetry for the 30'" harmonic (f = 30f,).

Nevertheless, for assessment of the source terms of all configurations of the case study, the source

terms are compared globally. For the global assessment, an averaged field FFT of the acoustic source

I Higher spatial resolution inside the source domain does only benefit in a minor improvement of accuracy of the acoustic
results as shown in the convergence study in [54].

2The purpose of the source term analysis is on the one hand to find regions with the largest occurring source terms, and
on the other hand to compare the source terms of the different configurations of the case study.
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term density f? of the acoustic simulation (coarser spatial resolution) is performed, which computes the
average amplitude ?a( f)=1/N Zf\il f2(f) of all cells inside the source domain for each frequency f
resolved by the field FFT with N being the number of cells. This is done by interpolating the source
terms from nodes to cells (with CFSdat) and then dividing by the respective cell volume. In the next step,
a field FFT is performed and for each frequency the average amplitude of the source density over all cells
of the source domain is computed. Due to the mesh refinement in the glottal region, the influence on the
average amplitude of these cells is stronger because of the higher number. But since the refinement is in
the region of the major source terms this results in a more distinctive spectrum. Moreover, the refinement
is equal for every configuration of the case study allowing an objective comparison. The resulting spectra
of the averaged source density of the ten configurations are depicted in Fig. 5.8. Therein, the non-
harmonic contribution to the source term is depicted by simple thin lines, whereas the harmonics of the
VF vibration are indicated by dots. As mentioned above, the displayed quantity does not include the

scalar —ﬁ% of (3.5).

47


https://www.tuwien.at/bibliothek
https://www.tuwien.at/bibliothek

Die approbierte gedruckte Originalversion dieser Diplomarbeit ist an der TU Wien Bibliothek verfligbar.

The approved original version of this thesis is available in print at TU Wien Bibliothek.

Y 3ibliothek,
Your knowledge hu

-1.0e-06  -Se-7 0 5e-7 1.0e-06

—ees Re(acouRhsLond)

(a) f = fo = 148 Hz (b) f = 2fo = 296 Hz

(c) f=3fo =444Hz (d) f=9fo =1332Hz

(e) f =10fo = 1480 Hz (f) f =16 = 2368 Hz

(g) f = 17fo = 2516 Hz (h) f = 25fo = 3700 Hz

(i) f =30fo = 4440Hz (j) f = 3594 Hz (non-harmonic)

Figure 5.7: Distribution of the real part of the Fourier transformed acoustic source term (in
x/y-symmetry plane for selected frequencies.
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Figure 5.8: Averaged field FFT of the acoustic source density for the source region of case study 1.
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The spectra of the voice predicted by the numerical model of real phonation are depicted in Fig. 5.9 for

5.2.3 Acoustic Spectra
each of the ten configurations of the case study.
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For the case 01 (reference case), the first two formant frequencies of the vocal tract are indicated.
Additionally, the above introduced error Errye ™2 computed by (4.4) is provided in Tab. 5.3. However,
herein the error is not used as a measure of inaccuracy of the simulation, but as a measure of deviation

from the spectrum of the healthy voice (reference) in order to quantify the deviation with one value.

Table 5.3: Deviation from the reference voice by means of the error Err,e ™ (C...constant, D...diverging
initial opening shape).

Case 01 02 03 04 05 06 07 08 09 10
Opening 0% 100% 40% 70% 100% 0% 100% 40% 70% 100%
Opening shape C C D D D C C D D D
Deviation - % 61% 63% 2% 52% 6% 64% 63%  70%

