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Abstract

Over the past few decades, numerous strategies to virtualise traditional instru-
ments have been developed. Although one could create digital musical instru-
ments using pre-recorded samples of their real-life counterparts, the playabil-
ity will not be captured. Instead, a simulation of the underlying physics of the
instrument could be created, and is much more flexible to player interaction.
This physical model will allow a musician to be much more expressive when
playing the digital instrument than if static samples were to be used. Using ad
hoc hardware to control the simulation could potentially make the simulated
instrument feel identical to the original.

Applications of physical modelling for musical instruments include simu-
lating instruments that are unplayable as they are too rare or vulnerable. A
model of the underlying physics of the instrument could potentially resurrect
the instrument making it available to the public again. Furthermore, as a
simulation is not restricted by the laws of physics, one could extend the possi-
bilities of the original instrument. Properties such as the material or geometry
of an instrument could be dynamically changed which broadens the range of
expression of the musician. One could even imagine physically impossible
musical instruments which still exhibit a natural sound due to the underlying
models.

In this project, finite-difference time-domain (FDTD) methods have been
chosen, as they have an advantage in terms of generality and flexibility regard-
ing the systems they can model. A drawback of these methods is that they are
quite computationally expensive, and although many highly accurate models
based on these methods have existed for years, the computing power to run
them in real time has only recently become available. The main challenge is
thus to run the simulations in real time to allow for proper player interaction.

This thesis presents the development and real-time implementation of
various physical models of traditional musical instruments based on FDTD
methods. These instruments include the trombone and more obscure instru-
ments such as the hurdy gurdy and the tromba marina. Furthermore, a novel
method is presented that paves the way for dynamic FDTD-based musical
instrument simulations allowing for physically impossible instrument manip-



Abstract

ulations. Finally, this work doubles as an aid for beginners in the field of
musical instrument simulations based on FDTD methods, and aims to provide
a low-entry-level explanation of the literature and theory that the physical
models are based on.
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Resumé

I lobet af de sidste artier, er der blevet udviklet adskillige strategier til at
lave virtuelle udgaver af traditionelle musikinstrumenter. Selvom digitale
musikinstrumenter baseret pd traditionelle musikinstrumenter, kan skabes ved
hjelp af lydoptagelser af deres virkelige modstykke, er det ofte pa bekostning
instrumenternes spilbarhed. En anden strategi ville veere at implementere en
digital simulering af instrumentets underliggende fysik, hvilket ville give en
mere fleksibel og naturlig interaktion. Denne digitale simulering, en fysisk
model af instrumentet, ville gore det muligt for en musiker at veere mere
udtryksfuld nar han eller hun spiller pa det digitale musikinstrument end
med statiske lydoptagelser. Derudover, ved at bruge ad hoc hardware til at
styre simuleringen, kunne man potentielt f4 det digitale musikinstrument til
at foles identisk med originalen.

Fysisk modellering af musikinstrumenter kan ogsa anvendes til at simulere
musikinstrumenter, der er sjeldne eller for sarbare til at ma spilles pd. Her
ville en model af instrumentets underliggende fysik potentielt kunne genoplive
instrumentet ved gore det tilgeengeligt og spilbart igen. Ydermere, kunne
man forbedre det originale instrument, eftersom en digital simulering ikke
er begrenset af fysikkens love. Egenskaber som instruments materiale eller
geometri kunne dynamisk sendres og udvide musikerens udtryksmuligheder.
Man kunne endda forestille sig fysisk umulige musikinstrumenter, der stadig
har en naturlig klang pa grund af de underliggende modelleringsprincipper.

Til dette projekt er finite-difference time-domain (FDTD) metoderne blevet
valgt som modelleringsteknik, siden disse metoder er generelle og fleksible og
derfor har en fordel i forhold til de forskellige typer af systemer som de kan
modellere. En ulempe ved FDTD metoderne er at de er beregningstunge, og
selvom der har eksisteret ngjagtige modeller baseret pa disse metoder i drevis,
er computer regnekraften til at kere dem i realtid forst blevet tilgeengelig for
nyligt. Den sterste udfordring er derfor at kere simuleringerne i realtid og at
opna naturlig interaktion imellem udeveren og simuleringen.

Denne afthandling beskriver udviklingen og implementeringen af forskel-
lige fysiske modeller af traditionelle musikinstrumenter baseret p4 FDTD
metoder i realtid. Disse instrumenter inkluderer trombone og mindre kendte
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Resumé

instrumenter som drejelire og tromba marina. Desuden prasenteres en ny
metode, der muligger dynamiske parametre i FDTD-baserede musikinstru-
mentsimuleringer og tillader instrumentmanipulationer som er umulige i den
virkelige verden. Derudover, kan denne athandling bruges som et hjselpemid-
del til begyndere inden for simuleringer af musikinstrumenter, og sigter mod
at give en begyndervenlig forklaring af den litteratur og teori, som de fysiske
modeller er baseret pa.
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Preface

This PhD thesis is the product of a 3-year long endeavour on physical mod-
elling musical instruments using finite-difference time-domain (FDTD) meth-
ods. The main contributions include several real-time implementations of
traditional musical instruments ranging from string instruments to brass in-
struments. Furthermore, a novel method has been created to change the
material properties of the simulations in real time, which allows for physi-
cally impossible manipulations of the instrument. This thesis is structured
as a collection of papers preceded by an introduction describing the methods
on which the publications are based in extended detail. A comprehensive
overview of the structure of this thesis appears at the end of Chapter 1.

A personal note

The field of physical modelling for sound synthesis is cross-disciplinary and
combines mathematics, physics and computer science. As my background did
not include any of these disciplines, the terminology and different notations
used by the literature were slightly overwhelming at first.

After overcoming the initial steep learning curve, I discovered that existing
work lacks a lot of intuition needed for readers without a background in any
of these disciplines. Rather, much of the literature assumes that the reader
has a degree in at least one of the aforementioned topics. In his seminal
work Numerical Sound Synthesis, which is the most complete work to date
on physically modelling musical instruments using FDTD methods, Stefan
Bilbao says that, in order to read his book, “a strong background in digital signal
processing, physics, and computer programming is essential.” This inspired me to
use this opportunity to write a large part as an aid for beginners in the field,
while simultaneously relating it to the contributions made during the PhD
project. Additionally, I hope that this enhanced level of detail supports the
reproducibility of my contributions without overshadowing them.
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Chapter 1

Physical Modelling of
Musical Instruments

The earliest musical instruments date back to the start of human civilisation [1].
It has only been over the last sixty years, that technological advances have al-
lowed for the creation of digital versions of traditional musical instruments. At
the time of writing, an uncountable number of digital musical instruments ex-
ists, including digital keyboards that produce sounds from various real (and
non-real) instruments, as well as digital instrument plug-ins used by music
producers. Many of these digital instruments are based on samples, or record-
ings, of their real-life counterparts, while others use computationally efficient
methods to generate sounds, some inspired by physical musical instruments.
The earliest sound synthesis techniques date back to the late 1950s where Max
Mathews proposed a technique called wavetable synthesis [2]. Not long after,
in the 1960s, efficient sinusoidal-based and filter-based sound synthesis tech-
niques such as additive synthesis, subtractive synthesis, and FM (frequency
modulation) synthesis were invented [3, 4]. The latter became widely popular
through the Yamaha DX7 synthesiser created in 1983, that synthesised sounds
based solely on this technique [5]. Through a simple change of variables, FM
synthesis can generate sounds ranging from brass instruments to drums.

Most of these techniques are referred to as spectral modelling methods, where
the manipulation of sinusoids or filtering noise produces (harmonic) sounds,
which could be perceived by the listener as originating from a physical instru-
ment. This top-down approach which starts at the perception of the listener,
has advantages in terms of computational efficiency, but is quite limited by the
systems it can model [6].

As computing power increased over the last few decades, using physical
models rather than samples or spectral modelling methods gained an increased
popularity. Physical modelling, in the context of sound and music, is a way



Chapter 1. Physical Modelling of Musical Instruments

to generate sound based on physical processes, including string vibrations
in a guitar, air propagation in a trumpet, or even the reflections in a concert
hall. When compared to spectral modelling, this is a bottom-up approach that
attempts to model the sound from the source.

This work focuses on simulating® traditional musical instruments using
physical modelling. The interest in physically modelling traditional musical
instruments is twofold: 1) sound generation, and 2) understanding of the
underlying physical processes. The main focus of this PhD project is the
former.

One of the reasons why one would use physical models rather than samples
of the real instrument, is that a model is much more flexible to player control.
Consider the violin as an example, where the performer controls the bow
force, velocity and position along the string, as well as the finger determining
the pitch of the string. A physical model can generate the sound in real time
based on these performance parameters. If samples were to be used, every
single combination of these parameters would need to be recorded in order
to capture the entire instrument. A more in-depth reasoning behind using
physical models for sound generation will be given in Section 1.4.

This chapter continues by giving a brief overview of the history of physical
modelling for sound synthesis after which an overview of various modelling
techniques will be given. Next, several applications of physical modelling will
be presented, which aim to explain why musical instrument simulations exist
in the first place. Finally, an overview of the objectives and contributions of
this PhD project will be given, as well as an overview of this thesis.

1.1 A brief history

Most likely the very first example of a physically modelled musical sound is
the “Bicycle Built for Two” by Kelly, Lochbaum, and Matthews in 19612. It uses
what later got known as the Kelly-Lochbaum vocal-tract model to generate a
voice and was published the year thereafter [7].

The very first musical instrument simulations were based on discretisation
of differential equations using finite-difference time-domain (FDTD) methods.
These were carried out around 1970 by Hiller and Ruiz [8, 9, 10], and were
applied to the wave equation to simulate string sounds. The sound generation,
however, was far from real-time and it took several minutes to generate only one
second of sound. In 1983, Cadoz et al. introduced CORDIS, a real-time sound
generating system based on mass-spring networks [11]. The first physical model
of the bowed string was proposed by McIntyre et al. in their 1983 publication

1The term emulated is only used in the title of this thesis (because of the alliteration), but is
synonymous to simulated in this context.
2http://ccrma.stanford.edu/~jos/wav/daisy-klm.wav
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[12]. In the same year Karplus and Strong devised an extremely efficient way
to generate a string sound in [13] later known as the Karplus-Strong algorithm.
Based on these ideas, Smith coined the term digital waveguides in the late 1980s
and early 1990s in [14, 15] and continued to develop the method [16]. Around
the same time, Adrien in [17] and later together with Morrison and Adrien in
[18] introduced modal synthesis, a way to synthesise the sound of an object by
decomposing it into its modes of vibration.

Although more techniques have been developed in the last 20-30 years,
most of the developments in the field of physical modelling for musical in-
struments are based on those presented in this section. Before moving on
to further details about these methods in Section 1.3, a modular approach to
subdivide a musical instrument will be presented.

1.2 Exciter-resonator approach

Nearly any musical instrument can be subdivided into a resonator component
and an exciter component, both of which can be simulated individually. This
modular approach to musical instruments was first introduced by Borin, De
Poli and Sarti in [19] and later developed by De Poli and Rocchesso in [20] and
is used to structure this thesis. Examples or resonator-exciter combinations
are the violin and the bow, or the trumpet and the lips of the player.

A resonator is a passive system, in this project mostly assumed to be linear,
and does not emit sound unless triggered by an external source. Exciters can
be seen as these external sources, and generally have a nonlinear element.3
Exciters insert energy into a resonator and cause it to vibrate and emit sound,
and the method of excitation greatly influences the sound of the resonator.
In the real world, the interaction between the exciter and the resonator is bi-
directional. In other words, the exciter not only affects the state of the resonator,
but the resonator affects the exciter as well. For the most part, this is also what
is attempted to be modelled in this project.

The next section discusses various techniques that can be used to implement
the resonator. Details on excitation modelling are left for Part III.

3The difference between linear and nonlinear systems is in their response to input level or
amplitude. The behaviour of linear systems does not change with the level of the input. Instead, it
only scales (linearly) with the input level, i.e., an input to a linear system with twice the amplitude
yields an output of twice the amplitude. The behaviour of nonlinear systems, however, does
change depending on the level of the input. Although linear systems are rarely found in the
real world, under low amplitude excitations most systems can still be considered linear and their
nonlinear effects can be ignored.
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1.3 Physical modelling techniques

The time-evolution of dynamic systems, including that of musical instruments,
can be well described by partial differential equations (PDEs) [1,21]. Examples
of dynamic systems are a guitar string, a drum-membrane, or air propagation
in a concert hall; three very different concepts, but can all be based on the same
types of equations of motion. Many of these equations and other knowledge
currently available on the physics of musical instruments have been collected
by Fletcher and Rossing in [1]. Though these equations are very powerful,
only few have a closed-form solution, and in order for them to be imple-
mented, they need to be approximated. In the past decades, much research
has been done on implementing these PDEs to model and simulate different
musical instruments. Great overviews of implementation techniques are given
by, for example, Véliméki et al. in [22] and Smith in [6, 16].

The most popular physical modelling techniques that are described in this
literature can be found below:

Modal Synthesis decomposes a system into a series of uncoupled ‘modes of
vibration” and can be seen as a physically-based additive synthesis technique.
First used in a musical context by Morrison and Adrien in [18], itis a technique
that is still used today due to its computational efficiency, especially when
simulating higher-dimensional systems such as (two-dimensional) plates or
(three-dimensional) rooms. It is especially effective when used to describe a
linear system with a small number of long-resonating modes [23, 6]. When
used to describe nonlinear systems, however, the modes become ‘coupled” and
the system will quickly become more computationally expensive. Recent de-
velopments using the FAUST programming language allow a 3D-mesh model
of any three-dimensional object to directly be decomposed into its modes of
vibration, and used as a sound-generating physical model [24].

Finite-Difference Time Domain (FDTD) methods aim to solve PDEs by approxi-
mating them with difference equations, discretising a continuous system into
grid points in space and time. In a musical context, this technique was first
used for the case of string vibration by Hiller and Ruiz in [8, 9, 10] and later
by Chaigne in [25, 26]. An extensive overview of FDTD methods in the con-
text of sound synthesis is given by Bilbao in [21]. Although computationally
expensive, especially when working with higher-dimensional systems, this
technique could potentially accurately model any system, whether it is linear
or nonlinear, time-invariant or time-variant.

Digital Waveguide Modelling (or Digital Waveguides (DWGs)) is a technique
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that discretises wave propagation and scattering. The technique was first pre-
sented by Smith in [14, 15], and is mostly used for one-dimensional systems,
such as strings and acoustic tubes, and decomposes their system into travelling
wave components. This technique has also been used in higher-dimensional
systems, such as the waveguide mesh [27], but is superior in efficiency when
used in the one-dimensional case [22]. Some authors have combined DWGs
with FDTD methods (such as in [28, 29]) to accurately model nonlinear be-
haviour while maintaining a high-speed implementation.

Mass-spring networks can be similar in nature to FDTD methods, but treat each
grid point as an individual mass connected to other masses through springs
in a network. Pioneered in a musical context by Cadoz in [30, 11, 31] it is
currently being further developed by Leonard and Villeneuve in a real-time,
interactive environment [32, 33].

Discussion

This work focuses on physical modelling using FDTD methods. The main
advantage of these methods is that they are extremely general and flexible
in terms of the types and number of systems they can model. They allow
any set of PDEs to be directly numerically simulated without making any
assumptions regarding travelling wave solutions or modes. Moreover, FDTD
methods allow for various PDEs, e.g. a violin body and four strings, to be
connected in a fairly straightforward manner. DWGs, for example, assume
a travelling wave solution, which makes complex nonlinear effects extremely
hard to model using this technique. To use modal synthesis for modelling a
PDE, it requires the system to have a closed-form or analytical solution. If this
is not available, (finite-element) analysis of the system could be performed to
obtain the modal shapes and frequencies of the system. This in itself is very
computationally expensive and requires a lot of storage if the modal data needs
to be saved [34].

The main drawback of FDTD methods is the fact that they require great
attention to numerical stability of the solution [21]. For a wrong choice of
parameters, the implemented system could become unstable and “explode”*.
Stability analysis as well as energy analysis techniques are invaluable in the
process of ensuring a stable implementation, and much attention to this will
be given throughout this thesis.

A final drawback of using FDTD methods is that — especially for higher-
dimensional systems — they are much more computationally expensive than
other methods, such as DWGs or modal synthesis techniques. The bright side

4The author learned the hard way that one should always implement a limiter when working
with real-time physical models to avoid dangerously loud sounds due to unstable implementa-
tions.
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—if one believes in Moore’s law [35] —is that it can be assumed that computing
power will continue to increase and that within several years, running high-
quality real-time simulations of musical instruments based on FDTD methods
will not be an issue.

1.4 Applications of physical modelling

It might not be clear why one would go through the hassle of modelling
a musical instrument. Why could one not use a recording of the original
instrument and play that back at the right moment? Or taking another step
back, why not buy a real instrument and learn to play thatinstead? This section
aims to answer those questions, by providing some applications of physical
modelling for musical instrument simulations.

1.4.1 Samples vs. physical modelling

Despite the existence of many techniques to simulate musical instruments
mentioned in the previous section, the bulk of the currently available digital
musical instruments are still based on samples. This is mainly due to the com-
putational power needed to generate sounds, as opposed to simple playback
of recordings. Furthermore, digital musical instruments based on samples
have an optimally realistic sound. As the output of the digitised instrument is
exactly that of the original instrument, the digital version should thus sound
indistinguishable from the original.

That said, it can be argued that these are the only advantages of using
samples over physical models in this context. Samples are static and unable to
adapt to changes in performance; the recording is made by one player with one
playing style or technique, using one specific microphone to record the sample,
and so on. Even if one accepts this, capturing the entire interaction space of an
instrument is nearly impossible. Imagine recording a violin with every single
combination of bowing force, velocity, position, duration and other aspects
such as vibrato, pizzicato. Even if a complete sample library could be created,
this would contain an immense amount of data and take an incredible amount
of time to record.>

Using physical models to simulate the musical instrument instead, allows
the sounds to be generated based on all the aforementioned interaction pa-
rameters. One is not stuck to a single recording of the instrument and, given
the right tools or controller, one can alter the sound just as one can with its
real-life counterpart.

5This was actually done in 2019 for four century-old bowed-string instruments in the Italian
city of Cremona. The recordings lasted five weeks, six days a week, eight hours a day, and required
the city center to be as quiet as possible to record the instruments [36, 37].
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A drawback of physical models is that, in order to generate a realistic
sound, a highly accurate physical description of the original instrument is
needed. Apart from (potentially) taking a lot of time to develop this model
and tuning its parameters, the eventual implementation will be (much) more
computationally expensive than if samples were to be used. Generally, the
more accurate the model is, and thus the more realistic its sound, the higher
the computational cost becomes.

The main trade-off between samples and physical models is thus storage
versus speed, or hard-disk versus CPU. Whether one method should be used
over the other depends on the situation. If efficiency is required and the lack
of flexibility in the sound is not an issue, samples might be the better choice.
If, on the other hand, one wants to create a full digital version of a traditional
instrument that responds to player-interaction in the same way as the original
instrument would, a physical model should be chosen instead.

1.4.2 Resurrect old or rare instruments

Many instruments exist that are too old, too rare, or too valuable to be played.
Some live behind museum glass only to be looked at by visitors, never to
be played again. In these cases, it might even be hard to record samples
of the musical instrument. If, however, the physics (geometry and material
properties) of the instrument are available, a physical model of the instrument
could be created, bringing its sound back too life.

Applications of physical modelling are not limited to old or rare instru-
ments. Popular musical instruments also require maintenance and might
need to be replaced after years of usage. A simulation of these instruments
will not age (unless that is, of course, desired and included in the model).

1.4.3 Go beyond what is physically possible

As a digital simulation is not restricted by the laws of physics of the real world,
this opens up a substantial amount of possibilities. Musical instrument sim-
ulations make it possible for parameters like shape, size, material properties,
etc. to be dynamically changed, which is physically impossible or very hard to
do. A physical model of a violin could potentially change size and ‘morph’ into
a cello while the simulation is running and a player is interacting with it. New
ways of interaction and expression could be devised that control the physics
of the instrument, expanding the range of possibilities for the musician.

Furthermore, different instrument components can be combined to create
hybrid instruments. For example, one could bow the air in a trumpet, or lip-
excite a string (similar to what Smith states in [6]). This could potentially result
in unique sounds that can only be created using physical models.
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1.5 Project objectives and main contributions

This section presents several research questions and provides the main objec-
tives and contributions of the project.

How can computationally expensive physical models be made playable in
real-time?

Even though physical modelling has been a popular research field in the past
few decades, relatively little research has been done on making the models
work in real-time, i.e., ‘playable’ [38]. Several virtual string instruments and
different electric pianos have been made real-time by Pfeifle and Bader in
[39, 40, 41]. The authors used field programmable gate arrays (FPGAs) for
implementing models based on FDTD methods. Furthermore, Roland’s V-
series use COSM (Composite Object Sound Modelling) technology [42] that
implement real-time physical models in hardware instruments. In the NESS
project, Stefan Bilbao and his team focused on implementing systems using
FDTD methods in real-time, using parallelisation techniques and the GPU
[34, 43].

The biggest challenge in real-time audio applications, as opposed to those
only involving graphics for example, is that the sample rate required is ex-
tremely high. As Nyquist’s sampling theory states, a sampling rate of at least
40 kHz is necessary to produce frequencies up to the human hearing limit of
20 kHz [44]. Most graphics applications are made with a temporal sample rate
(mostly referred to as frames per second (FPS)) of around 60 Hz [45], which is
orders of magnitude smaller than the auditory sample rate. For comparison,
for a commonly used auditory sample rate of 44100 Hz, running a simulation
for audio requires 735x as many iterations as if this simulation was done for
graphics only.

The main objective of this project is to implement physical models using
FDTD methods in real time without the need of special hardware, i.e., on a
regular personal computer or laptop. The objective is not to renew the under-
lying models themselves, but to create novel combinations of existing models
to simulate relatively unknown instruments as test cases for this objective. The
instruments modelled over the course of this project are the esraj (bowed sitar),
hammered dulcimer and hurdy gurdy presented in paper [A], the tromba ma-
rina presented in paper [D] and the trombone presented in paper [H], all
implemented in real time using FDTD methods. An extended summary of
these papers can be found in Part V and the complete papers are included in
Part VII. Details on the real-time implementation can be found in Chapter 13.

10
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How can (the sound of) traditional instruments be extended upon?

As mentioned in Section 1.4.3, using physical modelling to simulate real-life
instruments, relieves the physical limitations that the real world imposes on
them. As FDTD methods are quite rigid, dynamically changing parameters
while the instrument simulation is running, is a challenge. Other techniques,
such as modal synthesis are much more suitable for this, see e.g. [38, 46],
but come with the drawbacks mentioned in Section 1.3. Therefore, one of the
main objectives of this project was to devise a method to allow parameters in
musical instrument simulations based on FDTD methods to be dynamically
varied.

Indeed, during this PhD project, a novel method was devised to smoothly
change parameters over time, introducing this to FDTD methods. This method
was published in [G] and will be elaborated on in Chapter 12.

How can the now-virtual instruments be controlled in an expressive way?

A substantial challenge in the field of musical instrument simulations is their
control. In many physical instruments, one interacts immediately with the
sound-creating object, such as a string on a guitar or a membrane on a drum.
This allows the musician to be much more expressive than if they only used the
keyboard and mouse. Expressivity, however, is not the only thing that makes
an instrument interesting and enjoyable to play. The interaction with a musical
instrument simulations could feel very ‘dry’ or unnatural as there is no haptic
feedback; something present in (nearly) all physical musical instruments.

The last objective of this PhD project is thus to find ways to control the
instrument simulations in an expressive way. Over the course of this PhD
project, the Sensel Morph, or Sensel for short, has been used extensively [47].
The Sensel is a controller containing ca. 20,000 pressure sensors that allow for
highly expressive control of the instruments. This controller has been used in
papers [A], [B], [C] and [D].

Although the Sensel allows for more expressive control than a keyboard
and mouse, it does not resemble any of the interaction paradigms of the original
instruments. It was thus attempted to include a controller that would be more
suited for controlling the musical instrument simulation and allow for a more
intuitive control. For one of the projects, a virtual-reality (VR) implementation
of the tromba marina was controlled by the PHANTOM Omni, which is a
six-degrees-of-freedom (6-DoF) haptic device [48]. The controller contains a
hand-held pen-like object that is attached to a robotic arm, and can be linked
to a virtual environment to provide force and vibrotactile feedback through
the arm, based on this environment. This project is presented in paper [E].

11



Chapter 1. Physical Modelling of Musical Instruments

1.6 Thesis outline

The thesis uses a ‘collection of papers’ format, and is divided into several
parts. See Figure 1.1 for a visual overview of the thesis structure. Parts I, II,
III and IV are used as an introduction for the main contributions of the PhD
project in Part V, and — with the exception of Chapter 8 — do not contain any
of the contributions made during this project. Much effort has been put in
explaining the existing methods and models from the literature used in this
work, in a way that is slightly more in-depth and pedagogical than might be
common for a PhD thesis, while simultaneously relating this existing work to
the contributions of this project. It is the hope of the author, that going this
extra mile could make this thesis (and these parts in particular) a contribution
in itself: To put this research field into reach for beginners in the area of
physical modelling for sound synthesis using FDTD methods, without the
need of much experience in the fields of physics, mathematics or computer
science. To this end, although a ‘collection of papers’ format has been used,
the introductory part has been written in an extended and detailed form.

| Abstract |

| Preface & Acknowledgments |

Part I: Introduction Part II: Resonators Part III: Exciters Part I'V: Interactions
1. Physical Modelling 4. Stiff String 7: Physically Inspired
10: Collisions
b
2. FDTD Methods 5. Acoustic Tubes 8: Bow
11: Connections
3. Analysis Techniques 6.2D Systems 9: Lip Reed

Part V: Contributions

G AB DE H
12. Dynamic Grids 13. Real-time 14. Large-Scale 15. Tromba Marina 16. Trombone

| Part VI: 17. Conclusions and Perspectives |

| Part VII: Papers |

| Part VIII: Appendix |

Fig. 1.1: The outline of this thesis. The contributions made throughout the PhD project are
marked in yellow. Most are collected in Part V, though the novel work done on the bow will
already appear in Chapter 8. The parts marked in green, describe the physical models on which
the contributions are based. The basics of the methods used for these models are introduced in
Part I marked in orange. The chapters that can be seen as an extended summary of the papers in
Part VII are indicated by the letter of the respective paper.
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Part I: Introduction

This part introduces the field of physical modelling for musical instruments
in Chapter 1, by giving a brief history of the field and providing background
for the project. Furthermore, the objectives and main contributions of the PhD
project are detailed. Chapter 2 provides a thorough introduction to FDTD
methods, using simple sound-generating systems as examples, after which
Chapter 3 introduces several analysis techniques in a tutorial-like fashion.

Part II: Resonators

The resonator component of a musical instrument, as introduced in Section
1.2, can — for most instruments — be further decomposed into more basic
resonators. In order to model the violin, for example, one can decompose
the entire resonator into four strings and its body. This part presents the
various resonators used for the contributions: Chapter 4 presents a model for
the stiff string, Chapter 5 introduces acoustic tubes that can be used to model
brass instruments, and Chapter 6 introduces two-dimensional systems such as
membranes and plates which can be used to simulate simplified instrument
bodies.

Part III: Exciters

As stated in Section 1.2, the excitation greatly determines the behaviour of the
resonator. This part presents various ways in which the resonators introduced
in Part II can be excited. Chapter 7 introduces physically inspired excitations
as an easy way to excite the resonators, Chapter 8 introduces the bow and
presents the contribution made in paper [C], and finally, Chapter 9 presents
the lip reed used to excite brass instruments.

Part IV: Interactions

To properly model a full instrument, the interactions between the various
resonators in isolation must be taken into account. This part describes two dif-
ferent ways that the resonators can interact with each other: collisions between
various resonators are presented in Chapter 10 and connections between them
in Chapter 11.

Part V: Contributions

This part contains extended summaries of the main contributions of the PhD
project. Chapter 12 summarises paper [G] and extends it by providing some
implementation details and design considerations. Chapter 13 explains the
considerations necessary for real-time implementation of physical models. An

13
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extended summary of papers [A] and [B] is provided in Chapter 14. Papers
[D] and [E] are summarised in Chapter 15 and are extended with details on
the implementation, and finally, paper [H] is summarised in Chapter 16, and
is extended with design considerations and details on the implementation.

Part VI: Conclusions and Perspectives

Chapter 17 concludes by providing a summary of the thesis. Furthermore,
perspectives for the future and possible continuations of this work are given
as well.

Finally, Part VII: Papers contains the main publications made over the course
of this PhD project and an appendix appears in Part VIII: Appendix including
(among other topics) additional information on matrices, code examples, and
derivations.
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Chapter 2

Introduction to
Finite-Difference
Time-Domain Methods

“Since Newton, mankind has come to realize that the laws of physics
are always expressed in the language of differential equations.”
- Steven Strogatz

This chapter introduces some important concepts needed to understand finite-
difference time-domain (FDTD) methods. These techniques are what the im-
plementation of the physical models presented later on in this document are
based on. By means of a simple mass-spring system and the 1D wave equa-
tion, the notation and terminology used throughout this document will be ex-
plained. Furthermore, some code examples using the MATLAB programming
language [49] will be used. Unless denoted otherwise, the theory presented in
this chapter and the notation have been taken from [21].

2.1 Differential equations

Differential equations can be used to describe the motion of dynamic systems,
including vibrations in musical instruments. In this work, these equations are
used to describe, among others, the movement of a string, an instrument body
and the air pressure in an acoustic tube.

A characteristic feature of these equations is that, rather than an absolute
value or state of a system, such as displacement from the equilibrium of a
string, or the pressure in a tube, the time derivative of its state — its velocity
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— or the second time derivative — its acceleration — is described. From this,
the absolute state of the system can then be computed. This state is usually
described by the variable u which is always a function of time, i.e., u = u(t).
If the system is distributed in space, u also becomes a function of space, i.e.,
u = u(z,t), or with two spatial dimensions, u = u(z,y,t), etc. Though this
work only describes systems of up to two spatial dimensions, one can easily
extend to three dimensions (see e.g. [50]) and potentially higher-dimensional
systems. See Section 2.1.1 for more information on dimensions.

If 4 is univariate, and only a function of time, the differential equation
that describes the motion of the system is called an ordinary differential equation
(ODE). Various ways to describe the second derivative in time of u, or the
acceleration of u are

d*u oo ,
yTEl (Leibniz’s notation),
i (Newton’s notation),

D?u  (Euler’s notation).

Leibniz’s notation could be considered the most standard notation but is not
necessarily compact. Newton’s notation on the other hand allows for an ultra
compact notation using dots above the function to denote time-derivatives.
For this reason, Newton’s notation will be used for ODEs in isolation. The
drawback of this notation is that it can only be used for univariate functions.
Finally, Euler’s notation indicates a derivative using an operator which can be
applied to a function.

If v is also a function of at least one spatial dimension, the equation of
motionis a called a partial differential equation (PDE). The literature uses different
types of notation for taking (continuous-time) partial derivatives. Applied to
a state variable u these can look like

0%u
ot?
uy  (subscript notation),

(Leibniz’s notation),

d?u  (Euler’s notation),

where the subscript notation could be seen as the partial derivative counter-
part to Newton’s notation due to its compactness. In the remainder of this
document, Euler’s notation will be used for PDEs, due to their similarity to
operators in discrete time (introduced in Section 2.2.2). Also, it allows for
more compactness when creating bigger operators with multiple (connected)
systems (see e.g. Chapter 15). Moreover, state-of-the-art literature in the field
of FDTD methods for sound synthesis use this notation as well [23].
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2.1.1 Dimensions and degrees of freedom

All objects in the physical world are three-dimensional (3D) as they have a
non-zero width, length and depth. Moreover, these objects can move in these
three dimensions and thus have three translational degrees of freedom (DoF) (the
three rotational DoF are ignored here). To reduce the complexity of the models
describing physical systems as well as computational complexity (computa-
tional cost), simplifications can be made to reduce both the dimensionality of
the spatial distribution of a physical object as well as that of the translational
DoF.

Generally, the spatial distribution of an object can be simplified if one (or
more) of the dimensions are small, relative to the wavelengths of interest. A
guitar string, for instance, has much greater length than its width or depth and
can therefore be reduced to a one-dimensional (1D) system. If a 3D description
were to be kept, the relative displacement between two locations on one cross-
section along the length of the string would be taken into account. One could
imagine that this displacement will always be orders of magnitude smaller
than the relative displacement of two points along the string length and is thus
negligible. Similarly, the thickness of a drum membrane is much smaller than
its length and width and can therefore be simplified to a two-dimensional (2D)
system.!

The translational DoF, on the other hand, describe now many “coordinates”
astate variableincludes. In much of the literature on FDTD methods in the field
of musical acoustics, the state variable only has one coordinate. In most string
models, for example, only the transverse displacement in one polarisation is
considered (see Chapter 4) and the other polarisation as well as the longitudinal
motion of the string (motion along the string length) are ignored. In other
words, every point along the string can only move up and down, not side-to-
side and not forward and back. Although this greatly simplifies the system
at hand and reduces computational complexity, this is not what happens in
reality. Nonlinear effects such as pitch glides, due to tension modulation
caused by high-amplitude string vibration, are not present in the simplified
model and have not been included in this project.

Work has been done on strings with dual (transverse) polarisation by
Desvages [51] and Desvages and Bilbao [52] using FDTD methods. Models in-
cluding longitudinal string vibration, where the longitudinal and transversal
displacements are coupled, can be found in [21, 53]. In [32], Villeneuve and
Leonard present a mass-spring network where the state of every individual
mass has 3 translational DoF. Due to these additional DoF, these networks
do capture the aforementioned effects, but greatly increase the computational
complexity of the models.

1In this work, ‘1D’ and ‘2D’ will also be used to abbreviate ‘one dimension” and ‘“two dimen-
sions’.
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Although the dimensionality reduction ignores some of the physical pro-
cesses, surprisingly realistic sounding models can be made despite these sim-
plifications. Due to computational considerations, all models used in this work
thus only have 1 translational DoF.

Notation

When describing the state of a system, the spatial dimensions it is distributed
over appear in the argument of the state variable. For example, the state of a
2D system with 1 translational DOF, is written as u(z, y, t).

The translational DoF, on the other hand, determines the number of coor-
dinates that the state variable describes. A 1D system with 3 translational DoF
can thus be written as u(xz,t) where u is a vector containing the coordinates
for all three translational DoF.

2.1.2 Ranges of definition and domains

When modelling physical systems, one needs to provide a range of definition
over which they are defined. For a 1D system u = u(x, t), ranges of definition
must be given for = and ¢. Usually, the temporal range is defined for ¢ > 0,
meaning that the system is defined for non-negative time. This will be the case
for all systems presented in this work.

In space, the range of definition is usually referred to as a (spatial) domain,
denoted by the symbol D. Using the example above, x may be defined over
D, which is written as z € D. For analysis purposes, infinite domains (D =
R = (—00,)) or semi-infinite domains (D = R* = [0,00)) may be used,
but for implementation purposes, a finite domain needs to be established. For
higher dimensional systems, one needs to define higher dimensional domains.
A 2D system v = u(x,y,t), for simplicity assumed to be rectangular, may be
defined over ‘horizontal domain’ D, and ‘vertical domain’ D,, which are both
1D domains. The system is then defined for (x,y) € D where D = D, x D,

2.2 Discretisation using FDTD methods

Differential equations are powerful tools to describe the motion of physical
systems. Despite this, only few of these have a closed-form, or analytical,
solution. More complex systems require methods that do not perfectly solve,
but rather approximate the solutions to these equations. FDTD methods are the
most straightforward approach to numerically approximate differential equa-
tions. These methods are considered to be among the most general and flexible
techniques in terms of the systems they can model, and relatively simple to
understand once some familiarity with them is obtained. The main concern
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with these methods is the numerical stability of the eventual approximation.
Conditions for stability can be mathematically derived and will be introduced
in Chapter 3.

FDTD methods essentially subdivide a continuous differential equation
into discrete points in time and space, a process called discretisation. Once an
ODE or PDE is discretised using these methods it is now called a finite-difference
(FD) scheme which approximates the original differential equation. See Figure
2.1. In the following, for generality and ease of explanation, a 1D system will
be used, and (again) the theory and notation follows [21].

A

b L L

t] /\ /\ ! eeeeeiseessaeeneans

Fig. 2.1: A continuous PDE is discretised to a FD scheme. In a PDE, time passes continuously,
whereas for a FD scheme, time passes in finite increments with a duration of the reciprocal of the
sample rate fs.

2.2.1 Grid functions

The first step to approximate continuous PDEs, is to define a discrete grid over
time and space. See Figure 2.2. A system described by a state variable u =
u(z,t) defined over time ¢ and one spatial dimension z, can be discretised to a
grid function u}. Here, integers [ and n describe the spatial and temporal indices
respectively, and arise from the discretisation of the continuous variables x and
t, according to = [h and t = nk. The spatial step h, or grid spacing, describes
the distance (in m) between two neighbouring grid points, and is closely related
to the stability of the FD scheme. The temporal step k, or time step, is the time
(in s) between two consecutive temporal indices and can be calculated k = 1/ f;
for a sample rate f; (in Hz). In many audio applications f; = 44100 Hz, which
is the sample rate that will be used in this work (unless denoted otherwise).
As mentioned in Section 2.1.2, a 1D system needs to be defined over a
temporal range of definition and one spatial domain. In discrete time, t > 0 is
discretised to n € NY.2 The spatial domain D can be subdivided into N equal
sections, or intervals, of length h (see Figure 2.2). The grid points describing
the state of the system are placed at the edge of each interval, including the

2In this work, N is used to denote the set of non-negative integers (N = 0,1,2,...).
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n+1

Un_q
n+l @ @ o o o o o
uy K
n @ o ] o ] o o
un—l k
0
n—1@ o o ) o ] [
h h h
0 1 2 l N -2 N -1 N
D

Fig. 2.2: The spatio-temporal grid that appears when a 1D system u(z, t) with « € D is discretised
to a grid function u}’. The spatial domain D is divided into N intervals of length h and spatial
range of interest [ = {0,..., N}. Time is subdivided into time steps of duration k and together
with the discretised domain, forms a grid over space and time. Some grid points are labelled with
the appropriate grid function.

end points. The spatial range of interest then becomes { € {0,..., N} and the
total number of grid points is N + 1, which is one more than the number of
intervals.

To summarise, for a 1D system:

u(z,t) Ry, with z=I1h and t=nk,

1€{0,...,N} and neNC

2.2.2 Finite-difference operators

Now that the state variable has a discrete counterpart, it leaves the derivatives
to be discretised, or approximated. First, shift operators are introduced, which
can be applied to a grid function and “shift’ its indexing, either temporally or
spatially. These are denoted by e;, where subscript s denotes the type and
direction of the shift. Forward and backward shifts in time, together with the
identity operation are

errul =ul T eul =u)”!, and  1ul =wu. (2.1)

Similarly, forward and backward shifts in space are

exttty =y, and e, uy =up . (2.2)
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2.2. Discretisation using FDTD methods

These shift operators are rarely used in isolation, though they do appear in
energy analysis techniques detailed in Section 3.4. The operators do, however,
form the basis of commonly used finite-difference (FD) operators. The first-order
derivative in time can be discretised in three different ways. The forward,
backward and centred difference operators are

diq £ % (ety — 1), (2.3a)
0= 6 & % (1—e), (2.3b)
0. = o5r (s —erm), (2.3¢)

where “£” means “equal to by definition”. These operators can then be applied
to grid function u;’, and expanded, to get

515_;,_’114? = % (’LL?+1 — U?) s (24&)
Ou = d_up = % (uf — u?fl) , (2.4b)
opul = 2—1k (u}”l — u?fl) , (2.4¢)

and all approximate the first-order time derivative of u. Note that the centred
difference has a division by 2k as the time difference betweenn + 1 and n — 1
is, indeed, twice the time step. Figure 2.3a shows the stencils of the operators
introduced above. A stencil shows the grid points needed to perform the
operation of a FD operator.

Similar operators exist for a first-order derivative in space, where the for-
ward, backward and centred difference are

6z+ £ % (er+ - 1)3 (25&)
Or =S 6 21 (1—ep), (2.5b)
5m- £ ﬁ (ez—l- - er—) ) (25C)
and when applied to u}* are
Opru] = % (u;ﬁrl — uf) , (2.6a)
Opu B Oyp_up = % (uf — uf_l) , (2.6b)
bpuf =55 (Ul —ul'y). (2.6¢)

Higher-order differences can be approximated through a composition of first-
order difference operators where their definitions are multiplied.® The second-

3Alternatively, one could first apply one operator to a grid function, expand it, and apply the
other operator to all individual grid functions in the result of the first expansion thereafter.
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(a) Temporal operators. (b) Spatial operators.

Fig. 2.3: The stencils of various FD operators applied to the grid point highlighted with a red
square. Black grid points are used in the calculation, and white grid points are not. The averaging
operators follow the same pattern.

order difference in time may be approximated using

1
O =6 =6 = 5 (et+ —2+e1-), (2.7)
where “2” is the identity operator applied twice. This can be done similarly
for the second-order difference in space

1
02 & 5y Oy = 0y = 72 (€zy —2+ep), (2.8)
both of which can be applied to a grid function u}* in a similar fashion. Figure
2.3b shows the stencils of the spatial operators introduced above.
Also useful are averaging operators, all of which approximate the identity
operation. The temporal forward, backward and centred averaging operators
are

frer = 5 (e + 1), (2.9a)
1= - 25 (1+e), (2.9b)
. =5 (err +er). (2.9¢)

Notice how these definitions are different than the difference operators in Eq.
(2.3): the terms in the parentheses are added rather than subtracted, and rather
than a division by the time step k there is a division by 2. Also notice that
the centred averaging operator does not have an extra division by 2 as in Eq.
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2.2. Discretisation using FDTD methods

(2.3c). Applied to u}’, the definitions in Eq. (2.9) become

/Lt+’u;7' = % (u'ln,—l—l —+ U?) s (210&)
u =y = % (u;I + u?fl) , (2.10b)
prup =3 (uptt +u . (2.10c)

Similarly, spatial averaging operators are

Hz+ = % (ew+ + 1) ) (211&)
1= e 21 (1+e,m), (2.11b)
Haz- £ % (e;v-‘r + eac—) ) (211C)
and when applied to u}'
payui =5 (ufyy +upt), (2.12a)
U & pp—up =5 (u ), (2.12b)
poup =3 (ul'y +up ). (2.12¢)

Finally, using forward and backward averaging operators, second-order tem-
poral and spatial averaging operators can be created according to

1
12 gy = frogpre— = 1 (et +2+e), (2.13)
and )
1% pge = fat Ha— £ 1 (€xr +2+es). (2.14)
The stencils of the averaging operators follow the same pattern as the difference
operators.

Operators and derivatives in 2D will be discussed in Chapter 6.

Accuracy

As FDTD methods approximate continuous systems, the resulting solution is
rarely 100% accurate. To determine the accuracy of the FD operators above,
one can perform a Taylor series analysis. The Taylor series is an infinite sum and
its expansion of a function f about a point a is defined as

fay =3 T oo ) (2.15)
n=0 :

where superscript (n) denotes the n'' derivative of f with respect to x. The
analysis will be performed on the temporal operators in this section, but also
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applies to the spatial operators presented.

Using continuous function v = u(t) and following Bilbao’s “slight abuse
of notation” in [21], one may apply FD operators to continuous functions
according to

Soult) = w .
Assuming that v is infinitely differentiable, u(¢ + k), i.e., u at the next time step
(in continuous time), can be approximated using a Taylor series expansion of
u about ¢ according to

(2.16)

k> K3 .
u(t + k) = u(t) + kit + i 4 i+ O(k*Y). (2.17)
Here, (following Newton’s notation introduced in Section 2.1) the dot describes
a single temporal derivative and O includes additional terms in the expansion.
The power of k in the argument of O describes the order of accuracy, the higher
the power of k the more accurate the approximation. Equation (2.17) can be

rewritten to

— 2.
MR g My o,

and using Eq. (2.16) can be written to
deru(t) =u+ O(k). (2.18)

This says that the forward difference operator approximates the continuous
first order derivative with an additional error term that depends on k. As the
power of k in O’s argument is 1, the forward operator is first-order accurate.
One can also observe that, as expected, the error gets smaller as the time step
k gets smaller and indicates that higher sample rates result in more accurate
simulations (through k = 1/ f;).

One can arrive at a similar result for the backward operator. Applying Eq.
(2.3b) to u(t) yields

u(t) —u(t — k)

beou(t) = = (2.19)

One can then approximate u(t — k) by performing a Taylor series expansion of
u about ¢ according to

u(t — k) =u(t) + (=k)u + ﬂu + (_k)3il + Ok, (2.20)

2 6
w = —u+ gu - %2&+ O(k*),
S u(t) = u+ O(k). (2.21)

Notice that the sign of O does not matter.
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Forward difference Backward difference Centred difference
u(t+k) o g / s
u(t)
ut -k 7 - .
o —u(t) o —u(t) o —u(t)
— b u(t) — () — pu(t)
=-=-0u(t) --—-Juu(t) —-—-uu(t)
t—k t t+k t—k t t+k t—k t t+k

Fig. 2.4: The accuracy of the forward, backward and centred difference operators in (2.3) visu-
alised. The centred difference operator much more closely approximates the derivative, or the
slope, of u at t when compared to the forward and backward difference operators.

Applying the centred operator in Eq. (2.3c) to u(t) yields

u(t + k) —u(t — k)

6tu(t) = o 5

(2.22)

indicating that to find the order of accuracy for this operator, both Egs. (2.17)
and (2.20) are needed. Subtracting these and substituting their definitions
yields

.2k 5
u(t+ k) —u(t — k) =2ku — — U +20(k°),

u(t+ k) —u(t—k)

=i+ O(k%),
Seu(t) =i+ O(K?), (2.23)

and shows that the centred difference operator is second-order accurate.

As a first-order derivative indicates the slope of a function, the differences
in accuracy between the above operators can be visualised as in Figure 2.4. It
can be observed that the derivative approximation — the slope — of the centred
operator matches much more closely the true derivative of v at ¢.

Higher-order differences, such as the second-order difference in time oper-
ator in Eq. (2.7) can also be applied to u(¢) to get

u(t + k) — 2u(t) + u(t — k)

6ttu(t) = k2 ’

(2.24)
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and can be proven to be second-order accurate by adding Eqs. (2.17) and (2.20):

u(t + k) +ult — k) = 2u(t) + ki + O(kY),
u(t + k) - 21;(;5) =k 4 o),

Speu(t) = i+ O(k?). (2.25)

The accuracy of averaging operators can be found in the same way and
follow a similar pattern.

preyu(t) = u(t) + O(k),  pm-u(t) = u(t) + O(k), (2.26)
peu(t) = u(t) + OK?),  pau(t) = u(t) + O(k?). '

2.2.3 Identities

For working with FD schemes, either for implementation or analysis, it can
be extremely useful to rewrite the operators presented above to equivalent
versions of themselves. These are called identities and for future reference,
some useful ones are listed below:*

2
Ou = % (04. — 0e—) (2.27a)
0. = Oy phy— = Op— fhyt s (2.27b)
k
Mt = i§5ti +1, (2.27¢)
2
Opx = iE(Mt:ﬁ: —1), (2.27d)
M. = két +ep—. (2276)

That these equalities hold, can easily be proven by expanding the operators de-
fined in Section 2.2.2. Naturally, these identities also hold for spatial operators
by simply substituting the ‘¢ subscripts for ‘z".