5.2.4 Discussion of Results

The plots of the field FFT in Fig. 5.7 show that the distribution of the acoustic source term is relatively
diffuse at low frequencies, whereas at higher frequencies more pronounced structures occur. A reason for
the diffuse distribution could be the neglection of the convective term since its relative contribution to the
total source term is greater at lower frequencies as the other term BGL: is smaller. The smaller total source
term due to the neglection could also be an explanation for the underestimation of the first few harmonics
of the sound simulated by the validation model (see Fig. 4.15). This assumption is supported by [56]
since the authors also applied acoustic perturbation equations but considered the convective part within
the acoustic source term and yielded more distinct structures of the source terms at lower frequencies.
Moreover, they did not underestimate the amplitudes of the first harmonics of the predicted voice with
their approach. Therefore, this aspect will be investigated in the near future. Interestingly, also the
horizontal stripes between the VFs, which indicate their vertical motion, are not present in Fig. 5.7a,
even though it corresponds to the first harmonic of the VF vibration. The plot in Fig. 5.7j doesn’t contain
the horizontal stripes either, but this is because it corresponds to a non-harmonic frequency. Due to the
independence of the base frequency of the VF oscillation, the cause of these acoustic sources is mainly
a turbulent phenomenon occuring predominantly in the supraglottal region due to vortex shedding as
stated in [56]. In this context, it has to be mentioned that the applied low-pass filter also has an influence
on the resulting acoustic sources for the higher frequency range near the cut-off frequency of 5kHz. In
general, the source terms with the largest magnitude occur in the region between the VFs at most of the
frequency. However, at some frequencies, strong source terms also appear in the region between the VFs
and fVFs (see Fig. 5.7i), at the impinging edge of the false VFs (see Fig. 5.7b) or shortly after the fVFs
(see Fig. 5.7f).

Generally, the plots of the averaged field FFTs (see Fig. 5.8) show that in the lower frequency range the
harmonic contribution to the source term is dominating, whereas at higher frequencies the appearance
of broadband noise rises. Consequently, also the resulting acoustic spectra exhibit this characteristic.
However, the vocal tract amplifies the frequencies near its formant frequencies f; = 0.7kHz and fo =
1.015kHz (indicated in Fig. 5.9 for the reference configuration), which is why the amplitudes of these
frequencies become greater than the ones of the lower harmonics (e.g. first three harmonics), which are
dominating in the averaged field FFT for most of the configurations. The overall intensities of the source
terms in Fig. 5.7 correspond to the amplitudes of the spectra in Fig. 5.8 very well, which demonstrates
the purpose of the averaged field FFT being the indication of the content of energy of acoustic source

terms related to a certain frequency within the entire source domain.
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Initial glottal opening obviously causes reduced harmonics of the source terms leading to a smaller
ratio of the amplitude of the harmonics and broadband noise. Consequently, the acoustic spectrum is less
developed with lower and broader peaks of the harmonics. In this context, the half open, non-diverging
closed condition seems to produce the worst primary voice signal, which is feasible since it has the largest
orifice in terms of the cross-sectional area. The error with respect to the reference case (normal VF
motion) in Tab. 5.3 verifies the tendency of decreasing voice quality with an increasing degree of initial
opening. Regarding voice quality, case 2 yields the worst results as the peaks of the harmonics are poorly
developed compared to the other configurations. The reason can be found in the averaged FFT of the
source terms where the amplitudes of the harmonics are smaller compared to the other configurations
and also compared to the non-harmonic amplitudes (noise). Interestingly, the spectrum of configuration
7, which is the asymmetric version, reveals that the asymmetric motion actually improves the voice in
this case. For the other cases, the asymmetric motion has a smaller impact on the source terms as well
as on the acoustic spectrum. Especially, the averaged field FFT provides very similar characteristics for
the symmetric and asymmetric cases. For example, the averaged spectra of the source terms of cases 3

and 8 and cases 4 and 9 match quite well.

In conclusion, the case study revealed, that a decreased degree of glottal closure causes worse voice
quality. Furthermore, insufficient closure stronger affects the voice than asymmetric vibration. Moreover,
asymmetric vibration can even compensate for glottal insufficiency as it restricts the glottal airflow more
strongly causing a higher pressure fluctuation due to the periodic interruption of the flow and thus,
leading to larger source terms. However, in this context, it has to be noted that the vocal fold motion
in this case study is only asymmetric in terms of the amplitude of the oscillation. According to several
studies, a generally asymmetric oscillation e.g., the difference in frequency, or the modal shape have a

more severe impact on phonation [57-59].

5.3 Case Study 2: Validation of the Physiological Correctness

Having validated and adapted the numerical model to real human phonation, it is now applied to clinical
data of patients with the goal to evaluate the physiologic correctness of the model, which is part of WP3
of the project Numerical computation of the human voice source. For doing so, the findings of the previous
working packages are transferred to real laryngeal dynamics and acoustics being available from clinical
in-vivo [60-63] and ex-vivo [64, 65] studies to investigate the qualitative and quantitative accordance
of the simplified vocal fold shape and motion in combination without (in-vivo) and with (ex-vivo) the
realistic vocal tract. As with the vocal tract, the laryngeal geometry and the VF motion are derived
from real humans (measurements of patients) and simplified while preserving the aeroacoustic properties
for the present range of application in this thesis. The clinical data used for the physiological validation
contains female and male healthy voices (normal vocal fold vibrations) as well as hoarse voices due to

common voice disorders, such as glottal gap, asymmetric or aperiodic VF vibrations.