2.3 The mass-spring system

Though a complete physical modelling field on their own (see Chapter 1),
mass-spring systems are also sound-generating systems and lend themselves
well to illustrating and explaining FDTD methods in practice. Starting with the
continuous-time ODE, the current section follows the discretisation process to
a FD scheme using the operators described in Section 2.2.2. Finally, the scheme

4The £ operators in a single equation are either all ‘4 or all ‘—" and are used for a more
compact notation.
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2.3. The mass-spring system

is rewritten to an update equation that can be implemented, and the output of
the system is shown.

2.3.1 Continuous time

Using dots to indicate a temporal derivative, the ODE of a simple mass-spring
system is defined as
Mii = —Ku, (2.28)

where u = u(t) is the distance from the equilibrium position (in m), M > 0 is
the mass of the mass (in kg) and K > 0 is the spring constant (in N/m) also
referred to as the spring stiffness. An alternative way to write Eq. (2.28) is

il = —wu, (2.29)
with angular frequency (in rad/s)
wo =/ K/M. (2.30)

This way of writing the mass-spring ODE is more compact and can more
directly be related to the fundamental frequency fy = wo/27 (in Hz) of the
system.

Apart from the choices of K and M, the behaviour of the mass-spring
system is determined by its initial conditions, being «(0) and 0,u(0), i.e., the
displacement and velocity of the mass at ¢ = 0. If the initial conditions are
non-zero, the path that the displacement of the mass follows over time is
sinusoidal (see Figure 2.5), which is also why the mass-spring system is often
referred to as the simple harmonic oscillator. The amplitude of the sinusoid is
determined by the initial conditions, whereas the frequency is determined by
M and K.

¥

Fig. 2.5: Mass-spring system over time. The system follows a harmonic (sinusoidal) motion.
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Intuition

The behaviour of the mass-spring system in Eq. (2.28) arises from two basic
laws of physics: Newton’s second law and Hooke’s law.

Starting with Newton’s second law — force equals mass times acceleration —
and relating this to the variables used in Eq. (2.28) yields an expression for
force

F = Md. (2.31)

This equation in isolation can be used to, for example, calculate the force
necessary to accelerate a mass of M kg to ii m/s?. Next, the force generated
by the spring follows Hooke’s law:

F = —Ku, (2.32)

which simply states that the force generated by a spring with stiffness K is
negatively proportional to the value of u. In other words, the further the spring
is extended (from the equilibrium u = 0), the more force will be generated in
the opposite direction. Finally, as the sole force acting on the mass is the one
generated by the spring, the two expressions for the force F' can be set equal
to each other and yield the equation for the mass-spring system in (2.28).

The sinusoidal behaviour of the mass-spring system, or a least the fact that
the mass “gets pulled back” to the equilibrium, is apparent from the minus-
sign in Eq. (2.32). The frequency of the sinusoid, depends on the value of K
as the “pull” happens to a higher degree for a higher spring stiffness. That the
frequency of the system is also dependent on the mass M can be explained
by the fact that a lighter object is more easily moved and vice versa, which is
apparent from Eq. (2.31). In other words, the pull of the spring has a greater
effect on the acceleration of a lighter object than a heavier one.

Finally, if v = 0 there is no spring force present and the acceleration remains
unchanged. Thisis exactly what Newton’s first law states: if the net force acting
on an object is zero, its velocity will be constant. If the mass is not in motion,
this means that it remains stationary. If it is, the velocity is unchanged at the
exact moment that v = 0.

2.3.2 Discrete time

Following the discretisation process introduced in Section 2.2, one can approx-
imate the PDE in Eq. (2.28). The displacement of the mass is approximated
using

u(t) =~ u”, (2.33)

with time ¢ = nk, time step k = 1/ f;, sample rate f; and temporal index and
n € N° Note that the “grid function” does not have a subscript [ as u is not
distributed in space and is now simply called a time series.
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2.3. The mass-spring system

Using the operators found in Section 2.2.2, Eq. (2.28) can be discretised as
follows:
Méyu"™ = —Ku”, (2.34)

which is the first appearance of a FD scheme in this work. Expanding the d;
operator yields

M
ﬁ (un+1 ) 4 un—l) _ _[(un7
and solving for u"*! results in the following recursion or update equation:
Kk?
u" = (2 - ) ut —u" (2.35)

which can be implemented in a programming language such as MATLAB.

2.3.3 Implementation and output

A simple MATLAB script implementing the mass-spring system described in
this section is shown in Appendix C.1. The most important part of the algo-
rithm happens in a for-loop recursion, where update equation (2.35) is imple-
mented. At the end of each loop, the system states are updated and prepared
for the next iteration.

To be able to start the simulation of the scheme, the initial conditions given
in Section 2.3.1 must be discretised at n = 0. As n is only defined for values
greater than zero, the forward difference operator is used for the discrete initial
velocity. A simple way to obtain a sinusoidal motion with an amplitude of 1,
is to set the initial conditions as follows:

w’=1 and d&,u’=0. (2.36)

The latter equality can be expanded and solved for u' to obtain its definition:

u’=1

In short, setting u” = u' = 1 yields an oscillatory behaviour with an amplitude
of 1. Note that any other non-zero initial condition will also yield oscillatory
behaviour, but likely with a different amplitude.

The values for K and M are restricted by a stability condition

M
k< 2\/?, (2.37)
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Fig. 2.6: The time domain and frequency domain output of a mass-spring system with fo = 440
Hz.

which will be elaborated on in Section 3.3. If this condition is not satisfied, the
system will exhibit (exponential) growth and is unstable.

The output of the system can be obtained by ‘recording’ the displacement
of the mass and listening to this at the given sample rate f;. An example of
this can be found in Figure 2.6 where the frequency of oscillation f, = 440 Hz.

2.4 The 1D wave equation

Arguably the most important PDE in the field of physical modelling for sound
synthesis is the 1D wave equation. It can be used to describe transverse vibra-
tion in an ideal string, longitudinal vibration in an ideal bar or the pressure in
an acoustic tube (see Chapter 5) [21]. Although the behaviour of this equation
alone does not appear in the real world as such —as no physical system is ideal
— it is extremely useful as a test case and a basis for more complicated models.

2.4.1 Continuous time

The 1D wave equation is a PDE that describes the motion of a system dis-
tributed in one dimension of space. Consider the state of a 1D system
u = u(z,t) of length L (in m) defined for time ¢t > 0 and « € D with D = [0, L].
The PDE describing its motion is

02u = c*92u, (2.38)

where c is the wave speed of the system (in m/s). If the PDE is used to model
an ideal string, the wave speed can be defined as ¢ = /T/pA, with tension
T (in N), material density p (in kg/m3) and cross-sectional area A (in m?). If
instead, it is used to model pressure in an acoustic tube c is the speed of sound
in air. Figure 2.7 shows the wave propagation of the 1D wave equation excited
using a raised cosine.

30



2.4. The 1D wave equation
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Fig. 2.7: Wave propagation in the 1D wave equation in Eq. (2.38) with ¢ &~ 127 m/s.

Intuition

As with the mass-spring system in Section 2.3 the working of the PDE in (2.38)
arises from Newton’s second law, even though this connection might be less
apparent.

The 1D wave equation in (2.38) states that the acceleration of u(z, t) at lo-
cation z is determined by the second-order spatial derivative of u at that same
location (scaled by a constant ¢?). In the case that u describes the transverse
displacement of an ideal string, this second-order derivative denotes the cur-
vature of this string. As ¢? is always positive, the sign (or direction) of the
acceleration is fully determined by the sign of the curvature. In other words,
a ‘positive’ curvature at location « along the ideal string yields a ‘positive” or
upwards acceleration at that same location.

What a ‘positive’ or ‘negative’ curvature implies is more easily seen when
a simple function describing a parabola is taken, e.g. y(z) = z?, and conse-
quently taking its second derivative to get y”(z) = 2. The answer is a positive
number which means that y has a positive curvature.

So, what does this mean for the 1D wave equation? As a positive curvature
implies a positive or upwards acceleration as per Eq. (2.38), u with a positive
curvature at a location x will start to move upwards and vice versa. Of course,
the state of a physical system such as u will rarely have a perfect parabolic
shape, but the argument still applies. See Figure 2.8 for a visualisation of the
forces acting on u due to curvature.

How the 1D wave equation relates to Newton’s second law, becomes ap-
parent by slightly rewriting Eq. (2.38). Recalling the definition of ¢ for an ideal
string, one can rewrite the 1D wave equation to

pAdPu = T,

where pA describes the mass per unit length of the string. As the forces presentin
the system act on infinitesimally small portions of the string Newton’s second
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law appears by a multiplication of dx

pAdPudr = TO udx,
——— N——
ma F
where pAdz is the mass of a (tiny) portion of the string of length dz (in m),
O?u is the acceleration of that portion and T'02udz describes the force acting
on that portion, yielding Newton’s second law.
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Fig. 2.8: The forces acting on the 1D wave equation described by u(z,t) due to curvature. The
arrows indicate the direction and magnitude of the force along the system, and consequently the
acceleration through Eq. (2.38).

Boundary conditions

When a system is distributed in space, boundary conditions must be determined.
Recalling that z is defined over domain D = [0, L], the boundaries, or end
points of the system are located atz = 0 and « = L. Two often-used alternatives
for the boundary conditions are

u(0,t) = u(L,t) =0 (Dirichlet, fixed), (2.39a)
0,u(0,t) = O;u(L,t) =0 (Neumann, free). (2.39b)

The Dirichlet boundary condition says that at the end points of the system,
the state is 0 at all times. The Neumann condition on the other hand, says that
rather the slope of these points needs to be 0, but that the end points are free
to move transversely. In the former case, incoming waves invert after reaching
the boundary whereas in the latter incoming waves are reflected un-inverted.
See Figure 2.9.

If both boundaries of the 1D wave equation share the same condition, the
fundamental frequency of the simulation can be calculated using

c

fo= oL (2.40)

32



2.4. The 1D wave equation

(a) The Dirichlet boundary condition in Eq. (b) The Neumann or free boundary condi-

(2.39a) fixes the boundary, which causes the tion in Eq. (2.39b) fixes the slope at the

incoming waves to invert. boundary, causing the incoming waves to
not invert.

Fig. 2.9: The behaviour of the 1D wave equation with (a) Dirichlet or (b) Neumann boundary
conditions.

Scaling

As much of this thesis follows Bilbao’s Numerical Sound Synthesis [21], it might
be good to talk about a major discrepancy between the PDEs and FD schemes
that appear there and those used here. Non-dimensionalisation, or scaling, is
extensively used in [21] and much of the literature published around that time
(e.g. [54, 53]) and can be useful to reduce the number of parameters used to
describe a system.

Scaling techniques normalise the domain = € [0,L] to ' € [0,1] with
2’ = z/L . The 1D wave equation in (2.38) can then be rewritten to

O*u = 202 u, (2.41)

where scaled wave speed v = ¢/L has units of frequency. The scaling has
removed the necessity for both c and L and simply specifying the scaled wave
speed 7 is enough to parametrise the behaviour of the system. The parameter
reduction gets more apparent for more complex systems and could greatly
simplify the models used, at least in notation and parameter control.

Although this parameter reduction might be useful for resonators in iso-
lation, when multiple resonators interact with each other (see Part IV), it is
better to keep the systems dimensional. As a big part of this work includes in-
teraction between multiple resonators, only dimensional systems will appear
in this thesis.

2.4.2 Discrete time

Coming back to the PDE presented in Eq. (2.38), one continues by finding a
discrete-time approximation for it. As explained in Section 2.2.1, a continuous
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state variable u = u(z,t) can be discretised using « = [h with grid spacing
h (in m) and ¢t = nk with time step k (in s). The grid function u}' approxi-
mating u can then be indexed by spatial index ! € {0, ..., N} with number of
intervals between the grid points N and temporal index n € N°. Continuing
with the approximations of the derivatives in the 1D wave equation, the most
straightforward discretisation of Eq. (2.38) is the following FD scheme

dpuy = & Opa ] (2.42)

Other schemes exist (see e.g. [21]), but are excluded as they have not been used
in this project. Expanding the operators using the definitions given in Section
2.2.2 yields

% (up ™t —2up +up ) = % (upyr — 2u} +ujy) (2.43)
and solving for u}' " yields
uptt = (2= 2X0%) u + A% (upyy Fupy) —up (2.44)
Here, "
C
A= " (2.45)

is called the Courant number and plays a big role in stability and quality of
the FD scheme. More specifically, A needs to abide the (famous) Courant-
Friedrichs-Lewy or CFL condition for short [55]

A<, (2.46)

which acts as a stability condition for scheme (2.42). More details on this are
given in Section 2.4.4.

As ¢, k and h are interdependent due to the CFL condition, it is useful to
rewrite Eq. (2.46) in terms of known variables. As the time step & is based on
the sample rate and thus (usually) fixed, and c is a user-defined wave speed,
the CFL condition can be rewritten in terms of the grid spacing h:

h > ck, (2.47)

which, in implementation, is used as a stability condition for the scheme. See
Section 3.3 for more information on how to derive a stability condition from a
FD scheme.
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2.4. The 1D wave equation

Stencil

As was done for several FD operators in Figure 2.3, it can be useful to visualise
the stencil, or region of operation, of a FD scheme. A stencil of a scheme
visualises what grid values are necessary to calculate the state at the next time
step ul”“. Figure 2.10 shows the stencil for scheme (2.42) and - in essence
— visualises the various shifts of the grid function in Eq. (2.44). One could
visualise this stencil to be placed on the left-most points of the grid shown
in Figure 2.2. The update equation then iterates this stencil over the entire

domain and calculates all values of u}'*' based on known values of u]' and

n—1
U
h
<>
u;"ﬂ
n+1 O
k
® un; un un
g n o -1 o 1 1+1
=
u'lnfl
n—1 L
[—2 -1 l l+1 [+2
space

Fig. 2.10: The stencil, or region of operation, for the FD scheme in (2.42). The time steps of the
various grid points are colour-coded by yellow (n + 1), light blue (n) and dark blue (n — 1).

Boundary conditions and virtual grid points

The end points of the discrete domain are located at ! = 0 and [ = N. Sub-
stituting these locations into Eq. (2.44) shows that grid points outside of the
defined domain are needed, namely u”; and u%, ;. These can be referred to
as virtual grid points and can be accounted for by discretising the boundary
conditions in Eq. (2.39). Discretising these (using the most accurate centred
spatial difference operator for the Neumann condition) yields

ug =uy =0 (Dirichlet, fixed), (2.48a)
Oz uy = 0z.uy =0 (Neumann, free). (2.48Db)
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Chapter 2. Introduction to Finite-Difference Time-Domain Methods

If Dirichlet boundary conditions are used, the states of the boundary points
will always be zero and can therefore be excluded from the calculations. The
range of calculation then simply becomes I € {1,...,N — 1} and no virtual
grid points are needed when performing the update.

If, on the other hand, Neumann conditions are used, the range of calculation
remains [ € {0,..., N} and definitions for the virtual grid points need to be
found. Expanding the operators in Eq. (2.48b) and solving for u” ; and u};
provides the definitions for these virtual grid points based on values inside
the defined domain:

1 1

n n n n
— (uyf —u";) =0 — (u —u ) =0
2h ( 1 1) ’ 2% ( N+1 N 1) )
n n __ n n _
uy —u'; =0, Uy —Uy—q1 =0,
n _ n n _ n
ul; =uy. Un41 = UN-1-

At the boundaries, the update equation in Eq. (2.44) will then have the above
definitions for the virtual grid points substituted and will become

ugtt = (2= 2X%) ug + 22070} —uf (2.49)
and
uptt = (2= 220%) uR 4+ 20 %y —u (2.50)

at the left and right boundary respectively.

2.4.3 Implementation

This section provides information on the excitation and output of the system.
See Appendix C.2 for a MATLAB implementation of the 1D wave equation.

Excitation

A simple way to excite the system is to initialise the state using a raised cosine,
or Hann window. More information on this will be given in Chapter 7, but for
completeness, the formula for a discrete raised cosine will be given here.

The discrete raised cosine can be parametrised by its center location [y and
width w (in ‘number of grid spacings’) from which the start index /; and end
index [, can be calculated, according to

lo=1lo— |w/2] and lo=1ly+ |w/2], (2.51)

where | -] denotes the flooring operation and needs to be used as all the above
variables are integers. Furthermore, both /s and /. must fall into the defined
spatial range of calculation. Then, a raised cosine with an amplitude of 1 can
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2.4. The 1D wave equation

be calculated and used as an initial condition for the system according to

0.5—0.5cos (=L))o <1 <,
! 0_{ COS( w ) s=lh=te (2.52)

0, otherwise.

As done for the implementation of the mass-spring system in Section 2.3.3,
both u) and u] are initialised with the same state, as to only have an initial
displacement, and not an initial velocity.

In MATLAB, an easier way to obtain a raised cosine is to use the hann (w)
function which returns a raised cosine (or Hann window) of width w (in grid
points).®

Output and modes

After the system is excited, one can retrieve the output of the system by se-
lecting a grid point Iy, and listening to that at the given sample rate f;. An
example using the parameters in Table 2.1 and Dirichlet boundary conditions
is shown in Figure 2.11.

Name | Symbol (unit) | Value
User-defined parameters

Length L (m) 1
Wave speed c(m/s) 1470
Sample rate fs (Hz) 44100
Derived parameters

Fundamental frequency fo (Hz) 735
No. of intervals N (-) 30
Time step k (s) ~227-107°
Grid spacing h (m) ~ 0.033
Courant number A() 1
Excitation and output

Center location lo (-) 0.2N
Width w () 4
Output location lout 3

Table 2.1: Parameters used for 1D wave equation example used in this section. The user-defined
parameters have been chosen such that A = 1.

As can be seen from Figure 2.11, the output of the 1D wave equation
contains many peaks in the frequency spectrum on top of the fundamental
frequency. These are called harmonic partials or harmonics for short and arise

5This slight discrepancy requires to use hann (w+1) in order to get the same result as Eq.
(2.52).
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Chapter 2. Introduction to Finite-Difference Time-Domain Methods

from the various modes of vibration present in the system (see Figure 2.12).
Although the PDE has not been implemented using modal synthesis (discussed
in Chapter 1), the system can still be decomposed into different modes of
vibration, each corresponding to a harmonic frequency. These modes are
assumed to vibrate independently, and their weighted sum yields the eventual
behaviour of the system.¢

0.5 N N H N n N 1
-0.5F 1
-300

0 50 100 150 200 0 0.5 1 L5 2
n f [Hz) %10*

100

o

n
uf
(=]

-200 F

Magnitude [dB]
3

Fig. 2.11: The time-domain and frequency domain output of the 1D wave equation with fo = 735
Hz and fs = 44100 Hz (N = 30 and A = 1) and Dirichlet boundary conditions. The system is
initialised with a raised cosine described in Eq. (2.52) with lg = 0.2N) and w = 4 and the output
is retrieved at lout = 3.

1 2 3 4 5
0 L

Fig. 2.12: The first 10 modal shapes of the 1D wave equation with Dirichlet boundary conditions
defined for z € [0, L] (only shown for mode 1). The modes are normalised to have the same
amplitude and vibrate at their respective modal frequencies with the extremes indicated by the
black and the grey plot. The number of the shape can be determined by the number of antinodes
present in the shape.

The number of modes present in the continuous PDE of the 1D wave equa-
tion is theoretically infinite. The number present in the discrete FD scheme,
however, is determined by the number of moving points in the system. If
Dirichlet boundary conditions are used, this means that there are NV —1 modes,
and N + 1 modes for Neumann boundary conditions. If the CFL condition is
satisfied with equality, the frequencies of these modes are integer multiples of
the fundamental: f,, = mfy for mode number m € {1,..., N — 1} for Dirichlet

¢Modes of the vibrating string were first discovered by Sauveur in 1701 who said that “especially
at night” he observed “other small sounds” on top of the fundamental frequency and coined the
terms ‘node’ and ‘harmonic’ [56].
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2.4. The 1D wave equation

and m € {0,..., N} when using Neumann boundary conditions. The fre-
quency of the harmonics — and even the modal shapes — can be analytically
derived using modal analysis as will be explained in Section 3.5.

The amplitude of the different modes depends on the excitation location
(and type) and the output location. Figure 2.11, for example, seemingly shows
that the system only exhibits 24 modes, rather than the 29 (N —1) predicted. As
the system is excited at 0.2V, or in other words, 1/5" of the length of the system,
this means that every 5" mode will be attenuated. To understand how and/or
why this happens, one can refer to Figure 2.12 and see that every 5% modal
shape has anode at 1/5" of its length. If the system is excited exactly there, this
modal shape will not obtain any energy and will thus not resonate. Similarly,
if the system is excited exactly in the middle, every 2"¢ modal frequency will
be attenuated as there is a node present in the corresponding modal shape.
The output would then only contain odd-numbered modes.

2.4.4 Stability and simulation quality

As shown in Eq. (2.46), the Courant number needs to abide the CFL condition
in order for the scheme to be stable. A system is regarded unstable if it exhibits
(exponential) unbounded growth. If Neumann boundary conditions (free) are
used, it is possible that the system drifts off over time. This does not mean that
the system is unstable, it is actually entirely physically possible.”

Besides stability, the value of A is closely related to the quality of the
simulation. If A = 1, Eq. (2.42) is actually an exact solution to Eq. (2.38), which
is quite uncommon in the realm of differential equations. See Figure 2.13a.
Identically, if Eq. (2.47) is satisfied with equality, the FD scheme is an exact
solution to the PDE, and if i deviates from this condition, the quality of the
simulation decreases.

If A < 1, the quality of the simulation decreases in an effect called numer-
ical dispersion. Dispersion is a phenomenon where some frequencies travel
faster through a medium than others, which is desired in some models (see
e.g. Chapter 4). Numerical dispersion, however, which is due to numerical
inaccuracy, never is! Figure 2.13b shows an example when A = 0.9, and one
can observe that the wave propagation does not match the ideal case as Figure
2.13a shows. Moreover, bandlimiting effects occur, meaning that the highest
frequency that the system can generate decreases. See Figure 2.14. Higher
modes get ‘squished” together and are not exact multiples of the fundamental
anymore. Section 3.5 elaborates on how to calculate the exact modal frequen-
cies of a FD implementation of the 1D wave equation.

Finally, if A > 1 the system becomes unstable. An example is shown in
Figure 2.13c. Unstable behaviour usually comes in the form of high frequencies

"Imagine a ‘free’ guitar string where the ends are not connected to the nut and bridge of a
guitar. The string can be taken far away from the guitar without it breaking or exploding.
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Fig. 2.13: Grid function u}* visualised ~ 100 samples after excitation. (a) If A = 1, the solution is
exact. (b) If A < 1 dispersive behaviour shows. (c) If A > 1 the CFL condition in Eq. (2.46) is not
satisfied and the system is unstable.
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@i=1 (b) A =0.9 () A =1.001

Fig. 2.14: Frequency spectra of the simulation output. The Courant number is set to (a) A = 1, (b)
A =0.9and (c) A = 0.5. One can observe that for lower values of A the bandwidth of the output
decreases drastically.

(around the Nyquist frequency of fs/2) growing without bounds.
In what situation would the stability condition then not be satisfied with
equality? As mentioned in Section 2.2.1, a continuous domain D = [0, L] for
a system of length L needs to be divided into N equal sections of length A in
the discretisation process. A logical step to calculate N would be to divide
L by h calculated using Eq. (2.47) satisfied with equality to get the highest
possible simulation quality. However, this calculation might not result in an
integer value, which N should be. To stay as close to the stability condition as
possible, the following calculations are performed in order:
L ck

h:=ck, N:= {J , h:= N’ A= W (2.53)
In other words, Eq. (2.47) is satisfied with equality and used to calculate integer
N. After this, h is recalculated based on N and used to calculate the Courant
number using Eq. (2.45). This process assures that N is an integer and that
the CFL condition is satisfied, though not necessarily with equality.

To understand why & needs to be recalculated, consider the following ex-
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2.4. The 1D wave equation

ample. Consider the 1D wave equation defined over domain D = [0, L] where
L = 1. Furthermore, the system should produce a fundamental frequency
of fo = 750 Hz which requires a wave speed of ¢ = 1500 m/s according to
Eq. (240). If a sample rate of f; = 44100 Hz is used, and recalling that
k = 1/fs, these values can be filled into Eq. (2.47) satisfied with equality, and
yields h =~ 0.034. Dividing the length by the grid spacing, yields L/h = 29.4,
meaning that exactly 29.4 intervals of size h fit in the domain D. However, the
number of intervals needs to be an integer and, using Eq. (2.53), yields NV = 29.
If h is not recalculated according to Eq. (2.53), the total length will be 29 times
the grid spacing h. This results in L ~ 0.986 and is slightly less than the origi-
nallength of 1. Although the CFL condition will be satisfied with equality, the
fundamental frequency will be slightly higher than desired: fy ~ 760.34 Hz. If
h is recalculated based on N, then L and f, will be unchanged, and the system
will have the correct fundamental frequency. The Courant number A ~ 0.986
is still very close to satisfying the condition in Eq. (2.46), and the decrease in
bandwidth and quality will be perceptually irrelevant — or at the very least,
less perceptually relevant than the change in fj if k is not recalculated.

Possible solution

One of the main contributions of the PhD project is published in paper [G]
and summarised in Chapter 12, where a ‘fractional’ number of intervals is
introduced. This removes the necessity of the flooring operation in Eq. (2.53)
and circumvents the recalculation of h to always satisfy the stability condition
with equality while retaining the correct fundamental frequency.

Intuition

It might not be immediately clear why a too low value for i might cause
instability. Some intuition is provided in [21, Fig. 6.9], but here, an alternative
way to see this is given.

In a FD implementation of the 1D wave equation, grid points can only affect
their neighbours as seen in update equation (2.44). Using the values in Table
2.1asanexample, N = 30 and if A = 1, it takes exactly 30 samples, or iterations
of Eq. (2.44), for a wave to travel from one boundary to the other.

If h were to be chosen to be twice as big so that there are only half as
many intervals between the grid points as per Eq. (2.53) (N = 15), the grid
points could be set to “affect” their neighbours to a lesser degree. This way, the
wave still takes the same amount of time to travel between the boundaries and
the fundamental frequency stays approximately the same. This is essentially
what happens when A < 1 (in this case A = 0.5) and can be observed from
the update equation in Eq. (2.44); the effect that the neighbouring grid points
have on each other will indeed be less. The output of the system will have
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approximately the same fundamental frequency as if A = 1, but its partials
will be detuned due to numerical dispersion as explained in this section.

If, on the other hand, h were to be chosen to be twice as small so that there
are twice as many intervals between grid points (N = 60), it is impossible
for the waves to travel from one boundary to the other in 30 samples. If they
could interact with their second neighbour, this would be possible, but the FD
scheme in Eq. (2.42) does not allow for this. Indeed, as A = 2 in this case,
the effect that the grid points have on each other will be disproportionate.
In a way, grid points have too much energy which they can not lose to their
neighbours, because their effect should have reached their second neighbour
over the course of one sample. The way to solve this would be to halve the
time step k (or double the sample rate f;), which would allow grid points to
interact with their second neighbours over the course of once the old time step
(as this is now divided into two time steps). This also shows in the fact that
A = 1 again (as halving k cancels out halving h) and grid points transfer their
energy to their neighbours proportionately again.
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Chapter 3

Analysis Techniques

This chapter provides some useful techniques to analyse FD schemes. Tech-
niques to analyse PDEs also exist, but this work is more practically oriented,
and will focus on the discrete schemes. This chapter can be seen as a ‘tuto-
rial” on how to use these techniques. Starting off with some necessary theory
on matrices in a FDTD context and other mathematical tools, this chapter
continues to introduce

o Frequency domain analysis, which can be used to determine stability con-
ditions of (linear and time/shift-invariant) FD schemes,

e Energy analysis, which can both be used to debug implementations of
FD schemes, as well as determine stability conditions in a more general
fashion, and

e Modal analysis which can be used to determine the modal frequencies
(and damping per mode) that a FD scheme exhibits.

3.1 Matrices in a FDTD context

For several purposes, such as implementation in MATLAB and several analysis
techniques described shortly, it is useful to write a FD scheme in matrix form.!
Matrix multiplication when working with FDTD methods usually involves
multiplying a square matrix (with equal rows and columns) onto a column
vector. Consider a (N +1) x (N +1) square matrix A and a (N +1) x 1 column
vector u. Multiplying these resultsin a (N + 1) x 1 column vector w:

Au=w. (3.1)

1Appendix B provides some basic knowledge on matrices and linear algebra for those unfa-
miliar with this.
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Expanding this operation results in

apo @01 ... QON uo aooUp + ap1Uy + ... + aoNUN
aipp Qa1 ... Q2N (151 alolo +a11ur + ...+ aINuUN
= ) (3.2)
aNo aN1 ... GNN] [UN anoUo + aniul + ...+ aNNun
——
A u w

where the indexing of the matrix elements starts at 0 rather than 1 here, as it
relates better to operations used in a FDTD context.

3.1.1 FD operators in matrix form

FD operators approximating spatial derivatives and averages introduced in
Section 2.2.2 can be written in matrix form and applied to a column vector u™
containing the state of the system at time index n. These matrices are square
and their sizes depend on the number of grid points the system is described
for, as well as the boundary conditions. Not assuming a specific size for now,
the FD operators in (2.5) can be written in matrix form according to

. 0 . 0
11 o1
1 11 1 11
D,y =— D, =-
Tk 11 T oh 11
1 11
L 0 | L 0 ' |
0
0 1
1
D, = - 10 1
2h 10 1
“10
L 0 B ]

where the diagonal dots denote that the values on the respective diagonals
continue until the top-left and bottom-right corners of the matrix. A 0indicates
that the rest of the values in the matrix are zeros.

Averaging operators fi;, fiz— and p,. are defined in a similar way:
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0 0
11 1
1 1 1 1
M, =~ M, =-
79 2
1
L 0 | L 0 N J
0
1
M, = L 1 0 1
2 1 0 1
1
L 0 ]

It is important to notice that only spatial operators are written in this matrix
form and then applied to state vectors at different time steps (u"*!, u™ and
u* 1 ) .

Finally, the identity matrix is a matrix with only 1s on the diagonal and 0s
elsewhere:

0
1
I= 1
1
1
L 0 _
and has the following special property
IA =AI=A.

3.1.2 Schemes and update equations in matrix form

With the spatial operators in matrix form presented above, the FD scheme of
the 1D wave equation in Eq. (2.42) can be written in matrix form.

If the Dirichlet boundary conditions in (2.48a) are used, the end points of
the system do not have to be included in the calculation. The values of the
grid function u} for [ € {1,..., N — 1} can then be stored in a column vector
according to u” = [uf,...,u% _,]*. Furthermore, (N — 1) x (N — 1) matrix
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D, is defined as

-2 1 0

D,y = — e . (3.3)

If instead, Neumann boundary conditions in Eq. (2.48a) are used, the values
of u? for the full range I € {0,..., N} need to be stored as u™ = [u, ..., uy]”
and the (N + 1) x (N + 1) matrix D, will be

-2 2 0

where the 2s in the top and bottom row correspond to the multiplication by 2
with 7 and v}, _; in update equations (2.49) and (2.50) respectively.

Regardless of the boundary conditions, the FD scheme in (2.42) can be
written in matrix form as

1
= (u”'H —2u+ u”_l) = D, ,u", (3.5)

and rewritten to a matrix form of the update equation analogous to Eq. (2.44)
u"t = (21 + 2E*Dyy)u” —u L (3.6)

The identity matrix is necessary here for correct matrix addition.

3.2 Mathematical tools and product identities

Some useful mathematical tools used for the energy analysis techniques pre-
sented in Section 3.4 will be shown here. The tools shown here can be applied
to 1D systems. These will be extended to 2D systems in Chapter 6. Unless
denoted otherwise, the notation and theory will follow [21].
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3.2.1 Inner product

For two functions f = f(z,t) and g = g(z,t) defined for x € D where D =
[0, L], their I3 inner product and l; norm are defined as

(f.g)p = /D fgdz and | fllo = VT, fio. (37)

These functions do not have to be time-dependent (i.e., they can also simply be
f(z)and g(z)), but as all functions used in this work are in fact time-dependent,
this is left for coherence. It is also important to note that these functions do not
have to be ‘isolated’ state variables per se (such as u(z, t) used in the previous
chapter), but could also be state variables with a derivative applied to it (such
as dyu(x,t)).

The discrete inner product of any two (1D) functions f* and g;* defined for
I € d, with discrete domain d = {0,..., N}, is

19 d_zhfl 9 (3.8)

where the multiplication by 4 is the discrete counterpart of dx in the continuous
definition in (3.7). Also useful are the primed inner product

N-1 h
(Taa= Y hflap + 090 + 5]%9?/7 (3.9)
=1

and the more general weighted inner product

(fr oM = Zh "+ hfogo + thgN, (3.10)

where free parameters 0 < ¢, ¢, < 2 scale the boundary points of the regular
inner product. Naturally, if ¢ = ¢, = 1, Eq. (3.10) reduces to Eq. (3.9), and if
€ = ¢ = 2,(3.10) reduces to (3.8).

3.2.2 Summation by parts

Extremely useful when performing energy analysis on distributed systems is
summation by parts, which is the discrete counterpart of integration by parts.
Although its application will only be apparent when actually performing an
energy analysis (see e.g. Sections 3.4.3 and 4.4), some definitions will be
presented here for future reference.

Here, the same functions as in the previous section, f(z,t) and g(z,t) and
domain D, will be used. Applying a spatial derivative to g, and using Eq. (3.7),
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integration by parts is defined as

<fa 8zg>D = _<azfvg>D+fg|g (311)

where fg|& describes the boundary terms that appeared in the process. One
can observe that the spatial derivative switched functions, and is now applied
to f rather than g.

In discrete time, using the same two (1D) functions as before: f* and g
and are defined for | € d with discrete domain d = {0,..., N}. Then, using
the discrete inner product in Eq. (3.8), two variants of summation by parts are
defined as

(JI',0a—91")a = =0t [" 90" )a + [Ni198 — fo'9%0, (3.12a)
(Fl'3 0049 = =0 fi" 90" )a + FNIN11 — f7190 - (3.12b)

A derivation of Eq. (3.12a) is given in Appendix F.1. As in the case of inte-
gration by parts in Eq. (3.11), the process of summation by parts causes the
derivative to be applied to the other function and causes the sign of the re-
sulting inner product to change. Important to note, is that the sign (forward /
backward) of the derivative operator has also changed. Lastly, discrete bound-
ary terms have appeared and it can be seen that values outside of the defined
domain are needed, i.e., g5, and f";. These can be accounted for by the
boundary conditions imposed on the system (see Section 2.4.2 as an example).

One could also choose to work with reduced domains after summation by
parts. Domains that have one fewer point at the boundaries are defined as
d=1{0,....,N—1},d={1,...,N}and d = {1,...,N — 1}. The following
identities can be shown to hold

(' 02-9")a = —0ur £, 9" a + fNIN — fo 921, (3.13a)
<fln’ 5r+gzn>d = *<5r—fznagln>3+ f17\1/91?/+1 - f(;lg(r)lv (3.13b)

and, using the primed inner product in Eq. (3.9),

(fl': 0o-g1")
(i v 91")

= —(0or S 90+ INHa—9gN — fo Ha—90 (3.14a)
—(0u 1, 91" + [N bar 9N — [0 et 90, (3.14b)

s T
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or the more general weighted inner product in Eq. (3.10)

(' 00-9) " = —ur f1 900 a + FNIN -1 — f3'90
er n n n 61 n n n
+ ng(gN —gn-1)+ §f0 (90 —9"1),
(' 02491 = = a1 907 + fNon — fo ot

6r n n n 61 n n n
=+ §fN(9N+1 —gn)+ §f0 (91 — 90)-

(3.15a)

(3.15b)

The above identities will prove useful in energy analysis techniques later on.
A derivation of Eq. (3.13a) is given in Appendix F.1.

Finally, recalling that §,, = 6,40, one can apply summation by parts
twice to get the following identities

<f7 6za:g>d = <5wwfa g)d + fN(Sa:-i-gN - gN61+fN - f05x—90 + gO&v—va (316&)
(f,0229)a = (622 f,9)g + [NOs+gN — gNOz— N — fobz—90 + go0a+ fo, (3.16b)

3.2.3 Product identities

Some useful identities used in this work are

1

(0r-u") (Oueui’) = Ors (2(5t—u?)2) : (3.17a)
1

i = b (guperat ). (3.17b)
1

(Oe+ug’) (pegug’) = Ges <Q(U?)2) ; (3.17¢)
1

) = s (g (0p?). (3.17d)
1

(G (eef) = b1 (8<u? " et_um?) , (3.17¢)

n n 2 kz n\2
upes_ul = (p—up') — Z(Jt_ul )= (3.17f)

These identities can be used for spatial derivatives as well, by substituting the
‘t’ subscripts for ‘z".

When an operator is applied to a product of two grid functions, the discrete
counterpart of the product rule needs to be used according to

et (upwy’) = Oeq ) (peswi') + (pesu’) (Oerwi’). (3.18)

The same rule applies when the backward operator ¢;_ (uj'w;") or centred
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operator d;.(ujw;") is used. In that case, the forward operators 6, and p;+ in
Eq. (3.18) need to be substituted for the backward or centred versions of the
operators respectively.

3.3 Frequency domain analysis

Frequency domain analysis, also called Fourier analysis, is a way to determine
various properties of a FD scheme, including conditions for stability. The
process is similar to finding stability for digital filters. In essence, a FD scheme
can be seen as a complex filter of which its coefficients are defined by physical
parameters. This section will explain how to obtain a frequency domain
representation of a scheme and will mainly follow [21], albeit in a slightly
more practical manner.

Frequency domain representation and ansatz

Frequency domain analysis of FD schemes starts by performing a z-transform
on the scheme. The z-transform converts a discrete signal into a frequency
domain representation, and is extensively used in the field of digital signal
processing (DSP) to analyse the behaviour and especially stability of digital
filters. To not go too much into detail here, the interested reader is referred to
the very comprehensive explanation on the z-transform given in [57, Ch. 5].

If a system is distributed in space, one can perform a spatial Fourier trans-
form on a grid function. Frequency domain analysis in the distributed case is
called von Neumann analysis which first appeared in [58] co-authored by John
von Neumann. Later, this technique got a more general treatment in [59] and is
heavily used in [21]. The discrete-time z-transform and discrete spatial Fourier
transform performed on a 1D grid function are defined as [21]

oo (oo}
i= Y wupz™" and a= Y upe IO (3.19)

— l=—o00

with complex number z = e**, complex frequency s = jw+ o (more elaborated

on in 3.5) and real wavenumber /3. Frequency domain analysis in 2D will be
elaborated on in Section 6.2.4.

A shortcut to performing a full frequency domain analysis is to use a test
solution, or ansatz, and replace the grid functions by their transforms. The
grid function for a 1D system can be replaced by an ansatz of the form (1D)
[21]

uy’ A, neilsh (3.20)

where “=2” indicates to replace the grid function with the ansatz.
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3.3. Frequency domain analysis

Like in the DSP realm, the power of z indicates a temporal shift, i.e., 27!
is a one-sample delay. In a FDTD context, this corresponds to a time shift
as seen in Section 2.2.2. For spatially distributed systems, a shift in [ can be
interpreted as a phase shift of a frequency with wavenumber 3. See Table 3.1
for the frequency domain representation of grid functions with their temporal
and spatial indices shifted in different ways.

Grid function Ansatz Result
up 20¢308h 1
u?“ 21308h z
u}rzfl Z—lejOBh z—1
n 0,j18h JjBh
upy g Ve e
ul' 20pi(=1)Bh e—JiBh
n 0,528h 2Bk
upy o Ve e
u?_Q 206](_2)Bh 6_j25h
n—1 —1_718h —1_38h
u'y z e z e
ul ] s lei(=1)Bh | ,—1,—iBh

Table 3.1: Frequency domain representation of a grid function using ansatz (3.20) with frequently
appearing temporal and spatial shifts.

Using these definitions, the effect of various operators on a grid function can
be written in their frequency domain representation. For systems distributed
in space, the following trigonometric identities are extremely useful when
performing the analyses [60, p. 71]:

Jjxr _ ,—Jjx J2x —J2z 1

sin(r) = 5 — = sin®(a) = el (3.21a)
JjT —Jjx J2x —j2x 1

cos(z) = % = cos’(z) = % +5 (3.21b)

Take for example

n 1 n n n A 1 j —J
Opzt] = 7 (ufyy — 2up +uj ) = 72 (emh —2+4e Jﬁh) .
Then, using = = Sh/2, identity (3.21a) can be rewritten to

eIPh 9 4 =Bk = —4sin2(ﬁh/2),

and substituted into the above to get

n A4
Opgtt] = —ﬁsm2(ﬁh/2).
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Examples of various temporal FD operators applied to grid functions in their
frequency domain representation are

1 1
TS T (z—1), S =2 % (1-271),
L1 A1 (3.22)
n — n —1
0. u; 2ﬁ(z—z 1), O] :>ﬁ(z—2+2 ),

and for spatial operators, identity (3.21a) can be used to obtain

n A 4 |
Oppt] == ~72 81n2(ﬂh/2), (3.23a)
1
Sppmatl] =2 Egshf(ﬂh/2) (3.23b)

Proving stability

Similar to digital filters, the system is stable when the roots of the characteristic
polynomial in z (for the feedback components) are bounded by 1 (unity)

2] < 1. (3.24)

Ina FDTD context, the frequency domain representation of a FD scheme results
in a characteristic equation — which is usually a second-order polynomial - in z
and needs to satisfy condition (3.24) for all wave numbers (. It can be shown
that for a polynomial of the form

224+ aMz 4+ q® (3.25)
its roots satisfy condition (3.24) when it abides the following condition [21]
laM—1<a® <1, (3.26)
If a® = 1, the simpler condition
laM] <2, (3.27)

suffices.

3.3.1 Mass-spring system
Recalling the FD scheme of the mass-spring system in Eq. (2.35)

Mogu™ = —Ku",
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3.3. Frequency domain analysis

a frequency domain representation can be obtained using the ansatz in Eq.
(3.20) with [ = 0. Using Table 3.1 and Egs. (3.22) as a reference and substituting
the definitions yields

M

72 (2—2—1—2*1) =—-K.
Gathering the terms and moving all to the left-hand side, the characteristic
equation for the mass-spring system can be obtained:

KQ
z— (2— Aj >+z—1=o. (3.28)

To begin to prove stability, this equation needs to be written in the form found
in (3.25). Multiplying all the terms by z, and noticing that a(?) = 1, one could
continue with condition (3.27). However, the scheme used here is a special
case where the roots of the characteristic equation can not be identical [21].
When this happens, the output of the system will grow linearly and is called
“marginally unstable”. This means that |a(!)| # 1 and the condition in (3.27)
becomes |a(!)| < 2. Continuing with this conditions yields

_o4 =
JrM

Kk?
—2< 24 —<2
<24 <2

Kk?
| <2,

K 2
— < 4.
0< Vi <
If only non-zero values are chosen for K, k and M they are positive (as they
are already defined as being non-negative) and the first condition is always
satisfied. The second condition is then easily solved for k by

M
k< 2\/;. (3.29)

Recalling that wy = /K/M (see Eq. (2.30)), Eq (3.29) can be more compactly

written as 5
k< =, (3.30)
wWo

3.3.2 1D wave equation

This section will derive the stability condition for the 1D wave equation pre-
sented in Section 2.4 using von Neumann analysis.
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Recalling the FD scheme in (2.42):
Sl = 26 pul’,

its frequency domain representation can be obtained using the definitions in
Egs. (3.22) and (3.23a):

% (z—2+271) = —%2 sin? (6h/2) . (3.31)

Also recalling that A = ck/h (see Eq. (2.45)), the characteristic equation of the
1D wave equation is

z+ (4X*sin®(Bh/2) — 2) + 271 = 0. (3.32)

The scheme is then stable if the roots satisfy condition (3.24). As the charac-
teristic equation is of the form in Eq. (3.25) (after multiplication with z) with
a?) = 1, stability is shown by abiding condition (3.27) for all 3. When applied
to the characteristic equation (3.32), it can be seen that

|4\ sin?(Bh/2) — 2| < 2,

12\%sin®(Bh/2) — 1| < 1,

—1 < 2X%sin?(Bh/2) —1 <1,

0 < 2\%sin?(Bh/2) < 2,

0 < A?sin?(Bh/2) < 1.
Observing that all terms in A\? sin?(3h/2) are squared, this term will always be
non-negative and will therefore always satisfy the first condition. Continuing

with the second condition, and knowing that the sin?(3h/2)-term is bounded
by 1 for all 3, yields the following stability condition:

A<

This is the CFL condition given in Eq. (2.46). To obtain the stability condition
in terms of the grid spacing, the definition for ) is substituted and written in
terms of the grid spacing

h > ck, (3.33)

which is the stability condition given in Eq. (2.47).

3.3.3 Discussion

Although frequency domain analysis is very useful, it can only be applied to
linear and time-invariant (LTI) systems and linear and shift-invariant (LSI) sys-
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3.4. Energy analysis

tems. These, respectively, describe systems whose properties do not change
over time (LTI) and in space (LSI).?2 Furthermore, the analysis assumes sys-
tems with infinite domains, so boundary conditions are not included. Energy
analysis techniques, on the other hand, allow these types of systems, even
nonlinear systems, to be analysed. Moreover, these techniques can work with
finite domains, such that boundary conditions can be handled as well. Energy
analysis techniques will be presented below.

3.4 Energy analysis

Of all analysis techniques described in this chapter, energy analysis is, without
a doubt, the most important when working with FD schemes. First of all, from
a practical point of view, it is essential for debugging implementations of FD
schemes. Especially when trying to model more complex systems, program-
ming errors are unavoidable, and energy analysis can be extremely helpful in
locating the errors. Secondly, energy analysis techniques can be used to obtain
stability conditions in a much more general sense than the frequency domain
analysis techniques presented in Section 3.3. Where frequency domain analy-
sis is restricted to LTI and LSI systems with infinite domains (for distributed
systems), energy analysis can be applied to nonlinear systems and include
boundary conditions [21].

Gustafsson et al. in (the first edition of) [61] worked with energy to find
stability conditions for FD schemes. The authors referred to this as ‘the energy
method’ and it effectively circumvented the need of a frequency domain repre-
sentation to find stability conditions (as presented in Section 3.3). Later, energy,
or more specifically ‘energy as a conserved quantity’, was used to determine
stability and passivity of systems. Bilbao gives an elaborate overview in [21]
where this has been extensively used to show stability of many FD schemes.

One of the main goals when performing energy analysis, is to find an
expression for the total energy present in the system. This is referred to as the
Hamiltonian and denoted by $) in continuous time and § in discrete time. In
this work, the focus of the energy analysis will be practically oriented and only
the discrete time case will be considered.