It has to be noted, that the main part of the clinical validation of the acoustic results is carried out by
the cooperation partner Universitatsklinikum Erlangen (Department for Phoniatrics and Pedaudiology)

as they have the tools, experience, and clinical data required for the evaluation of the simulated voice.

5.3.1 Configurations

For the validation of the physiological correctness of the numerical model, in total eight data sets with
different features of vocal fold characteristics are taken into account, which are divided into in-vivo (with

a vocal tract) and ex-vivo (without a vocal tract) cases as follows:
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o Ex-vivo vocal fold vibrations (without vocal tract)

— ExVivol: healthy female voice

— ExVivo2: glottal gap, symmetric vibrations (hoarse female voice)

— ExVivo3: glottal gap, asymmetric vibrations (hoarse female voice)

 In-vivo vocal fold vibrations (with vocal tract)

InVivol: healthy female voice

— InVivo2: healthy male voice

InVivo3: glottal gap (hoarse female voice)

— InVivo4: asymmetric VF vibrations (hoarse female voice)

Thereby, the configurations are chosen to cover a variety of potential vocal fold characteristics and
are reproduced by the numerical model to be subsequently validated by means of previous experimental
studies with real vocal folds. In this context, it is noted that the ex-vivo cases are only mentioned for

the sake of completeness as the CFD data sets of these cases were not available until the completion of

InVivob: aperiodic VF vibrations (hoarse female voice)

the thesis and therefore, the cases are not considered in the following.

Asymmetric vibration means that the upper VF oscillates with only half of the amplitude and aperiodic
that the VFs oscillate at different frequencies. Details of the temporal resolution of the exported CFD
data used for the CAA simulation can be found in Tab. 5.4. Therein, the number of time steps discretizing
one oscillation cycle depends on the base frequency of the VF vibration fy since it was tried to maintain a

time step size of At =~ 13.5ps. Furthermore, the number of oscillation cycles considered in the simulations

differs slightly between 15 and 17.

Table 5.4: Overview of case study 2 and details about the temporal resolution.

Case Name VF characteristic fo TS/Cycle No. cycles TS size At
1 InVivol healthy, female 279 Hz 266 16 13.48 s
2 InVivo2 healthy, male 127Hz 578 16 13.62 s
3 InVivo3 glottal gap 276 Hz 266 17 13.62 ps
4 InVivo4 asymmetric vibration 217Hz 338 16 13.63 ps
5 InVivos  aperiodic 80/320 Hz 919 15 13.40 ps

5.3.2 Analysis of Acoustic Source Terms

As for the previous case study, the source terms are again assessed by means of an averaged field FFT,
which is depicted in Fig. 5.10 for each configuration. For case InVivos, two different harmonics are

indicated, as it has an aperiodic VF motion meaning that the two VFs oscillate with a base frequency f;

and fo, respectively.
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Figure 5.10: Averaged field FFT of the acoustic source density for the source region of case study 2.

5.3.3 Acoustic Spectra

Figure 5.11 displays the acoustic spectra of the five in-vivo cases of the simulation and the measurement

obtained from a microphone point located at equal position (Mic.2 from the simulation).

Therein,

the harmonics of the varying base frequency fy are indicated by dashed lines. For the aperiodic case

(InVivod), the harmonics of both frequencies are illustrated.

deviation from the acoustic spectrum of the measurement of each case.

Again, the above introduced error Err ™ defined by Eq. (4.4) is stated in Tab. 5.3 as a measure of

Table 5.5: Deviation from the measured voice by means of the error Errye ™ (f...female, m...male voice).

Case InVivol InVivo2 InVivo3 InVivo4  InVivob
Characteristic healthy (m) healthy (f) glottal gap (f) asym. (f) aper. (f)
Error (100Hz < f < 5kHz) 351% 307% 268% 282% 1210%
Error (100Hz < f < 800Hz) 90% 84% 86% 92% 200%
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Figure 5.11: Spectral results of case study 2 at Mic.2. For the configuration InVivol, the first two formant
frequencies of the vocal tract are indicated.