In this section, four steps are presented and can be followed to perform
a full energy analysis of a FD scheme and implement it afterwards. Then,
the analysis will be performed on the mass-spring system and the 1D wave
equation presented in Chapter 2. Finally, it will be shown how to obtain
stability conditions through the techniques presented in this section.

2Acoustic tubes with a spatially-varying cross-section presented in Chapter 5 are examples of
non-LSI systems.
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3.4.1 Energy analysis: A 4-step tutorial

Step 1: Obtain the rate of change of the total energy d, b

The first step to energy analysis is to take the appropriate norm of the scheme
(see Eq. (3.7)), which yields an expression for the rate of change of the energy
of the system: ¢;1 h. Usually, this means to take the inner product of the scheme
with (6;.u]') over a discrete domain d. See Section 3.2.1 for more details on the
inner product. Note that the forward time difference d, is used (and not the
backwards or centred) because of convention and preference.?

For the units of the resulting energy balance to add up (also see Step 3),
it is useful to perform the analysis on a scheme with all physical parameters
written out.4

Step 2: Identify different types of energy and obtain the total energy ) by
isolating ;.

The energy of a FD scheme can generally be divided into three different types:
the total energy contained within the system, or Hamiltonian b, energy losses
through damping q and energy input through external forces or excitations p.
For distributed systems, an additional boundary term b appears, but vanishes
under ‘regular’ (lossless and not energy-storing) boundary conditions. Nearly
any energy balance is thus of the form

Sirh=b—q—p. (3:34)

This equation essentially says that the total energy present in the system
changes due to losses and inputs. For a lossless system without externally sup-
plied energy over the course of the simulation (so initial conditions excluded),
the energy should remain unchanged over the course of the simulation:

Sih=0 = p"=p" (3.35)

As the eventual interest lies in the total energy of the system h and not its
rate of change, J;; must be isolated in the definition of §;; 5. In this step, the
identities in Section 3.2.3 are extremely useful, as well as summation by parts
described in Section 3.2.2 for distributed systems.

The Hamiltonian itself can usually be further subdivided into kinetic energy
and potential energy, denoted by the symbols t and v respectively:

h=t+v (3.36)

As arule of thumb, the definition for kinetic energy contains ‘velocity squared’

3[Bilbao, verbally]
#So using the discretised version of e.g. Eq. (2.28) rather than Eq. (2.29).

56



3.4. Energy analysis

(as in the classical-mechanics definition Fyj, = %M' 1) and the potential energy
includes the restoring forces of the system.

Step 3: Check the units in the expression for b

To know that the previous steps have been carried out correctly, it is good to
check whether the units of the resulting expression for b is indeed in Joules,
or kg - m?- s72. The other quantities such as energy losses q and inputs p,
should be in Joules per second or in SI units: kg - m?- s7>. As mentioned in
Step 1, it is therefore useful to have all physical parameters written out so that
the units will be correct in this step. Some information about operators and
grid functions and how they ‘add’ units are given in Table 3.2. Finally, the
appearance of a grid function u}' ‘adds’ the unit of whatever it describes. For
example, if u}' describes a displacement in m, it will ‘add’ a unit of m to the
equation.

Name Operator Unit
Inner product (1D) {(,)d m
Norm (1D) 13 m
First order ops. in time Opt, O, Op. s~1
Second order op. in time Ot s2
First order ops. in space Ogty Oy Og. m~!
Second order op. in space Oz m~2
Shift operators €ty Cppy. .. -
Averaging operators Wit Pt Py - - - -

Table 3.2: Units of operators.

Step 4: Implement the definitions for energy and debug the FD scheme

In the end, the definition for the energy can be implemented and used as a
check for whether the FD scheme has been implemented correctly. Usually,
the energy of the system is calculated for every iteration in the main loop and
plotted after the simulation. For a system without losses or energy inputs,
the energy should be unchanged according to Eq. (3.35) and can be plotted
according to
n __ bn B hU : 0

he = . if b~ # 0, (3.37)
where b can be seen as the normalised energy and shows the error variation.
Although this equation should always return 0 (as h” = '), in a finite precision

simulation, minute fluctuations of the energy should be visible due to rounding
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errors. Plotting the Hamiltonian should show fluctuations within machine
precision, which is usually in the range of 10~ '°. Over time, the fluctuations can
add up, and possibly end up out of this range, but generally, any fluctuations
less than in the 1079 range indicate that there is no programming error. See
e.g. Figures 3.1 and 3.2.

For a system with losses or energy inputs, a discrete integration, or summed
form can be used (as done in e.g. [62]):

b — % + kY (@™ +p™)

b0 , ifp% #£0. (3.38)

he =

3.4.2 Mass-spring system
Recalling the FD scheme for the simple mass-spring system in Eq. (2.34)

M 5ttu" = —Ku"
an energy analysis can be performed using the four steps described above.

Step 1: Obtain §;, b

The energy balance of the simple mass-spring system presented in Section 2.3
can be obtained by first taking the product of scheme (2.34) with (6;.u™):

b = M(6p.u")(Spu™) + K(6p.u™)(u”) = 0. (3.39)

Note that an inner product is not necessary here, as the system is not dis-
tributed.

Step 2: Identify energy types and isolate 6,

As there are no losses or externally supplied energy present in the system, all
terms are part of the Hamiltonian §. To isolate 6,4 from Eq. (3.39), one can use
identities (3.17a) and (3.17b) to get the following:

6t+h = 5t+ (]2\4(6,5_“”)2 + [;u"et_u") = 0, (340)
and the following definition for ) can be obtained

M K
h= 7(6t_u")2 + ?u"et_u" =0. (341)
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This can be rewritten in terms of the kinetic energy t, and potential energy v,
according to

M K
hb=t+v, with t= ?(c&_u")z, and b= Eu”et_u”. (3.42)

Step 3: Check units

As mentioned above, the energy h needs to be in Joules, or kg - m?- s~2. Taking
the terms in Eq. (3.42) one-by-one and writing them in their units results in

M in units
t= 7(5t,u")2 — kg (s m)?=kg-m? s

) in units B
b= ?u"et,u” ——— N-'m

1 2

‘m-m=kg-m? s
which indeed have the correct units.

Step 4: Implementation

Equation (3.47) can then be implemented in the same for-loop recursion where
the update is calculated.

%% Calculate the energy using Eqg. (3.42)

% Kinetic energy
kinEnergy(n) =M / 2 * (1/k x» (u - uPrev))"2;

% Potential energy
potEnergy(n) = K / 2 x u » uPrev;

% Total energy (Hamiltonian)
totEnergy (n) = kinEnergy(n) + potEnergy(n);

Figure 3.1 shows the normalised energy (according to Eq. (3.37)) of the mass-
spring system and shows that the deviation is indeed within machine precision.

3.4.3 1D wave equation

Energy analysis could be directly performed on the FD scheme in Eq. (2.42).
However, as mentioned above, it is useful to write out all physical parameters
such that the units of the scheme add up to energy in Joules. Taking the
definition for the wave speed for the ideal string ¢ = \/7'/pA and multiplying
both sides of Eq. (2.42) by pA yields

pAdpuy = Téypul, (3.43)
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x 109 1071

40 60 80 100 0 20 40 60 80 100

Fig. 3.1: The kinetic (blue), potential (red), and total (black) energy of an implementation of the
mass-spring system are plotted in the left panel. The right panel shows the normalised energy
(according to Eq. (3.37)). Notice that the scaling of the y-axis is 10~ and the energy is thus
within machine precision.

where | € d with discrete domain d € {0, ..., N}, and N + 1 is number of grid
points. Furthermore, Dirichlet boundary conditions as given in Eq. (2.48a) are
used. A note on using Neumann boundary conditions is given at the end of
this section.

Step 1: Obtain 6+ h

Taking an inner product using Eq. (3.43) with (6;.%}') and moving all terms to
the left-hand side yields the definition for the rate of change of the Hamiltonian:

deih = pA(deup, dpeul’)a — T{(0r.up, Oz )a = 0. (3.44)

Step 2: Identify energy types and isolate §;

As in the case of the mass-spring system in the previous section, there are no
losses or externally supplied energy present in the system, and all terms are
part of the Hamiltonian b.

To isolate 0,4 in Eq. (3.44), the terms have to be rewritten in a way that it
fits the product identities in Section 3.2.3. Summation by parts as described
in Section 3.2.2 can be used. Using identity (3.13a) with f* = 0pup and
gr £ 0,4 ul, the second term can be rewritten to

*T<5t-U?7 5mu?>d = T<5ac+(6t<u?)a 51+U?>¢ —b,
where the boundary term

b=T(0puy)(bzruy) — T(6r.uy) (6zyu’y),
——

Op_uy

and reduced domain d = {0,...,N — 1}. As Dirichlet boundary conditions
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are used, the boundary term vanishes as
up =uny =0 = dpuj =d.upy =0.

In other words, if the states of the system at the boundaries are zero, their
velocity will also be zero. Then, using the discrete inner product in Eq. (3.8),
Eq. (3.44) can be expanded to

N N-1
S = pAY h(Gpuf)(Suui') + T Y h(8e.00ruf’) (ot uf’) (3.45)
=0 =0

Then, using identities (3.17a) and (3.17b), d;1 can be isolated

A T
derb =6y <p2||5t—u?||?z + 2<5z+u?>€t—5z+u?>d> ) (3.46)

and the definition for the Hamiltonian and the kinetic and potential energy
can be found:

h=t+v,
A T (3.47)
with t:%Hét_u?Hfi, and 0= (6, uf's er—doruf) .

Step 3: Check units

Writing out the definitions for kinetic and potential energy in Eq. (3.47) re-
spectively, yields

in units

A _
=22} —— kg-m™

.mQ.m.(S_l.

=kg-m?-s?,

T in units 1 1 1
n:§(5$+u?,et_5m+ul")i—> Nm-m - m-m -m m)
2 2
=kg-m".s7°,

and are indeed in Joules. Notice that an extra ‘m” unit appears due to the norm
and inner product.

Step 4: Implementation

The energy balance in Eq. (3.47) can be implemented with the following code
in the for-loop recursion:
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%% Calculate the energy using Eq. (3.47)

% Kinetic energy
kinEnergy(n) = rho » A / 2 * h % sum((l/k % (u-uPrev))."2);

% Potential energy
potEnergy (n) = T/ (2*h) * sum(([u; 0] - [0; ul)
.x ([uPrev; 0] - [0; uPrev]));

% Total energy (Hamiltonian)
totEnergy (n) = kinEnergy(n) + potEnergy(n);

Here, u is the vector u = [u},...,u%_,]7 (as Dirichlet boundary conditions
are used) and need to be concatenated with 0 in the calculation of the potential
energy as the boundaries needs to be included in the calculation, despite them
being 0.5 Figure 3.2 shows the plot of the normalised energy according to Eq.
(3.37) and shows that the deviation of h™ is within machine precision.

4 —16
10 x10 x10
h 5
v Be 0
(0
5l [
0 -10F
0 20 40 60 80 100 0 20 40 60 80 100

n ’ n

Fig. 3.2: The kinetic (blue), potential (red), and total (black) energy of an implementation of the
1D wave equation are plotted in the left panel. The right panel shows the normalised energy
(according to Eq. (3.37)) and shows that the deviation of the energy is within machine precision.

Neumann boundary conditions

If Neumann boundary conditions — as per Eq. (2.48b) — are used instead, the
primed inner product in Eq. (3.9) needs to be used in Step 1. Using the identity
in (3.14a), summation by parts of the second term results in

=T {0y, 5muln>2l = T(0z+(0e.1"), 5w+uln>i —b,

5As can be seen from the definition of v in Eq. (3.47), the domain used for the inner product is
d={0,...,N — 1} and v contains a forward difference in its definition requiring %, as well.

62



3.4. Energy analysis

where the boundary term

b = T(F0) (o Do) — T (00l (a3,
Eq. (2.27b) n n n n
= T (6p.up ) (0z-ur) — T(62-ug) (0z-ug)-
As the Neumann boundary condition states that

n n
0g.uy = 0g.upy =0,

the boundary term vanishes and the energy balance results in

h=t+o,
2 (3.48)
. pA , T
with t= 7 ||(St_’ll,?||d s and 5<5z+u?,et_5m+ul”>¢.
Using u for the vector u = [uf}, ..., u%]7, this is then implemented as
%% Calculate the energy using Eqg. (3.48)
% Scaling of the boundaries through weighted inner product
scaling = [0.5; ones(N-1, 1); 0.5];
% Kinetic energy
kinEnergy(n) = rho » A / 2 x h * sum(scaling .x (1/k * (u-uPrev)).”"2);

o

% Potential energy

potEnergy(n) = T/ (2+«h) * sum(u(2:end) - u(l:end-1)
.* (uPrev(2:end) - uPrev(l:end-1)));

% Total energy (Hamiltonian)

totEnergy (n) = kinEnergy(n) + potEnergy(n);

3.4.4 Stability using energy analysis techniques

Section 3.3 showed how to obtain a stability condition of a FD scheme using
a frequency domain representation. Although not operating in the frequency
domain, the energy analysis techniques presented here may also be used to
obtain stability conditions of FD schemes. These techniques might even be
considered more powerful than the frequency domain approach, as it can also

be used to analyse spatially varying and nonlinear systems.

To arrive at a stability condition, the energy must be non-negative (h > 0) or,
in some cases positive definite (h > 0). Below, the mass-spring system and the

1D wave equation will be used as a test case.
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Mass-spring system

Section 3.3.1 mentions that the mass-spring system is a special case in that the
roots of its characteristic equation can not be identical. When proving stability
using energy analysis, this means that the energy of the system needs to be
positive definite. It can be shown that an equation of the form

2 + y? + 2axy (3.49)

is positive definite if |a| < 1.

Equation (3.49) can be used to prove stability for the mass spring system
using the energy balance in Eq. (3.42). One can easily conclude that t is non-
negative due to the fact that A/ > 0 and (d;—u") is squared. The potential
energy v, however, is of indefinite sign. Expanding the operators in Eq. (3.42)
yields

M

K
— n\2 _ 2u™ n—1 n—1 2) n, n—1
b —2k2<(u ) utut T (U +—2uu ,

_ % un)2+ un—l 2 + 5 _ % unun—l.
2k 2 k2

Dividing all terms by M /2k? this equation is of the form in Eq. (3.49):

b= (u")’+ W)+ (KJ—\T - 2) u"um

For b to be positive definite, the following condition must hold

Ki> 1 <1
2M '
This can then be written as
2
-1< —1<1
2M
0< Kk <2

2M

where, as long as K and £ are non-zero, the first inequality is always satisfied.
Then the condition solved for k can easily be shown to be

M
k< 2\/; (3.50)

which is identical to the definition in Eq. (3.29).
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1D wave equation

For the 1D wave equation, the energy must be proven to be non-negative. One
can take the energy balance in Eq. (3.47) and conclude that t is non-negative
due to the non-negativity of the parameters and (6;—uj’) being squared. The
potential energy, however, is of indefinite sign. One can rewrite v using identity
(3.17f) as

(Ozyup’s €t 0pt ') d,

o
I

SIS )
7

™

h(0zyup')(es—0zyug'),

Z
L

N TR BT R

k.2
(=)

I
o

n k2 n
= (Mt5m+“z ||z - |0 Ot ||¢21> .

One can then use the following bound for spatial differences [21]
n 2 nl|/ 2 n
[0z+uilla < EHul la < EHUz las (3.51)

to put a condition on v

T e k22 o\
0> 9 (Mt—5x+uz ||i* 1 (h||5t—uz ||d) ) )

T n k? n
0> B <||Mt—5w+uz Iz - ﬁ”‘st—ul ”§> ’

Substituting this condition into the energy balance in Eq. (3.47) yields

= tto 2 B0 3+ g (It I3~ 10 2)

pA  Tk? n T n
= tto 2 (57 = 5 ) I0uf i+ Gl b
Recalling that ¢ = /T/pA and A = ck/h (see Section 2.4), all terms can be
divided by pA which yields

2
T C e
h=t+o>5(1-X%) 6w+ 3 (|1~ u |3, (3.52)

DN =
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and is non-negative for

1-X>0,
A< 1.

This is the same (CFL) condition obtained through von Neumann analysis in
Section 3.3.2.

3.5 Modal analysis

Modes are the resonant frequencies of a system. The number of modes that a
discrete system contains depends on the number of moving points. A mass-
spring system thus has one resonating mode, but — as briefly touched upon in
Section 2.4.3 —a FD scheme of the 1D wave equation with N = 30 and Dirichlet
boundary conditions will have 29 modes. Modal analysis can be used to obtain
objective data on what modes a FD scheme should contain. This can then be
used to determine whether this matches one’s expectations or whether the
output of the system matches what the analysis predicted. Although this
method is only fully accurate for LTI systems, it can still provide valuable
information about systems with slow (sub-audio rate) parameter changes.¢
This section will show how to numerically obtain the modal frequencies of a
FD scheme using the 1D wave equation as a test case.
Recall the matrix form of the 1D wave equation from Eq. (3.5)

1
ﬁ (un+l —ou” T un—l) — CQwaun'

Following [21], one can insert a test solution of the form u”™ = 2"¢ into the
above equation, which yields the following characteristic equation:

(z=2+2"Yp = k’D,, . (3.53)

This is an eigenvalue problem (see Section B.4) where the pt solution ?,
may be interpreted as the modal shape of mode p. The corresponding modal
frequencies (or eigenfrequencies) are the solutions to the following equations:

Zp—2+z, = chJQeigp(Dm),

2+ (=2 - hleig (D)) + 2,1 =0, (3.54)

Furthermore, one can substitute a test solution z, = e*** with complex fre-
quency s, = jwy + op which contains the (angular) frequency w, and damping

®The modal analysis techniques presented here have indeed been used extensively in Chapter
12, precisely for this reason.
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3.5. Modal analysis

o, < 0 of the p mode.” As there is no damping present in the system, the test
solution reduces to z, = e/“»* which can be substituted into Eq (3.5) to get

elwrk 4 emiwpk _ o 02k2eigp(D$$) =0,
ejw,,k + e—j‘*’pk 1 c2k?

=+ —eig (Dy) =0.
— +5 + —eig,(Dus) =0

Finally, using the trigonometric identity in Eq. (3.21a) yields

k2
sin2(wpk/2) + 1 elgp(Dx:r) =0,
. ck X
sin(wpk/2) = 5 —eig (Daa),
2 . 4 (ck .
wp = 7 sin (2 elgp(Dm)> , (3.55)
and can be rewritten to
1 .y (ck :
fr= —sin (2 —elgp(Dm)> (3.56)

to get the modal frequency of the p" mode in Hz.

See Figure 3.3 for a plot of the modal frequencies of an implementation of
the 1D wave equation with the parameters given in Table 2.1. The figure shows
one great advantage of performing modal analysis on a FD scheme, as opposed
to only obtaining the spectrum of its output. Although the values from the
analysis do correspond to the partials shown in the frequency domain output
of the 1D wave equation in Figure 2.11, the latter does not show all modes
present in the system. This is due to the input and output locations of the
system as discussed in Section 2.4.3. The modal analysis does obtain the
frequency data regardless of the aforementioned input and output locations.

3.5.1 One-step form

For more complicated systems, specifically those containing damping terms, it
is useful to rewrite the update in a one-step form (also referred to as a state-space
representation). The damping terms cause the coefficients of z and 2! in the
characteristic equation to not be identical and the trigonometric identities in
(3.21) can not be used directly. Although the eigenvalue calculation needs to
be done on a larger matrix, it allows for a more general and direct way to
calculate the modal frequencies and damping coefficients per mode.

"Notice that regardless of the possible damping coefficient per mode, the eventual amplitude
of each will mostly be determined by the locations of the excitation and output as discussed in
Section 2.4.3.
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Fig. 3.3: Modal frequencies of the 1D wave equation with the parameters given in Table 2.1.

If matrix A has an inverse, any scheme of the form

Au"t! = Bu" + Cu™ !, (3.57)
can be rewritten to
u"t! A7'B A7IC] [ u”
e = R0 ] 69
——
wn+l Q wn

which relates the unknown state of the system to the known state through
matrix Q. The sizes of the identity matrix I and zero matrix 0 are the same
size as A,B and C.

Again, solutions of the form w” = 2" ¢ can be assumed (where ¢ is now
less-trivially connected to the modal shapes)

z¢ = Qo, (3.59)

which can be solved for the pth eigenvalue as

Zp = eigp(Q). (3.60)
As the scheme could exhibit damping, the test solution z, = e** is used.
Substituting this yields
e = eig (Q),
5, = %m (eigp(Q)) . (3.61)

Solutions for the frequency and damping for the pth eigenvalue can then be

obtained through
wp =7T(sp) and o, = R(sy), (3.62)
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where J(-) and R(-) denote the “imaginary part of” and “real part of”, respec-
tively.

As the elements of Q are real-valued, the solutions s, in Eq. (3.61) come
in complex conjugates (pairs of numbers of which the imaginary part has an
opposite sign). For analysis, only the J(s,) > 0 should be considered as these
correspond to non-negative frequencies.

3.6 Conclusion

This chapter presented three different analysis techniques in discrete time,
that are of extreme utility when working with FD schemes. Frequency do-
main analysis, or von Neumann analysis in the distributed case, can be used
to obtain stability conditions for LTI and LSI systems. Energy analysis tech-
niques can also be used to prove stability and passivity, but for a larger range
of systems including LTI, LSI, and nonlinear systems. Furthermore, energy
analysis can be used in a practical manner to debug implementations of FD
schemes and ensure that no programming errors have been made. Finally,
modal analysis can be used to analyse the behaviour of a scheme in terms of its
modal frequencies and modal shapes. This can be used to determine whether
the auditory output matches the predictions of the analysis. Although analo-
gous techniques in continuous time also exist, a more practical angle has been
chosen for this work and only the discrete time methods have been presented.
For more information about the techniques in continuous time, see [21].

All three analysis techniques will be extensively used in the rest of this
document to analyse the FD schemes used in this project.
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Part 11

Resonators
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Resonators

Although the physical models described in the previous part—the simple mass-
spring system and the 1D wave equation —are also considered resonators, they
are ideal cases. In other words, these can not be found in the real world as effects
such as losses or frequency dispersion are not included.

This part presents the different resonators used over the course of the
project that better include these non-ideal physical processes and is structured
as follows: Chapter 4 introduces the stiff string, an extension of the 1D wave
equation, Chapter 5 introduces acoustic tubes, used to model brass instru-
ments, and finally, Chapter 6 introduces 2D systems which, in this project, have
been used to simulate (simplified) instrument bodies. The analysis techniques
introduced in the previous part will be applied to all models and described in
detail.
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Chapter 4

The Stiff String

In earlier chapters, the case of the ideal string was presented, and was modelled
using the 1D wave equation. This system generates an output with harmonic
partials that are integer multiples of the fundamental frequency (if the CFL
condition is satisfied with equality). In the real world, however, strings exhibit
a phenomenon called dispersion due to stiffness in the material, hence the name
stiff string. The stiffness in a string is dependent on its material properties and
geometry and will be elaborated on in this chapter. The stiff string played a
prominent part in the following papers: [A], [B], [C], [D] and [E].

This chapter presents the PDE of the stiff string in continuous time, and
goes through the discretisation process. The analysis techniques presented
in Chapter 3 will then be applied to the resulting FD scheme and derived in
detail. Finally, an example of an implicit scheme will be given and comparison
to the earlier FD scheme will be made. Unless denoted otherwise, this chapter
follows [21].

4.1 Continuous time

Consider a lossless stiff string of length L and with a circular cross-section. Its
transverse displacement is described by u = u(z,t) (in m) defined for « € D
with domain D = [0, L] and time ¢ > 0. The PDE describing its motion is

pAdZu = TO*u — EIO u, 4.1)

and is parametrised by material density p (in kg/m?), cross-sectional area
A = mr? (in m?), radius 7 (in m), tension T (in N), Young’s modulus E (in Pa)
and area moment of inertia I = 7r?/4 (in m*). In the limit as r — 0, Eq (4.1)
reduces to the 1D wave equation in Eq. (2.38) where ¢ = \/T'/pA, i.e., the ideal
string. If instead 7' = 0, Eq. (4.1) reduces to the ideal bar equation.
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Chapter 4. The Stiff String

A more compact way to write Eq. (4.1) is
OPu = 202u — K*0tu (4.2)

with wave speed ¢ = /T'/pA (in m/s) and stiffness coefficient kK = \/EI/pA
(in m?/s).

The difference between the ideal string and the stiff string is the term
containing a 4"-order spatial derivative. This term adds stiffness to the system
and causes dispersion. As opposed to unwanted numerical dispersion due to
numerical error (see Section 2.4.4) this type of dispersion is physical and thus
something desired in the model. This phenomenon causes higher frequencies
to travel faster through a medium than lower frequencies. See Figure 4.1.
Furthermore, frequency dispersion is closely tied to inharmonicity, an effect
where ‘harmonic’ partials get further apart as frequency increases (see Eq. (4.6)
below). Frequency dispersion and inharmonicity will be further discussed in
Section 4.2.3.

1 1
0.5 /\ 0.5 0.5
=0 =0 s/\/\—/\/\»_— w0 /\/\/\—/\/\/\—

T T B T

(@ ¢t =0ms. (b) t = 1 ms. ()t =2 ms.

Fig. 4.1: Frequency dispersion in a stiff string due to stiffness.

4.1.1 Adding losses

Before moving on to the discretisation of the PDE in Eq. (4.1), losses can
be added to the system. In the physical world, strings lose energy through
e.g. air viscosity and thermoelastic effects. All frequencies lose energy and
die out (damp) over time, but higher frequencies do so at a much faster rate.
This phenomenon is called frequency-dependent damping and can be modelled
using a mixed derivative 9;02. This way of frequency-dependent damping
first appeared in [63] and has been used extensively in the literature since (see
e.g. [64, 65]). A damped stiff string can be modelled as

pAS?u = TO*u — EId}u — 200pAdiu + 201 pAd;02u, (4.3)

where the non-negative loss coefficients o (ins~') and o7 (in m?/s) determine
the frequency-independent and frequency-dependent losses respectively. Ap-
pendix D attempts to provide some intuition on workings of these damping
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4.1. Continuous time
terms.
A more compact way to write Eq. (4.3), is to divide all terms by pA to get
6t2u = 02351; — 1423;11; — 20003 + 2013t3§u. (4.4)

Boundary conditions

Section 2.4 presents two types of boundary conditions for the 1D wave equation
in Eq. (2.39). In the case of the stiff string, these can be extended to

u=0,u=0 (clamped) (4.5a)
u=02u=0 (simply supported) (4.5b)
O*u=0%u=0 (free) (4.5¢)

atx = 0, L. See Figure 4.2 for plots of the first modal shape for each respective
boundary condition.! If simply supported boundary conditions are chosen,
and for low values of «, the frequencies exhibited by the system can be ex-
pressed in terms of the fundamental frequency fo = ¢/2L (as in Eq. (2.40))
and frequency of partial p (in Hz) is defined as [66]

fp = fopV/1 + Bp?, (4.6)

with inharmonicity coefficient

2,2
K=
B = 5
C
1 1
05 05 /
0 0
A
A
-0.5 AN 05 AN e
N 7 ~ s
N P ~ -
- =~ = A == = _
05 05 0 05 1
(a) Clamped. (b) Simply supported. (c) Free.

Fig. 4.2: Plots of the first (normalised) modal shape for the three boundary conditions in Eqs.
(4.5). The extremes are indicated with solid black and dashed grey lines respectively.

of the string, which is technically the first mode.
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Chapter 4. The Stiff String

4.2 Discrete time

For the sake of compactness, Eq. (4.4) will be used in the following. Naturally,
the same process can be followed for Eq. (4.3), the only difference being a
multiplication by pA of all terms.

Following Section 2.2.1 and using the FD operators presented in Section
2.2.2, Eq. (4.4) can be discretised as

5ttU? = Czéxwu? - HQéwxwxu? - 20’05#”? + 20’16t—6x1'u?7 (47)

and is defined for domain I € {0,..., N} and number of grid points N + 1.
The 0,42, Operator is defined as the second-order spatial difference in Eq. (2.8)
applied to itself:

1
5zmrr = 6rz51r = ﬁ (ei+ - 4614,- +6— 4€$_ + 65—) . (48)

A multiplication of two shift operators applied to a grid function simply means
to apply each shift individually.

A definition for the mixed-derivative operator can similarly be found. Re-
calling the definitions for d;_ in Eq. (2.3b) and 4., Eq. (2.8), their combination
results in

1 1
0t—Opx = % (1 - et—) 2 (€$+ -2+ eac—) )
——(egr — 24 € —er—(exr —2+ez_)). (4.9)

To have two different shift operators multiplied together still simply means to
apply each of them to the grid function individually. The reason a backwards
difference is used here is to keep the system explicit. A scheme is explicit if the
values of u]'™! can be calculated from known values at times 7 and n — 1. If
this is not the case and values of e.g. u};}" and u]""}" are required to calculate
u;"t!, the scheme is called implicit. An example of an implicit scheme, that uses
the centred operator for the temporal derivative in the frequency-dependent
damping term instead, can be found in Section 4.6.

Using the definitions above, the operators in scheme (4.7) can be expanded,
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4.2. Discrete time

and after a multiplication of all terms by k2 and collecting the terms, this yields

do1k\ |
(14 aok)up™ = (2 —2)\% — 6p? — Z; ) up

20’1k

+ (A2 +4p% + 3 ) (uf'yq +uq)

o (4.10)
n n g n—
7M2(ul+2+ul_2)+ (1+O—Ok+h;> ul 1

201k n— n—
CR2 (wi +u),

with L L
C R

The update equation follows by dividing both sides by (1 + o¢k).
The stability condition for the FD scheme in (4.7) is defined as

27.2 27.2 D) 27.2
hZ\/Ck +401k—|—\/(ck +401k)? + 16K2k (4.12)

2 ’

and will be derived in Section 4.3 using von Neumann analysis. This condition
can then be used to calculate the number of intervals NV in a similar fashion
as for the 1D wave equation shown in Eq. (2.53). First, Eq. (4.12) should be
satisfied with equality, after which the following calculations are performed:

L
N := {J and h:= N’

which can then be used to calculate A and p in Eq. (4.11).

Stencil

As done in Section 2.4.2, a stencil for the FD scheme in Eq. (4.7) can be created,
and is shown in Figure 4.3. In order to calculate ul"H, 5 points at the current
time step are needed due to the 4™-order spatial derivative. Due to the mixed
derivative in the frequency-dependent damping term, neighbouring points at
the previous time step are also required.

4.2.1 Boundary conditions

Due to the 4™-order spatial derivative, two virtual grid points need to be
accounted for at the boundaries of the system. Discretising the boundary
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h
<>
n+1
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-2 -1 l I+1 42
space

Fig. 4.3: The stencil for the damped stiff string scheme in Eq. (4.7) (adapted from [A]).

conditions in (4.5) yields

u' = 0y+u;’ =0 (clamped) (4.13a)
up = 0gzuy’ =0 (simply supported) (4.13b)
Opatt] = 05.0z,u;’ =0 (free) (4.13c)

at! = 0, N. The operator in the clamped condition uses the ¢, operator at the
left boundary (I = 0) and 4, at the right (I = N). Notice that to discretise 9>
in the free boundary condition in Eq. (4.5¢), the more accurate J,.d,, operator
has been chosen over the less accurate §,_ 0, and 6,40, operators for the left
and right boundary respectively.

Below, the boundary conditions are expanded to obtain definitions for the
virtual grid points.

Clamped

Expanding the operators for the clamped condition yields
uy =ul =0 and uly_; =uxy =0. (4.14)

This can be simplified by reducing the range of calculationto/ € {2,..., N —2}.

Simply supported

As the states of the end points of a system with simply supported boundary
conditions are 0 at all times, the range of calculation can be reduced to | €
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{1,...,N — 1}. Evaluating the update equation in Eq. (4.10) at! = 1 and
[ = N — 1 shows that definitions for the virtual grid points u”; and u}, , are
required. A definition for 4™, can be found by expanding Eq. (4.13b) at{ = 0:

1

72 (u} = 2uf +u”y) =0,

uy +uly =0,

uy = —uf, (4.15)
and similarly for v}, ; by expanding the condition atl = N:

UN 1 = —UR_1-

Substituting the first definition into the expanded scheme in Eq. (4.10) at! =1,
yields

4
(1 + ook)ul ™ = (2—2)\2—5u2— alk) +</\2+4 + h1k>u3

B2
9 k (4.16)
— pPul + (—1 + ook —i— ) -1 Ul ugfl.
Doing the same for [ = N — 1 yields
4ok 201k
(1 + ook)uy™, = (2 —2)\% — 5% — 21 ) 1+ <)\ +4u? + Z; ) UN_g
201k
— ity s+ ( 1+ 0k+ ) - 01 5 UN_a-
(4.17)

Free

Although rarely used for the stiff string (rather for the ideal bar), free boundary
conditions are given here for completeness. The free boundary condition
requires all points to be calculated and the range of calculation remains [ €
{0,..., N}. At each respective boundary, two virtual grid points are needed:
u”; and u” , at the left and vy, ; and ufy ,, at the right boundary respectively.
The third-order spatial FD operator in Eq. (4.13c) is defined as:

1
0p.0py = 53 (exq —€x—)(€xr —2+e€z),
1
=573 (e?Hr —2e4y +2€,_ — eif) , (4.18)
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and can be used to solve for u”, at{ = 0:

1
o (uh —2uf +2u”; —u”,) =0,

n __.n n n
uly = uy — 2uy +2u”.

As uf is not necessarily 0 at all times, solving the first part of the boundary
condition (i.e., §z,ug = 0) yields a different result than in the simply supported
case:

1
ay

ul = 2uy +uy) =0,
u”y = 2ugy — uy.
The same can be done at | = N to get the following definitions for the virtual
grid points
Unyo = Un_o — 2un_y +2unyy and uy,, = 2uy —un_;.
The update equations for the boundary points will not be given here. Instead
the matrix form of the FD scheme with free boundaries will be provided below.

Discussion

In practice, the simply supported boundary condition is mostly chosen as this
most realistically reflects string terminations in the real world. The clamped
condition could be chosen for simplicity as this does not require an alternative
update at the boundaries. The free boundary condition is more often used to
model the boundaries of (damped) ideal bar (Eq. (4.3) with T" = 0).

4.2.2 Implementation and matrix form

When using MATLAB, for a more compact implementation, it is useful to write
the scheme in matrix form (see Section 3.1.2). The FD scheme of the stiff string
in (4.7) can be written as

Au"*! = Bu" 4 Cu""! (4.19)

where

A= (14o00k), B=2I+c?k’Dy, — °k’Dypee + 201kD gy,
and C = —(1—-o09k)I —201kD,,.

Notice that A is a scalar rather than a matrix.
The size of the state vectors and the matrix-form operators depend on the
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boundary conditions. For clamped conditions, the state vectors (u" !, u” and
u"~!) and matrices will be of size (N —3) x L and (NN —3) x (N — 3) respectively.
The D, matrix will be of the form given in Eq. (3.3) and the matrix form of
the 0,44, Operator is

6 —-4 1 0]
-4 6
1
6 —4
o 1 -4 6]

For simply supported conditions, the state vectors and matrices will be of
size (N —1) x 1 and (N — 1) x (N — 1) respectively. Again, D, is as defined
in Eq. (3.3) and D4, can be obtained by multiplying two D, matrices
according to

5 —4 1 0
-4 6
1 -4 1
I O 1 T (421)
1 —4 1
6 —4
o 1 -4 5

Finally for free boundary conditions given in Eq. (4.13c), the state vectors
and matrices are (N +1) x 1 and (N + 1) x (N + 1) respectively. Now, the D,
matrix is of the form in Eq. (3.4) instead, and

2
-2
1
Dyvee = 1

-4 2
5 —4 1
-4 6 -4
1 -4
1
0
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4.2.3 Parameters and output

The values of the parameters naturally determine the properties of the output
sound. Where in the 1D wave equation, only the fundamental frequency f
could be affected (through c and L in Eq. (2.40)), the stiff string has many more
aspects that can be changed. See Table 4.1 for parameters most commonly
used in this project.

Name Symbol (unit) Value
Length L (m) 1
Material density p (kg/m3) 7850
Radius r (m) 5-1074
Tension T (N) 100 < T < 10*
Young's modulus E (Pa) 2101
Freq.-independent damping oo (s7h) 1
Freq.-dependent damping o1 (m?/s) 0.005

Table 4.1: Parameters and their values most commonly used over the course of this project.

A formula exists to calculate the loss coefficients o and o from Tgg values
at different frequencies (see [21, Eq. (7.29)]). During this project, however,
these values have been tuned by ear and are usually set to be approximately
those found in Table 4.1.

Output

Figure 4.4 shows the time domain and frequency domain output (retrieved
at [ = | N/20]) of an implementation of the stiff string excited using a raised-
cosine (see Chapter 7). The parameters used can be found in Table 4.1 where
T = 3951 N, and r = 9.35 - 10~ m to highlight dispersive effects. Finally,
simply supported boundary conditions are chosen. From the left panel, one
can observe that over time, dispersive effects show, where higher-frequency
components in the excitation travel faster through the medium than lower-
frequency components. In frequency domain (the right panel in Figure 4.4),
this shows in the fact that the partials are not perfect integer multiples of the
fundamental. Notice that the partials are closer to each other for lower fre-
quencies and further apart as their frequency increases. Finally, the frequency-
dependent damping term causes higher frequencies to have a lower amplitude
than lower frequencies.

Apart from the obvious material properties such as density, stiffness and
geometry, perceptual qualities of the sound are surprisingly much determined
by o1, and for lower values the output can become extremely metallic.
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Fig. 4.4: The time-domain and frequency domain output of the stiff string. The parameters are set
as in Table 4.1 where 7 = 9.35 - 10~% m to highlight dispersive effects and T' = 3951 N.

4.3 von Neumann analysis and stability condition

In order to obtain the stability condition for the damped stiff string, one can
perform a von Neumann analysis, as presented in Section 3.3, on the FD scheme
inEq. (4.7). A detailed derivation can be found in Appendix F.2, and a compact
version will be presented here.

Using the definitions found in Eq. (3.22) for the temporal operators, and
Egs. (3.23a) and (3.23b) for the spatial operators, the frequency domain repre-
sentation of Eq. (4.7) can be obtained:

2 2

1 4c
= (z—2+4+2"")=- ﬁsm 2(Bh/2) — sin4(b’h/2) k z+ % -t
8o
- WSI 2(Bh/2) + msm 2(Bh)2)z1

and after collecting the terms, the characteristic equation is as follows

(1+0ok)z + (16/3 sin*(Bh/2) + (4)\2 + 82;’“) sin?(Bh/2) — 2)
<1 — ook — 8h 1k sin (Bh/2)> =0. (4.23)

Rewriting this to the form in Eq. (3.25), and using condition (3.26), its roots
can be shown to be bounded by unity for all 5 under the following condition
(see Appendix F.2)

40’1k’ <1

4p? + 2%+ e S

Recalling the definitions for A and p from Eq. (4.11), one yields a quadratic
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equation in h% which can be shown to be bounded by

271.2 2.2 2 21.2
h>\/c k2 + do1k + \/(ck? + do1k)? + 16K2k . (424)

2

This is the stability condition for the damped stiff string also shown in Eq.
(4.12).

4.4 Energy analysis

As mentioned in Section 3.4, it is useful to perform the energy analysis on the
scheme with all physical parameters written out. Discretising the PDE in Eq.
(4.3) yields

pASyu) = Toppul’ — Eldyprau) — 200pAbu) + 201 p A0t 0pzul, (4.25)

defined for ! € d with discrete domain d = {0, ..., N}. This section will follow
the 4 steps described in Section 3.4.

Step 1: Obtain 6, h

The first step is to take the inner product (see Eq. (3.8)) of the scheme with
(0.u]') over discrete domain d:

6t+h = pA((St.’LL;L7 5ttul">d — T(§tu?7 6zaju/ln/>d + E]((Stul", 5mmu?>d

. N . . (4.26)
+ 200pA(0r.ul’, 0r.ul ) g — 201 pA{Se.up, 8e—ppu]’)a = 0.

Step 2: Identify energy types and isolate §;

As there is damping present in the system, and the system is distributed, the
energy balance will be of the form

Sirh="b—q, (4.27)
with boundary term b and damping term q. The latter is defined as
q = 200pA||8ul||2 — 201 pA(Se.ul, 61— Opztil)a, (4.28)

where the virtual grid points needed to calculate the second term are defined
by the boundary conditions given in Eq. (4.13). Furthermore, b appears after
rewriting Eq. (4.26) using summation by parts (see Section 3.2.2), specifically,
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4.4. Energy analysis

using Eq. (3.13a) for the second term and Eq. (3.16b) for the third, yields

5t+h = pA<(5t’U,?, 5ttu?>d + T<5t.5x+u?, 5I+U?>i + EI<5t5me?, 51;1;U?>E
=b- q,

where the boundary term becomes

b =T ((60.uk) (G k) — (005) (84 u”,)
+ EI(((St.u’]{,)(éerému’]{,) - (5mu7]{,)((51_5t.u§(,))

= BI((00uf) 00— Grat) = (Butt) (G005 ).

For the clamped and simply supported boundary conditions in (4.13a) and
(4.13b) it can easily be shown that b = 0. If free conditions as in Eq. (4.13¢c)
are used, the boundary conditions will vanish when the primed inner product
in Eq. (3.9) is used in Step 1 and identity (3.16c) is used when performing
summation by parts. Below, only the simply supported case will be considered.

Isolating d;+ to obtain the total energy b in the definition for .. h above,
requires identities (3.17a) and (3.17b) and yields

A T EI .
Or+h = 0ry (/)2||5t—U?|§ + §<5:c+U77 et—0ptul')d + 7<5muf7 €1 Oxa ] >d)

= — q .
From this, the definition for the Hamiltonian b, the kinetic energy t and poten-
tial energy v can be found:

A
—t+v, with tz%H&—U?IIQ and

b
T ETI
=5 (Orul'ser—Oprup)a+ -

(4.29)

Y <6zxu?7 etf(sx:ruzwa )

and can be shown to be non-negative if condition (4.12) is satisfied.

Step 3: Check units

Comparing the acquired definitions in Eq. (4.29) to those for the 1D wave
equation in Eq. (3.47), one can observe that the definitions are nearly identical,
the only difference being the second term in the definition for v in Eq. (4.29).
Writing this term out in units, and recalling that Pa (the unit for £) in SI units
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iskgm~1-s72, yields

EI " " in units 4
7<63f:xul ,6t_53;xul >E ——— Pa-m

5 ‘m-(m~°-m-m~“-m)

:kgm2 .5727

and indeed has the correct units.

As described in Section 3.4, the damping terms in q need to have units of
Joules per second, or kg - m?- s~3. Writing the terms in Eq. (4.28) out in their
units yields

in units

200p A8 uf||F —— 57!

.kg.mf?’ .m2 -m - (571 .m)z
= kg . m2 . S_3,

201 p Al G GrntlNa ——y m? 57! kg m P - m?

-m - (s_1 ~m)(s_1 -m™?

3

3

-m)

:kg-mQ-sf

which also have the correct units.

Step 4: Implementation

An implementation of the energy calculation for the simply supported bound-
ary condition is given in Algorithm 4.1. The calculation of the damping is
omitted, but the full algorithm (including other boundary conditions) can be
found online [67]. Figure 4.5 shows that the damping present in the system
causes h to decrease in the left panel. The right panel shows that the deviation
of the total energy calculated using Eq. (3.38) is within machine precision.

%$%%% Before the main loop: %$%%%

o

Initialise Dx+ operator to calculate potential energy due to tension
% As the domain is reduced by one, the matrix needs to be of size N x N
Dxp = sparse(l:N, 1:N, -ones(l, N), N, N) + ...

sparse(l1:N-1, 2:N, ones(l, N-1), N, N);

o\

%%%% In the main loop: %%%

% energy in the system

kinEnergy(n) = rho » A + h / 2 % sum((l/k * (u - uPrev))."2);
potEnergy(n) = T / 2 x h % sum((Dxp * [0; ul) .* (Dxp = [0; uPrev]))
.+ E +x I xh / 2 x sum((Dxx * u) .x (Dxx * uPrev));

Algorithm 4.1: Calculating b for the simply supported boundary condition.
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Fig. 4.5: The kinetic (blue), potential (red), and total (black) energy of an implementation of the
stiff string are plotted in the left panel. The right panel shows the normalised energy (according
to Eq. (3.38)) and shows that the deviation of the energy is within machine precision.

4.5 Modal analysis

To be able to perform a modal analysis on the FD scheme in Eq. (4.7), it must be
written in a one-step form — introduced in Section 3.5.1 — due to the damping
present in the system. Using the matrix form of the damped stiff string in Eq.
(4.19), the one-step form can be written as

nt1]  [B/A C/A] [ u”
——— — —
wntl Q wn

where the definitions for B, C and A can be found in Section 4.2.2. In this
analysis, the definitions for D, and Dg,, for simply supported boundary
conditions will be used.

Assuming test solutions of the form w™ = 2" ¢, and recalling that z = e
and complex frequency s = jw + o (see Section 3.5.1), yields the following
eigenvalue problem (see Section B.4):

sk

z2¢ = Q9, (4.31)
which can be solved for the p'! complex modal frequency
1 .
Sp = 3 In (elgp(Q)) . (4.32)

The (angular) frequency of the p" mode can then be obtained using J(s,) and
the damping per mode as % (s, ). Only selecting the non-negative frequencies
obtained from J(s,), these can be plotted, and are shown in Figure 4.6. The
parameters used are the ones found in Table 4.1 with 7' = 1.88 - 10° N, and
r = 1.58 - 1072 m, which are unnaturally high values to highlight inharmonic
behaviour. The left panel shows that the system is indeed inharmonic, i.e.,
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x10% Modal frequency 0 Damping per mode
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Fig. 4.6: The modal frequencies and damping per mode for the stiff string using the values in
Table 4.1 and T' = 1.88 - 106 N and r = 1.58 - 102 m to highlight effects of stiffness.

modal frequencies increase more as the modal number increases. The right
panel shows that higher modes exhibit a higher amount of damping. This is
due to the frequency-dependent damping term. If 01 = 0in Eq. (4.7), it can be
shown that o, = o¢ for every mode p (in this case o9 = —1).

4.6 Implicit scheme

Although not used in the published work of this project, it is useful to touch
upon an example of an implicit scheme. Consider a discretisation of Eq.
(4.4) where the (more accurate) centred operator is used for the frequency-
dependent damping term:

dpup = 026mul” — 525mmu? — 20001 u]" + 20101 0gzu]" (4.33)

Using the centred operator in the mixed-spatio-temporal operator renders the
system implicit, meaning that a definition for u}"*! can not explicitly be found
from known values. The stencil in Figure 4.7 also shows this: in order to
calculate u;"", neighbouring points at the next time step u;';' and u}'";" are
needed. The issue is that these values are unknown at the time of calculation.