5.3.4 Discussion of Results

The acoustic spectra of the computed voices of the in-vivo cases based on measurements on patients (VF
motion) show quantitatively little agreement as indicated by the error in Tab. 5.5, which lies between
2.68 and 12.1. Thereby, the relatively large error is less obvious in the diagrams due to the logarithmic
scale. However, the harmonics of the simulated voice are visible and especially in the low frequency
range, the spectra partly match the measurements quite well. Especially for the configuration InVivo2,
the spectrum from the second to the sixth harmonic agrees well with the measurement. As with the
previous case study, the amplitude of the first and second harmonic are underestimated for most of the
configurations. The neglection of the convective term could be a reason for that, as explained above.
As indicated in Tab. 5.5, the overall error is mainly caused by the deviations in the higher frequency
range as the errors for the reduced frequency range of 100Hz < f < 800Hz are drastically smaller. In
the frequency range around the formant frequencies of the vocal tract (see Fig. 5.3), where the acoustic
pressure is amplified, the amplitudes differ substantially, which mainly contributes to the large error.
Moreover, the overall wavy characteristics of the spectrum in this frequency range can be seen in for
every configuration. Consequently, it is assumed that the vocal tract used for the numerical model does
not properly represent the vocal tract of the test persons in terms of the transfer characteristics. But
since the ex-vivo configurations of the case study do not consider the vocal tract, these simulations will

help to evaluate the impact of the vocal tract on the resulting voice. Furthermore, this aspect could be
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investigated by capturing also the shape of the vocal tract (e.g. MRI) while measuring the VF motion
and use the obtained shape for the acoustic simulation. Besides the vocal tract shape, the low-pass filter
could contribute to the deviation of the spectra in the higher frequency range since its cut-off frequency
(5kHz) is located there. As the acoustic source term is computed by the time derivative of the filtered
incompressible pressure, the parameters of the filter might significantly affect the resulting voice. For
the aperiodic case InVivo5 the largest deviation from the measured voice was achieved. However, the
disorder of the VF motion of this case has the most severe impact on the resulting measured voice as
hardly any distinctive peaks occur at the harmonic frequencies. Due to the aperiodic motion, the principle
mechanism of voice production, being the periodic interruption of the air stream, is disturbed. In the
simulation, the glottis closes every fourth oscillation cycle concerning f; = Hz because of fo = 4 f;.
If in reality, a slight phase shift occurs between the oscillation of the two VFs, the glottis will hardly
ever close. Thus, the aperiodic case will be very sensitive to a phase shift and the exact value of the
oscillation frequencies and consequently, an inexact reproduction of the VF motion could be the cause of

the deviation from the measurement.

The averaged field FFTs of the source terms in Fig 5.10 show that the ratio of broadband sound to
harmonic amplitudes is increased for the hoarse voices (InVivo3 to InVivo5). Regarding the share of
broadband sound, configuration InVivo2 (female healthy voice) exhibits the best developed harmonics
compared to the noise resulting in the clearest voice of the case study with the most distinct peaks at
the harmonic frequencies in the acoustic spectrum. Generally, the source terms of the hoarse voices are

smaller, which yields reduced SPLs for the respective computed voices (compared to the healthy voices).

Further analysis of the acoustic results will be carried out by the cooperation partner Universitat-
sklinikum Erlangen (Department for Phoniatrics and Pedaudiology) by applying typical tools for quality

assessment of the voice.
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Chapter 6

Conclusion

After providing a brief overview of the general development in the field of numerical models of human
phonation, the development of the model, which is applied in the present thesis, was presented. More-
over, the methodology, including the governing equations on which the model is based on, was explained.
Thereby, the hybrid aeroacoustic approach, which utilizes the PCWE, and the available schemes that are
required for the conservative interpolation of the acoustic source terms from the flow to the acoustic grid
were introduced. Then, the applied workflow was illustrated and the flow and acoustic model were es-
tablished. Before applying the acoustic model, various modeling aspects were assessed. By incorporating
several potentials which were found to yield improvements, the acoustic model was developed towards an

efficient, clinically applicable tool.