Luckily, as the scheme is linear, it can be treated as a system of linear
equations and solved following the technique described in Section B.3. The
drawback is that this requires one matrix inversion per iteration which can be
extremely costly.2 However, both von Neumann and modal analysis (below)
show that using the centred instead of the backwards operator has a positive
effect on the stability and the modal behaviour of the scheme.

Considering simply supported boundary conditions such that the region
of operationis! € {1,..., N — 1}, the system will have N — 1 unknowns (u?Jrl
forl € {1,..., N — 1}) that can be calculated using N — 1 (update) equations.

2In the context of FDTD methods, the matrices to be inverted are diagonally dominant, which
means that if the off-diagonals are small, specialised methods such as the iterative Jacobi method
(see e.g. [68]) could, with a few iterations, yield an answer for the inverse.
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4.6. Implicit scheme

Writing this in matrix form using column vector u™ = [u7,u3, ..., u%_,| yields

Au"t! = Bu" + Cu" !, (4.34)
where
A = (14 00k)I —01kD,,, B =c*k*D,, — £2k*Dasas,
and C=—(1-o00k)I - 01kD,,.
Equation (4.34) can be considered a system of linear equations (see Section B.3)

and the state at the next time step u™*! can then be retrieved using a matrix
inversion (see B.2)

u"'=A"" (Bu"+ Cu" ). (4.35)
h
<>
un+1 un+1 un+1
n+1 O 1-1 O 1 O 1+1
k
® u u ul ul ul
E n OlZ Oll Ol Ol+1 Ol+2
unfl unfl e 1
n—1 ® 1-1 ® 1 ® 1+1
-2 -1 l I+1 1+2
space

Fig. 4.7: The stencil for the damped stiff string scheme in (4.33).

4.6.1 von Neumann analysis

This section follows the same process as in Section 4.3. A full derivation is
given in Appendix F.3 and a compact version is given here.

The definitions in Section 3.3 can be used to obtain a frequency domain
representation of the FD scheme in Eq. (4.33):

2 2

IO N e _ 16k7 90 -1
12 (z=2+271 = 2 sin (Bh/2) h sin®(Bh/2) — k z+ .
4oy -1
— W Sln (Bh/Z)z —+ W Sln (ﬂh/Q)Z
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and collecting the terms, yields the following characteristic equation:

(1 + ook + 4Z§k sinQ(Bh/2)> z+ (16p” sin®(Bh/2) + 4A? sin®(Bh/2) — 2)

+ (1 — ook — foik sinQ(Bh/2)> 27t =0. (4.36)

1
2
Rewriting this to the form found in Eq. (3.25) and using condition (3.26),

one can show that its roots are bounded by unit for all 5 under the following
condition (see Appendix F.3):

4p® + X3 <1,

and places the following condition on the grid spacing:

5 (4.37)

B> \/02]62 +Vcrkt + 16/@'2/@’2.
Comparing this to the stability condition for the explicit scheme in Eq.
(4.12), one can observe that the terms containing ¢; have vanished. It can thus
be concluded that, if the centred (rather than the backwards) difference is used
to discretise the temporal derivative in the frequency-dependent damping
term, oy no longer influences the stability of the scheme and the condition is
more relaxed. What this means in terms of behaviour of the scheme will be
elaborated on in the following section.

4.6.2 Modal analysis

As the matrix form of the implicit FD scheme in Eq. (4.34) matches the form
in Eq. (3.57), one can perform a modal analysis by writing the scheme in a
one-step form as explained in Section 3.5.1. The results of the analysis are
shown in Figure 4.8 using the same values for T' and r as in Section 4.5. To
highlight the difference between using the backwards and centred difference
for the frequency-dependent damping term, o; has been set to 1, which is
much higher than one would normally use.

One can observe from Figure 4.8 that especially higher-frequency modes
in the explicit scheme are affected by ;. In the continuous case, the modal
frequencies should only be affected by values for ¢ and « as per Eq. (4.6) and
the damping should not influence the frequencies of the partials, as one could
expect. However, as 0 increases, h increases due to Eq. (4.12), causing A and p
to decrease. This introduces numerical dispersion as explained in Section 2.4 .4,
and the higher the value of o, the more numerical dispersion is introduced.

As the stability condition for the implicit scheme in Eq. (4.37) does not
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4.6. Implicit scheme

contain o1, this value will not affect A and 1 and will thus not affect the modal
frequencies. As can be observed from the figure, it even allows for one more
grid point to be included in the simulation. It can be concluded that a more
accurate simulation can be obtained with fewer numerically dispersive effects,
because the frequency-dependent damping term no longer affects the stability
condition for the implicit scheme.

x 10" Modal frequency 0 Damping per mode
F T T i T oo T T :
2 o ° °o %, o Explicit
sl o8 goo° 2500 F °, o Implicit [
5] o® T °o
=R o® L2, -1000 | °, 1
5 0 ° & °,
[} -1500 F
0.5 bo® o %% o
0 000° | | | 22000 | 1 i ®egg
5 10 15 20 5 10 15 20
Mode number p Mode number p

Fig. 4.8: A comparison between the modal frequencies and damping per mode of the explicit
(blue) and implicit (red) scheme.

4.6.3 Conclusion

This section presented an implicit discretisation of the stiff string where the
centred operator has been used to discretise the temporal derivative in the
frequency-dependent damping term. By means of stability analysis and modal
analysis, several advantages that the implicit scheme has over its explicit coun-
terpart (presented in Section 4.2) have been shown.

As these advantages only show for higher values of ¢;, much higher than
the ones used in this project, it has been chosen to use the explicit scheme for
all further implementation. The decrease in accuracy is negligible for lower
values of o, and the calculation of the scheme becomes much more complex if
the implicit scheme is used.
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Chapter 5

Acoustic Tubes

The dynamics of woodwind and brass instruments is based on wave propa-
gation in acoustic tubes. Although the physical processes that generate the
sound are fundamentally different from those in strings, the underlying mod-
els have many similarities. The main difference between acoustic tubes and
(ideal) strings, is that tubes have a varying cross-sectional area, causing wave
dispersion and greatly influencing behaviour of the system.

In this project, the behaviour of acoustic tubes is approximated using 1D
systems. Although higher-dimensional models might better capture some
physical effects (see e.g. [69]), 1D systems already show good agreement
between model and measurement [70]. Moreover, looking towards real-time
implementation of these models, the choice to simplify to 1D has been made
due to the low relative computational cost.

This chapter first presents Webster’s equation, which extends the 1D wave
equation presented in Section 2.4 by introducing a spatially varying cross-
section. Although not used for the contributions in Part V, Webster’s equation
forms a good basis for the second part of this chapter, which decomposes
Webster’s equation into a system of two coupled first-order PDEs. This has
been used to model the trombone in paper [H].

5.1 Webster’s equation

For an (axially symmetric) acoustic tube of length L (in m), where the wave-
lengths of the frequencies at interest are much larger than the radius of the tube,
one can simplify the system to be one-dimensional [23]. For low-amplitude
vibrations, the air propagation in this tube can be described using Webster’s
equation [71]

SO}V = ?0,(80,7), (5.1)
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with acoustic potential ¥ = ¥ (xz,t) (in m?/s), the cross-sectional area along the
tube (or bore profile) S = S(z) (in m?) and the speed of sound in air ¢ (inm/s).
The state variable VU is defined for ¢ > 0 and = € D where domain D = [0, L].
If S(z) is constant, Eq. (5.1) reduces to the 1D wave equation in Eq. (2.38).
This shows that for a cylindrical acoustic tube, the fundamental frequency is
not affected by the cross-sectional area, but solely relies on length L and wave
speed c according to Eq. (2.40).

The acoustic potential can be related to pressure p = p(x,t) (in Pa) and
particle velocity v = v(x,t) (in m/s) according to [23]

p=po0¥, and v=-0,V, (5.2)

with air density p (in kg/m?).

The interesting thing about the presence of a variable cross-section, is that
it causes dispersive or scattering behaviour, especially at locations of high
(spatial) variation of S. See Figure 5.1.

V5 Y Vs /\ Vs |
Y g /]\ v
VS A Vs -V§ A

0 T L 0 T L 0 T L

(@) t = 1 ms. (b) t = 5 ms. (0t =8ms.
Fig. 5.1: Wave propagation and dispersion in an acoustic tube of varying cross-section (shown in

grey) modelled by Webster’s equation in Eq. (5.1). Positive acoustic potential ¥ is shown in red
and negative in blue, highlighted by a black line for clarity.

Boundary conditions

The choices for boundary conditions in an acoustic tube are open and closed,
defined as [23]?2

at\I/(Ov t)
8, 9(0, 1)

at\Il(Lv t)
0, U(L, 1)

(Dirichlet, open), (5.3a)

= O7 = 07
=0, =0, (Neumann, closed). (5.3b)
This might be slightly counter-intuitive when compared to the 1D wave equa-
tion, as “closed" might imply the “fixed" or Dirichlet boundary condition. The

1Equation (5.1) also reduces to the 1D wave equation if the acoustic tube is conical, i.e., if
02 S(x) is constant.

2The Dirichlet condition is identical to the one shown in Eq. (2.39a), but is derived from a
boundary condition for the pressure p(0,t) = p(L,t) = 0. The time-derivative has thus been kept
here.
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opposite can be intuitively shown by imagining a wave front with a positive
acoustic potential moving through a tube and hitting a closed end. What re-
flects is also a wave front with a positive acoustic potential, i.e., the sign of the
potential does not flip. This also happens using the free or Neumann condition
for the 1D wave equation (see Figure 2.9). Here, the following conditions are
chosen:

0,9(0,t)=0 and O,V(L,t) =0, 5.4)

i.e. closed at the left end and open at the right end.

5.1.1 Discrete time

The state variable is discretised to the grid function ¥} and is defined for
n € N® and I = {0,...,N}, where N is the number of intervals between
the grid points. As the cross-section is distributed in space, S(x) needs to
be discretised to a grid function as well, albeit only in space (as it is not time-
varying). Following [23], it is useful to introduce inferleaved grid points atl—1/2
and [ + 1/2 for S and are defined as

5171/2 = /,Lw,S(.fL' = lh) and Sl+1/2 = ,LLIJFS(:I; = lh) (55)

These approximate a ‘true’ (possibly measured) bore profile S(z) sampled at
x = lh with grid spacing h (see Figure 5.2). Using these definitions, one can
discretise Eq. (5.1) to the following FD scheme [21]:3

Slétt\Ilf = 02517 (Sl+1/2(61+\:[j?)) 5 (56)
where B
Si = peqSi—1/2 = Pa—Sit1/2 = paaS(x = lh), (5.7)

the choice of which will become apparent in Section 5.1.6. The right-hand side
of the scheme contains an operator applied to two grid functions (S and V)
multiplied onto each other. In order to expand this, the product rule must be
used. Recalling Eq. (3.18) and applying this to backwards spatial operators
instead yields

o (u]) = (B ) (") + (tta ) (B0 0. (5:8)
Using the product rule, the right-hand side of Eq. (5.6) can be expanded to

5607 = ¢ [(62—Si41/2) (Ho— (624 97)) + (a—Si41/2) (62— (024 VT))]

3Notice that in [21], Webster’s equation is S;8¢ ¥} = c2(5z+(Sl_1/2(5z, U7)) but is identical
to Eq. (5.6). This discretisation has been chosen for a more straightforward energy analysis in
Section 5.1.5.
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Fig. 5.2: Approximations to S(z) used in Eq. (5.6). Dashed lines indicate the interleaved grid on
which S is sampled (Eq. (5.5)) and solid lines indicate S which are averages of these (Eq. (5.7)).

and solving for ¥}""! yields the following update equation (see Appendix F.4):

A255+1/2 o NS 1ye

\II?+1 — 2(1 _ )\2)\1121 _ ‘11’2’7/71 4+ —= l;|>1 4+ —F 1—1>» (59)
Sl Sl
where i
C
_ 1
A= (5.10)

and, similar to the 1D wave equation in Section 2.4.2, needs to abide
A<1 (5.11)

in order for the scheme to be stable. See Section 5.1.6 for a derivation. The
number of grid points N can then be calculated in the same way as for the 1D
wave equation in Eq. (2.53), and the stencil is similar to Figure 2.10.

Notice that at the boundaries, Eq. (5.9) requires values of S outside of the
defined domain through its definition in Eq. (5.7) (i.e., Sy41/2 and S_/5). To
solve this, one can set Sy = S(0) and Sy = S(L) from which S_; /> and Sy 41,2
can be calculated according to

_ 1 =

So = 5(51/2 + 5_1/2) = 5_1/2 =25 — 51/27 (512&)
_ 1 =
Sy = 5(5N+1/2 +Sn-1/2) = Snt1/2 =258 — Sn-1y2 (512b)

Although these values will not be needed when discretising the boundary
conditions in Eq. (5.3), they will be useful at a later point.

Boundary conditions

One can discretise the continuous boundary conditions in Eq. (5.4) (closed at
x = 0, open at x = L) using centred difference operators for higher accuracy
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according to

0,00 =0 = UY", =V7, (Neumann, closed), (5.13a)
Uy =0 = UL =0, (Dirichlet, open). (5.13b)

At the left boundary, Eq. (5.9) can be expanded to

A28 A2S_
T =20 -0 - vy SRy SR
)\2(51/2 +S_1/2)

So

Eq. (5.13a)

et =201 = N Wp —wp wt,

and as Sy = $(S1/2 + S_1/2) through Eq. (5.7), this can be solved to
TPt =2(1 — ATy — wp—t 420207, (5.14)

One can implement the right boundary condition by simply reducing the range
of operationto! = {0,..., N — 1}, as ¥% = 0 according to Eq. (5.13b). A more
realistic boundary condition for the open end is presented in the following.

5.1.2 Radiation

One of the ways that an acoustic tube loses energy is through radiation. The
right boundary condition presented in Eq. (5.4) can be changed to be radiating
according to [21]

0, V(L,t) = —a10,¥(L,t) — axV(L, 1), (5.15)
where, for a tube terminating on an infinite plane [72]

1

- and
2(0.8216)2 = "

(5.16)

ai

L
ags = ,
2 0.82161/S0S(1) /7

which determine the amount of loss and inertia at the radiating boundary
respectively.
The radiating boundary in Eq. (5.15) can then be discretised to [21]

51\11?7 = _a16t~\lj§<f - G/QMt-\Iﬂ]i/'v (517)

which can be expanded and solved for ¥}, ; according to

a n n— n n— n
Uy =h (‘f(‘I’N+1 —URTY) —aa (VR + O 1)) + VN1 (5.18)
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Substitution into Eq. (5.9) at [ = NV yields the following update equation:

2(1 = A)UR — U+ a Ut + 22207,

gl = , 5.19
N (I+ay) 619
where 2g
A
ay =h (% + ag) SLN“” (5.20)

One can observe that Sy 12 is needed, which is outside the defined domain.
As mentioned before, setting Snx = S(L), one can calculate S N+1/2 using Eq.
(5.12b) to solve the issue.

5.1.3 Excitation

Although excitations will be discussed more in-depth in Chapter 7, a simple
way to excite Webster’s equation will be presented here.

Following [23], one can create an input signal vin = vin(t) that interacts with
the particle velocity of the tube. As this relates to the acoustic potential as in
Eq. (5.2), one can change the boundary condition of the left boundary to

9,0(0,1) = —vpn. (5.21)
Discretising this using the centred spatial operator, yields

0. WG = —vf;

n = U, =2hvf 4+ U7, (5.22)
and can be substituted into the update equation in Eq. (5.9) at! = 0 to get

A28 225
wptl =201 - oy - w2 ey 22

(2hv]} + UT),

S() ! SO
2hA2S_
\IIBH_I _ 2(1 _ /\2)‘1/61 _ \Ifg_l + 2/\2\1,711 4 5171/21131 (523)
0

The input signal is arbitrary, but looking towards lip excitation, and following
[21], one can set the input to a pulse train as shown in Figure 5.3. More details
on the pulse train can be found in Section 7.2.2.

5.1.4 Matrix form and output

One can write scheme (5.6) in matrix form by saving the state in a vector
¥" = [Up, ..., U%]T and creating a D,, matrix that includes the effect of the
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An [l

0 0.02 ¢ 0.04 0.06 0.08

Uin

1

Fig. 5.3: A pulse train with a frequency of 213 Hz a duty cycle of 25% and an attack of 22 ms, used
to generate the output in Figure 5.4.

cross-sectional area S. Assuming Neumann boundary conditions yields

—2 2 0

S1/2 S3/2

= 2 E

1 . 5171./2 . Sit1/2
wa:ﬁ -5, -2 -5 . (5.24)

Sn-s/2 Sn-1/2
SN71 SN—]

L 0 2 -2 ]

Notice that there are no appearances of S at the boundaries as these vanish due
to the boundary conditions as in Eq. (5.14). Using Iy as the N x N identity
matrix, one can write scheme (5.6) in matrix form as

AP = BU" 4 CO" ! 4 v, (5.25)

where

_|In 0 _ 2,2 | -In 0
A{O 1+a+], B=20+ckD,,, and C=| N VL

and the (N + 1) x 1 input vector v™ consists of zeros except for the first index:

2h>\2§,1/2 n

ol TR ot ifi=1, (5.26)
0, otherwise.

Notice how the radiation is included by changing the last entry of matrices
A and C. The output of an implementation of Webster’s equation is shown
in Figure 5.4. The parameters used for the scheme, the input signal and the
geometry used to obtain the output can be found in Table 5.1, Figure 5.3, and
Figure 5.5 respectively. Notice that the frequencies of the partials are not integer
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multiples of the fundamental (as for the 1D wave equation in Figure 2.11) due
to the varying geometry of the acoustic tube and the radiating boundary.
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Fig. 5.4: The output of Webster’s equation at U}, using the input in Figure 5.3, the parameters in
Table 5.1, and the geometry in Figure 5.5.

Name Symbol (unit) Value
Length L (m) ~3
Wave speed c(m/s) 343
Cross-sectional area S(x) See paper [H]

Table 5.1: Parameters for the implementation of Webster’s equation. The length is slightly below
3 m to yield A = 1in Eq. (5.11).

o
=

Cross-section [m]
o

.
=4
i

_J
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z [m]

Fig. 5.5: The geometry used for the implementation. See paper [H] for more details.

5.1.5 Energy analysis

The energy analysis of Webster’s equation with a radiating boundary might
seem straightforward. However, due to the varying cross-sectional area, the
energy balance deserves a more detailed treatment, especially at the bound-
aries. For this analysis, (centred) Neumann boundary conditions are used for
both boundaries (for generality) and the input is ignored. This section follows
the steps presented in Section 3.4.
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5.1. Webster’s equation

Step 1: Obtain §;. b

Usually, to ensure vanishing boundary terms when using centred Neumann
boundary conditions, the primed inner product in Eq. (3.9) is chosen. How-
ever, as the system has a spatially varying cross-section, the more general
weighted inner product in Eq. (3.10) has to be chosen instead.

Taking an inner product weighted by free parameters 0 < ¢, ¢, < 2 at the
left and right boundary respectively, of scheme (5.6) with (;. ¥}") over discrete
domain d, yields

G4 b = (0,97, S16,97) T — (6,97, 00— (Si1/2(0:497))) " = 0. (5.27)

Step 2: Identify energy types and isolate 6,

As the right boundary is set to be radiating according to Eq. (5.17), the energy
balance will eventually be of the following form:

S (b +bp) = b —qp, (5.28)

where by, is the energy stored by the radiating boundary through the inertia
term, g, describes the energy losses through radiation and b is the general
boundary term.
Starting at Eq. (5.27), the last term can — using identity (3.15a) —be rewritten
to
(S141/208.00+ V7, (62407 ))a + by — by,

where
€ n €r n
b = ¢*(6,. 0% (§5N+1/2(5z+‘1’1v) + (1 - 5) SN—1/2(5:£—\IJN)> ;» (5.29a)

b1 = (6, U7) (%s_l/g((sm,qu) + (1 - %) 51/2(%\1/3))) , (5.29b)

are the right and left boundary term respectively (notice that b; is subtracted).
One can immediately observe that the boundary terms vanish if Dirichlet
boundary conditions would be used.

Then, using identities (3.17a) and (3.17b) yields

Ot+b = by — by,

where

1 _ 2
h=t+v, with t:§(||\/§l6t_ m;@) and
(5.30)

2
C
b=7 (Si41/200+V] €4— 024+ 97" )4

Notice that S, is included in the norm by using its square-root.
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The next step is to find definitions for ¢ and ¢, such that the boundary
terms vanish if radiation were to be ignored. In other words, the boundary
terms need to be rewritten such that

(535.\1’8:0 = b=0
5, 0% =0 = b, =0

for the left and right boundary respectively. It can be shown that, for the
special cases of e = Sy_1/2/ze SN and € = S} 2/ 22 S0, the boundary terms
vanish:

br = (0. W) Sn_1/2(2 — &) (6. VR)), (5.31a)
by = c?(6:.95)S1/2(2 — ) (6, 9). (5.31b)

See Appendix F.5 for a derivation of this.

To add the energy stored and dissipated by the radiating boundary, its
definition in Eq. (5.17) can be substituted into the right boundary term b, in
Eq. (56.31a) as

br == 62(5t.\I/nN)SN_1/2(2 - er)(falzst.\Il"N — agﬂt.\I/R/),
= CQSN_1/2(2 - Er) (—a1(5t.\I/"N)2 - a2(5t\117]({)(/45t\117{[)) .

This can then be decomposed in by, and q;, used in Eq. (5.27).
Using identity (3.17d) yields the definitions for hy, and qp, in Eq. (5.28)

?Sn_ 2 —¢€)a
by = —— “22( 2 (R, and = Sy 2(2 — e (60 V)2,
(5.32)

Finally, b = b; and can be shown to vanish for both Dirichlet and (centred)
Neumann conditions.

Step 3: Check units

To obtain the correct units, the quantities for pressure and particle velocity in
Eq. (5.2) need to be substituted into the scheme. As this substitution will be
made in Section 5.2, the unit check will be omitted here.

Step 4: Implementation

Figure 5.6 shows the energetic output of Webster’s equation with a radiating
boundary at z = L. To highlight the effect of the radiation, the parameters are
setto L = 1 mand S(z) = 0.01 m? for all z € D. The system is excited with
a raised cosine close to the left boundary, and when the excitation reaches the
radiating boundary, the total energy in the system decreases due to the losses.
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5.1. Webster’s equation

The energy stored by the boundary by, is also shown and indeed increases
when the wave reaches the boundary.

x10'? %1010

U4A L be

Nl
ot

:
)

0 20 40 n 60 80 100 0 20 40 60 80 100

Fig. 5.6: The kinetic (blue), potential (red), and total (black) energy as well as the energy stored by
the radiation condition (green) of an implementation of Webster’s equation are plotted in the left
panel. The right panel shows the normalised energy (according to Eq. (3.38)) and shows that the
deviation of the energy is within machine precision.

5.1.6 Stability through energy analysis

Frequency domain analysis as presented in Section 3.3, or more specifically,
von Neumann analysis, can not be performed on Webster’s equation due to
the varying cross-section of the system [21]. Instead, stability conditions can
be obtained through energy analysis explained in Section 3.4.4. This section
follows the process presented in [21, Sec. 9.1.5, pp. 255-256].