Having derived an appropriate model representing the experimental setup for validation, the CAA
model was adapted to agree with real human phonation in a next step. Subsequently, two case studies
were conducted. The first study investigates the impact of abnormal vocal fold characteristics (glottal
gap, asymmetric and aperiodic motion) on the acoustic sources and the resulting voice, whereas the
second study utilizes clinical data of patients in order to evaluate the physiological correctness of the
model. Thereby, in the first case study, it was found that voice quality decreases with a rising glottal gap
due to insufficiently developed acoustic sources. Figure 6.1, which depicts the relationship between the
degree of initial opening and the deviation from the normal voice by means of the error Errye;™, supports
this tendency. Interestingly, the case study revealed that asymmetric VF motion (in terms of oscillation
amplitude) can compensate for glottal insufficiency. In the second case study, simulations based on
healthy as well as disordered vocal fold motion of patients were performed and compared with acoustic
measurements. The substantial quantitative and partly qualitative deviation from the measurements,
especially in the higher frequency range, suggest to evaluate the accordance of the vocal tract applied
in the numerical model with the vocal tract of the patients where measurements were conducted on.
However, the results of the ex-vivo cases, which are not computed yet, will reveal first information
regarding the influence of the vocal tract. Furthermore, the impact of the parameters of the low-pass
filter, applied for filtering CFD data, on the acoustic results needs to be investigated more extensively as

the cut-off frequency is located at the upper frequency range considered for evaluation.

The spatial source term distribution as well es the underestimation of the amplitudes of the lower
harmonics suggest that the convective part might significantly contribute to the total source term at lower
frequencies and thus, its consideration could reduce the deviation between the spectra of the simulated
and measured sound. Therefore, this aspect will be investigated in the near future. For doing so, first, a

methodology for obtaining the mean flow velocity, which is required for the computation of the convective
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Figure 6.1: Relationship between initial glottal opening (with regard to the VF length) and the deviation
from a normal voice by means of the error Errpe™ (D...diverging, C...constant initial opening).

term, has to be established first. Furthermore, the field FFT in the symmetry planes of the source region
will be expanded in order to cover all configurations of case study 1 (variation of VF motion and glottal
closure). Therewith, fundamental findings about the impact of glottal insufficiency, asymmetric and

aperiodic VF oscillation on the spatial distribution of acoustic sources are expected.

Regarding the progress of the FWF project Numerical computation of the human voice source, WP3
will be accomplished when the three ex-vivo configurations (case study 2) are simulated. This will be
done as soon as the flow data for source term computation is available. Having simulated and analyzed
the remaining cases, WP4 will be started, which is basically an extension of case study 2 where in addition
to the aspects of WP3 (symmetry of the VF motion, glottal closure and periodicity of the oscillation)
the impact of the subglottal pressure is assesed. Furthermore, all these configurations are additionally

performed with a reduced size of the vocal tract yielding altogether 96 configurations.

In order to reach the overall goal of the project, which is the clinical applicability of the numerical
model of human phonation, further fundamental advances in computational efficiency are essential. With
the current implementations, the CFD simulation takes about 20 hours (15 oscillation cycles) despite
using a high-performance compute cluster, whereas the remaining aeroacoustic workflow (conservative
interpolation, low-pass filtering, source term computation, and actual acoustic simulation) can be per-
formed in about two hours on a conventional PC. Moreover, a massive amount of data is generated due
to the required fine spatial resolution of the flow field. Consequently, the crucial factor of the clinical
applicability lies in the CFD simulation. A potential way to circumvent the costly flow simulation would
be to utilize neural networks that compute the acoustic source terms based on characteristic parameters
of the VF motion and the laryngeal geometry. Thereby, the required training data could be obtained
by simulations as well as by measurements. Of course, this approach is quite revolutionary and would
require substantial investigations and the acquisition of know-how as aeroacoustic source term computa-
tion based on artificial intelligence (AI) can not be found in literature yet. Nevertheless, the potential
of Al is huge and it has already been applied successfully in the field of health care [66-68], aerodynam-
ics [69], aeroacoustics [70-72]) and phonation (e.g. speaker adaption for automatic speech recognition [73]
or assessment of voice quality [74]). A less substantial adaption of the applied methodology to reduce
the computational effort would be the extrapolation of the acoustic results (e.g. acoustic spectrum at
a microphone point) from a reduced number (ideally one) to an arbitrary number of oscillation cycles.
Therewith, the computational cost could be reduced by up to 93 % based on the current implementation
that considers about 15 cycles. Again, neural networks could be employed and training data could be

provided by measurements and simulations.
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