Consider the following scheme

[S1100 V] = 6o (Si112(004+ ¥7)), (5.33)
where [S]; is a yet undetermined second-order approximation to the true ge-
ometry of the acoustic tube and will be shown to be S; below. As done for the

1D wave equation in Section 3.4.4, the potential energy v in Eq. (5.30) can be
rewritten using identity (3.17f) as

62 n|2 kQ n|2
b= l\/Sig1/20t— 02475 — ZH Si41/20t— 024+ V7 (|3 ) -

For spatially varying systems, one can use the following extension of the bound
given in Eq. (3.51) [21]

2
IVé16sulla < 311/ 1adrf |, (5.34)

where spatially varying function ¢; > 0 is defined over the same domain as .
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The following condition can then be put on v

2
C n .
v > 5 (H Si41/2#t— 0z V] Hd < l\/ b Si1/20:— ) ||d) )7
C ni|2 k2 ni2
0= 5 (IS 0o ¥ l@—ﬂ@m 2
2
> — <|| Ste1/2te-0n UG — 13 (”\/m(;t_ 1> )

where the last step is possible because 0 < ¢}, ¢, < 2. Substituting this into the
energy balance in Eq. (5.30) yields

h=t+0>— (||F§t g 6176;)
+ = (| Sl+1/2,ut z+\I, ”d h2 (”m(gt \I/n”ﬂ,er) )7

and as ||\/Si1 /24600y W} |@ is non-negative, the following is also true:

h=t+o> o (VT wpl3) —%Q(HW@_ M)’

This can be written as

l\.’)\»—~

> =3 (VIS = Vi S1) (0 07)?, (5.35)
d
which is non-negative if

min (/] ~ A/ 51) 2 0

. [ST:
A< .
< min ( =

For the special choice of [S]; = p;4S;, this condition reduces to

A<, (5.36)

also given in (5.11). This choice of [S]; is equal to S through Eq. (5.7), hence,
its choice in Eq. (5.6).
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5.2. First-order system

5.2 First-order system

Until now, only PDEs that are second-order in time have been presented,
i.e., that are dependent on the acceleration of the state variable. This section
presents a system of two coupled first-order PDEs which are instead dependent
on the velocity. State-of-the-art research on brass instruments in the context of
FDTD methods also uses this coupled system (see e.g. [73, 62]), and has been
used in this project to model the trombone in paper [H].

5.2.1 Continuous time

Using the same variables as before for cross-sectional area S = S(z), wave
speed ¢, and air density pg, a system of coupled PDEs that describes air prop-
agation in an acoustic tube can be defined as follows:

SQ&p = —0,(Sv), (5.37a)
poc
P00V = —0yp. (5.37b)

Here, the pressure p = p(x,t) (Pa) and particle velocity v = v(z,t) (m/s) are
defined for = € D with domain D = [0, L] and tube length L (in m). These
state variables are related to the acoustic potential ¥, as shown in Eq. (5.2), as

p= po@t\l/, v = —696\1! (538)

Indeed it can be shown by substituting these definitions into Eq. (5.37a),
Webster’s equation can be obtained:

p%@t(poatll')z—aw(S(—ax\IJ)) SOV = 20,(S0, 1),
0

Boundary conditions

For the first-order PDE system in Eq. (5.37), the boundary conditions are
defined as follows:

p(L,t)
S(L)v(L)

p(0,1)
S(0)v(0)

0, 0, (Dirichlet, open), (5.39a)
0, 0, (Neumann, closed), (5.39b)

which, through Eq. (5.38), relate to the boundary conditions of Webster’s
equation in Eq. (5.3).
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n—1/2 O O
n-1 @ ® o
I—1 1-1/2 1 1+1/2 1+1

Fig. 5.7: The interleaved grid used for the system of FD schemes in Eq. (5.40). Grid points on the
regular grid (in black) are used for pressure p, while points on the interleaved grid (in white) are
used for particle velocity v.

5.2.2 Discrete time

It is useful to place either p or v on an interleaved grid (see Figure 5.7). Follow-
ing [62], v is placed on this interleaved grid both in space and time. Accord-
ingly, system (5.37) is discretised as

S . +1/2
p075t+pf = —0y (Sl+1/211[+1/2 )s (5.40a)
pode vy = —0aypl (5.40b)

after which the update equations become

n n POCA

by i =pr - ?5'1 (Sl+1/2vl+1/2 Si— 1/21’1 1/22) (5.41a)
ntl/2  n-1/2 A ,
Yit1/2 = Vig1/2 % C(pz+1 n')s (5.41b)

where (again) A\ = ck/h < 1 for stability. The pressure is defined for [ =
{0,..., N} and the velocity for [ = {0,..., N — 1} where N is the number of
intervals between the grid points on the pressure grid. Notice that the range of
calculation for the particle velocity one index smaller than that of the pressure.

An advantage of using an interleaved grid like this, is that the forward and
backward FD operators are second-order accurate, and can be shown through
a Taylor series expansion as done in 2.2.2 (also see [62]).
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5.2. First-order system

Boundary conditions
The boundary conditions in Eq. (5.39a) can be discretised as follows

py =0, px =0, (Dirichlet, open), (5.42a)
Ha—(S17207/2) = 0, proy (Sn—1/20N_1/2) =0, (Neumann, closed). (5.42b)

5.2.3 Matrix form

System (5.40) can be written in matrix form, by saving the states of p;* and

n+1
Vig1/2 in vectors as

P =[pf, . pR]", and vV = [PEVE R TRNT (549)

R A

which are of sizes (N + 1) x 1 and N x 1 respectively. One may then write the
scheme in matrix form as

vtl/2 — yn1/2 B,p" (5.44a)
pn-i-l =p"+ van-‘rl/2 (5.44Db)
where 28
1/2 1
So 0
S1/2 S3/2
Sl Sl
c
B, — P% (5.45)
SN_3/2 Sn-1/2
SN—1 QSSN—l
N—-1/2
| O 5N

B, - > (5.46)

is of size N x (N +1).

Alternatively, one can write the scheme in a one-step form by concatenating
the states of the pressure and particle velocity into one vector. The matrix form
will then be

p7L+1 pn
|:Vn+1/2:| =B |:Vn1/2:| ) (5.47)
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where
_ In+:1 +B,B, B,

B B, In

(5.48)

is of size (2N + 1) x (2N + 1), and may be directly used as matrix Q for the
modal analysis using a one-step form described in Section 3.5.1.

5.2.4 Energy analysis

This section presents an energy analysis of the first-order system presented
above using the techniques presented in Section 3.4. The bulk of the analysis
follows [62, Sec. 3.4.1, pp. 80-81].

Step 1: Obtain 6+ h

To obtain the correct energy balance, an inner product of Eq. (5.40a) with yi; 1 p}*
needs to be taken over discrete domain d = {0, ..., N'}. Using the primed inner
product in Eq. (3.9) and, after taking all terms to the left-hand side, yields*

1 & n
derh = HWHP?» S0y p'ya + (e pl 51*(Sl+1/2v1++11/22)>:1 =0. (549

Step 2: Identify energy types and isolate 6,

For the rest of the analysis, the following superscripts and subscripts will be
assumed unless denoted otherwise: n and [ for p, [ for S, [ + 1/2 for S, and
l+1/2 and n + 1/2 for v. After performing summation by parts of the last
term using identity (3.14a), Eq. (5.49) becomes

1 _
O = MWHP, S611p)y — (4 024p, Sv)g = —b, (5.50)

where the boundary term is
b="0,—b, with

br = (t+PN) o+ (Sn—1/20n-1/2) and (5.51)
b1 = (pe+po)pa—(S1/2v1/2), (5.52)

4The primed rather than the weighted inner product can be used here as the eventual boundary
terms can be shown to vanish when using the boundary conditions in Eq. (5.42a).
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and can be shown to vanish under the boundary conditions shown in Eq.
(5.42a). Then, Eq. (5.40b) can be substituted into Eq. (5.50) to get

1 _
orb = w(ﬂw?» S814+1)g — (pr+(=podi—v), Sv)g = 0 (5.53)
1 Q !/
= W(erp» S6t4+p)g + po(0r.v, Sv)g = 0. (5.54)

Finally, one can use identities (3.17c) and (3.17b) for the first and second term
respectively to get

t:%@v,et,% and v=_—— (H\f H) (5:55)

Step 3: Check units
Writing the terms in Eq. (5.55) in their units yields

00 in units
t= ?<Sv, e—v)g — kg-m~

3 2 1

m-(m?-m-s7! - m-s7t),

:kgm2 .572’

in units p
= 5o (IVBhlE) = (kg m ™ om? o s72) 70 (kg s,
=kg-m?-s7 %

and indeed have the correct units.

Step 4: Implementation

Figure 5.8 shows the energetic output of an implementation of the first order
system in Eq. (5.40), and shows that the energy is within machine precision.

5.2.5 Levine and Schwinger radiation model

As done in Section 5.1, radiation can be added to the right boundary acoustic
tube. The radiation model used in this project was proposed by Levine and
Schwinger in [74], discretised by Silva et al. [75]. Although other radiation
models exist, state-of-the-art work by Bilbao and Harrison on brass instruments
based on the first-order system in (5.37) also use this model [76, 62]. See Figure
5.9 for a circuit representation of the Levine and Schwinger radiation model.
This section will only go into practical details necessary for implementation of
the algorithm. Further background is provided in [62].
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Fig. 5.8: The kinetic (blue), potential (red), and total (black) energy of an implementation of the
first-order system in Eq. (5.40) are plotted in the left panel. The right panel shows the normalised
energy (according to Eq. (3.37)) and shows that the deviation of the energy is within machine
precision.
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Fig. 5.9: The circuit representation of the Levine and Schwinger radiation model.

The system can be described as

1
= ph4+0(1) + oS S t+P1) + Croi4p1)s (5.56a)
P = Lydryv(1), (5.56b)
Ry
<1 + R) pe+p1y + B1Crdeypr) (5.56¢)

where p"*1/2 and 5"1/2 are placed on the interleaved temporal grid and are
related to the tube by

D= psPy, SNV = o (SN+1/2UN—:11//22) (5.57)
Using the above, an update for p;"* based on known values of the system can
be obtained (see Appendix (F.6) for a derivation):

— +1/2

+ 1 pOCAC?) QPOCA SN 1/2 N 1/2

pn ! - pn — n n TN /ATN—1/2 5.58
" 1+ pocAcs N L+ pocAds ' G ) Sy : )

112



5.2. First-order system

where

B 2Rk (= 2R RyCy — k(Ry + Ry)

T 2R RoCr+ k(Ry + Ry)’ ° 2R RyCr + k(Ry + Ry)
k Cr 1 Cr - Or

Co = G1 G1 and C4:C2+ n G2 .

2Lr+2Tzz+ k 2R, k

G

Once pi"! is known, the internal states of the system can be updated as follows

k

ULy = vy + o He PR (5.592)
r

Py = e + G- (5.59b)

The various parameters are taken from [62] and are

R1 = pPo¢, RQ = 0.505p00,

- S
Ly = 0.613p0\/Sx /7, and Cy— 1.111& :

5.2.6 Energy analysis

This section shows the result of the energy analysis of the above radiation
model. The full derivation will not be given here, but can be found in [62]. The
result is included in this thesis for completeness.

One can perform an energy analysis of the radiation model by recalling the
condition at the right boundary from Eq. (5.51)

br = (t+PN) Hot (Sn—1/2VN—1/2), (5.60)

,um—SN+1/2UN+1/2

which, using Eq. (5.57), can be rewritten to
by = pSN©. (5.61)

Following the derivation in [62, Sec. 4.1.4, pp. 111-112], this can eventually be
rewritten to
6t+ Brad + Grad = 0, (5.62)

where

1\9‘2'

Brad = (Lrv(21) + Crpa)) , and

Grad = SN (Rl(u’t-‘rv&))Q + Rz(Mt+U(3))2) ;
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with .
» _ P n

et DN — Py
U(3) = R72, and [Lt_;,_U(Q) = .

Ry
Notice that hyq and qraq are non-negative and thus do not affect the stability
of the system.

(5.63)

114



Chapter 6

2D Systems

The previous chapters considered systems distributed over one spatial di-
mension. As not all musical instruments or instrument-components can be
simplified to this, higher dimensional systems need to be taken into consider-
ation, such as 2D systems. 2D PDEs can be used to model drum membranes,
plate reverbs or simplified instrument bodies.

Apart from being slightly more complex than 1D models, the main issue
with 2D systems is that their implementations are orders of magnitude heavier
to compute than 1D schemes. This chapter will therefore also provide details
on how to best implement these schemes in MATLAB. Implementation in C++
will be detailed in Chapter 13.

This chapter starts by providing some additional information about 2D
grid functions and operators. Then, the 2D wave equation is presented, which
is used to extend the analysis techniques presented in Chapter 3 to 2D. Af-
terwards, two 2D models that have been used in this project, the thin plate
and the stiff membrane, will be described in a similar fashion. Unless denoted
otherwise, the theory in this chapter follows [21].

6.1 PDEs and FD schemes in 2D

The systems modelled in this work are simplified to be rectangular and are
defined on a Cartesian coordinate system. Consider a rectangular 2D system
with side lengths L, and L, (both in m) and its state described by u = u(z, y, t).
The system is defined for ¢ > 0 and (z,y) € D where domain D € [0, L] x
[0, L,] is two-dimensional.

Similar to the 1D case explained in Section 2.2.1, the state variable can
be discretised to a 2D grid function according to u(z,y,t) = ug',, with space
z = lh and y = mh and time t = nk with £ = 1/f;. The temporal index
n € N? and the spatial indices [ € {0,...,N,} and m € {0,...,N,} index the
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grid function in space in the = and y directions respectively. Here, N, is the
number of intervals between grid points in the z direction and N, in the y
direction. For simplicity, the grid spacing h is set to be the same in both the =
and y directions in this work.

Additional operators

In continuous time, an additional operator referred to as the Laplacian, can be

defined as
A=0;+0, 6.1)

which describes a second-order spatial derivative in 2D. A 4"'-order spatial
derivative in 2D, used to model stiffness like in the stiff string in Chapter 4, is
called the biharmonic operator, and is defined as the Laplacian applied to itself:

4 202 4
AA = 9% + 20202 + 92 (6.2)

In discrete time, the same temporal and spatial shift operators as defined
in Section 2.2.2 can be applied to grid function v, the latter of which only
affects the spatial index I. Additional operators affecting spatial index m for
the y direction are

no _,n no _,n
ey"l‘ul,m - ul,m-&-l? and ey—ul,m - U’l,m—l' (63)

Using these shift operators, a discrete approximation of the Laplacian in Eq.
(6.1) can be made?

Aoy =

12

72 (ext +€xe +eyr +ey_ —4). (6.4)

Also see Figure 6.1a. Similarly, an approximation of the biharmonic operator
in Eq. (6.2) can be made as

1
AA@Q%éEZ@L+é;m;+£J (6.5)
+2(epreyt +egyey_ +eg_eyy +ep_ey)
— 8(ezq +€a— + eyt +ey_)+20].
Also see Figure 6.1b.

!Notice that the o operator is identical to §og in [21]. The former will be used as it is more
compact, and it is the only discretisation to the Laplacian used in this work.
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dnda

1-21-1 1 I+11+4+2

(a) The 6 A operator in Eq. (6.4). (b) The 549 operator in Eq. (6.5).

Fig. 6.1: The stencils of the 2D spatial FD operators in Eqs. (6.4) and (6.5) respectively. The red
square denotes what grid point the operator is applied to. The stencils follow the same layout as
Figure 2.3, but the vertical axis denotes a second spatial dimension rather than time.

6.2 The 2D wave equation

The 2D wave equation is the simplest 2D model in the context of musical
acoustics and, using the operators presented above, it is a fairly straightforward
extension to the 1D wave equation. Similar to how the 1D wave equation is
used to model an ideal string, the 2D wave equation can be used to model an
ideal membrane.

The first appearance of an implementation of the 2D wave equation in
a musical context was proposed by van Duyne and Smith who used digital
waveguides, or more specifically a waveguide mesh, to discretise it [27]. The
implementation is identical to the FD scheme that will be presented here (if
the stability condition of the latter is satisfied with equality).

This section will present the 2D wave equation in continuous time and its
discretisation afterwards. The resulting FD scheme is then used as a test-case
to extend the various analysis techniques presented in Chapter 3 to 2D.

6.2.1 Continuous time

Consider a system modelling the 2D wave equation with side lengths L, and
L, (both in m) and its state described by v = u(z,y, t). The system is defined
over (z,y) € D with domain D = [0, L,] x [0, L,] and its motion is described
by the following PDE:

0?u = ¢*Au, (6.6)

with wave speed c (in m/s) and the Laplacian operator as defined in Eq. (6.1).
If the 2D wave equation is used to model an ideal membrane, the wave speed
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is defined as ¢ = \/T'/pH (in m/s), with tension per unit length 7' (in N/m),
material density p (in kg/m?) and thickness H (in m).

Boundary conditions

Similar to the 1D wave equation, two alternatives for boundary conditions are

07 ) t = Lx? ) t = O v ? o« .
w(0.y,) = u(La, 1) Y (Dirichlet, fixed), (6.7a)
u(z,0,t) = u(z, Ly, t) =0 Ve,
O 0,y,t =0, Ly,y,t)=0 Vy,
u(0,y,¢) sy, t) 4 (Neumann, free), (6.7b)
Oyu(x,0,t) = dyu(x, Ly, t) =0 Ve,

where V means 'for all values of’.

6.2.2 Discrete time

Using the definition for the approximation of the Laplacian in Eq. (6.4), the
2D wave equation PDE in Eq. (6.6) can be discretised to

Ott Uy, = c? SAUL s (6.8)

with ! € {0,...,N,} and m € {0,...,N,}, where N, and N, are the number
of intervals between grid points in the = and y direction respectively. The
operators can then be expanded (see Eq. (6.4)) and solving for 7, yields the
following update equation

n+1 __ n n—1 2 n n n n n
ul,m - 2ul,m - ul,m +A (ul-l-l,m + Ui—1,m + Ul m+1 + Ul m—1 — 4ul,m) s (69)

where the Courant number

ck
A= — )
= (6.10)
and needs to abide 1
A< — 6.11
V2 (6.11)

for the scheme to be stable. See Section 6.2.4 for a derivation of this. Writing
this condition in terms of the grid spacing, places the following condition on
h:

h>2ck. (6.12)
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Discrete boundary conditions

The boundary conditions in Egs. (6.7) can be discretised to

UG = UN =0 Y,
' o (Dirichlet, fixed), (6.13a)

0z UGy = OpUn n =0 ¥,
' * (Neumann, free). (6.13b)

If the Dirichlet boundary conditions are used (for all sides), the domain of
calculation can simply be reduced to! € {1,... N, —1}andm € {1,... N, —1}.

Stencil

Figure 6.2 shows the stencil of the 2D wave equation FD scheme in Eq. (6.8).
The grid points use the same colour-coding as previous stencils (see e.g. Figure
2.10).

Fig. 6.2: The stencil for the 2D wave equation FD scheme in Eq. (6.8).
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6.2.3 Matrix form and output

Similar to how the number of intervals between grid points is calculated for 1D
systems in Eq. (2.53), it can be calculated in 2D using the following operations:

L, L, L, L, ck
= 2 = 7‘1 = 75} = i 71 7!! = —
h:=/2ck, N, \‘hJ’ N, {hJ’ h mm(Nx’Ny)’ A =

(6.14)
where the ‘min’ operator selects the smallest value of L, /N, and L,,/N,, to stay
as close to the stability condition as possible.

To implement the update equation in Eq. (6.9), one could save the states
of the system in matrices (as opposed to vectors in the 1D case such as done
in Section 4.2.2) and directly work with these. Using Dirichlet boundary
conditions the (N, — 1) x (N, — 1) state matrix at time index n would be

n n
ut | Uy N, -1

)

u” = : : , (6.15)
n n
UN,-1,1 -+ UN,—1,N.—1

and could be used to make a “for-loop implementation” of the update equation.
This could indeed be the strategy if one would implement the scheme in
e.g. C++ (see Chapter 13). For a more compact implementation in MATLAB,
however, one could ‘stack” or ‘flatten” the state matrices to vectors and update
the scheme using matrix-vector multiplication (as done for the stiff string in
Section 4.2.2 for example). Again using Dirichlet boundary conditions, the
stacked state vector will be structured as

u" = [(u?)Tv LR} (unszl)T]T7 with u? = [uﬁla s 7uleNy71]T’ (616)

and has a size of (N, — 1) - (N, — 1) x 1. See Figure 6.3 for a visualisation of
the matrix-stacking process.

To obtain a matrix form of the o operator that can be applied to this stacked
state vector, the Kronecker product and Kronecker sum must be introduced [77].
The Kronecker product between two arbitrarily-sized matrices (using their
dimensions as a subscript) is

allB alNB
Ayxn @Bgxr = : : . (6.17)
aMlB CLMNB MEXNL

The Kronecker sum between two square matrices is [50]

Ay ©Byxn =IN@ A+ B® 1y, (6.18)
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6.2. The 2D wave equation

[
[
(]
N
N
00 ¢
EE
=2
DDDDDDDIE.DDDDDDDD

Fig. 6.3: Stacking, or ‘flattening” a 4 x 4 matrix to a 16-element vector.

where Ip is the identity matrix of size P x P.

For Dirichletboundary conditions, the D, matrix of size (N, —1) X (N, —1)
and the D,, matrix of size (N, — 1) x (N, — 1) can be defined (similar to Eq.
(3.3)) as

-2 1 0 -2 1 0
1 -2 1 1 -2 1
1 T 1 o
1 -2 1 1 -2 1
0 1 -2 0 1 -2
(Na— )X (Na—1) (Ny D)X (N, —1)
(6.19)

Following [50], the matrix form of the 6 operator can then be defined as the
Kronecker sum of D, and D, yielding

0 S 0
D,, | e er
DA =Dyy®Das = D,, to2 I 21 I ,
D,, I 21 .
0 0 TS
(6.20)

where the identity matrix I = Ix,_1. The Da matrix is square and of size
(Ny—1)- (Ny —1) x (N — 1) - (N, — 1).
Using the above, the FD scheme in Eq. (6.8) can then be compactly written
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in matrix form as
u"t = (214 ®k*Da) u” —u" (6.21)

where the identity matrix is of the same size as Da. See Appendix C.3 for a
MATLAB implementation of the 2D wave equation.?

If one would like to visualise the system state as a 2D grid, one can revert
the stacked vector back to a matrix by using the reshape function in MATLAB:

uMatrix = reshape(u, Ny-1, Nx-1);

A 2D raised-cosine excitation can be implemented in the same way by reshap-
ing an excitation matrix to a vector (see Section 7.1.4).

Output

Figure 6.4 shows the wave propagation of an implementation of the 2D wave
equation with Dirichlet boundary conditions. Parameter values are L, = 1.5
m, L, = 1mand ¢ = 360 m/s. Waves reflect at the boundaries at an increasing
rate. This is also shown in Figure 6.5, where the output — taken at (z,y) =
(0.15,0.85) —in time domain shows an increase in oscillations over time, due to
these reflections. The right panel shows that the output contains many partials
that are close together, i.e., the output is highly inharmonic. As opposed to
the output of the 1D wave equation shown in Figure 2.11, where the partials
are integer multiples of the fundamental frequency, the 2D wave equation
exhibits aperiodic behaviour due to the aforementioned reflections, causing
this inharmonicity.

n=1

0

N, y N?/
0

l N 0 l

Fig. 6.4: Wave propagation of an implementation of the 2D wave equation with L, = 1.5 m,
Ly =1mand c = 360 m/s. The system is excited with a 2D raised cosine at (0.25L,0.5Ly).

2As the matrices are extremely sparse (many O-entries), it is useful to utilise MATLABs optimisa-
tion for sparse matrices using the sparse () function. One can use speye () for sparse identity
matrices.
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Magnitude [dB]
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Fig. 6.5: The output of the 2D wave equation at (x,y) = (0.15,0.85) corresponding to Figure 6.4.
The partials are extremely close together (notice that only frequencies up to 5000 Hz are shown)
which is related to the aperiodic nature of the system behaviour.

6.2.4 Frequency domain analysis in 2D

Section 3.3 showed how to perform frequency domain analysis to obtain sta-
bility conditions for a FD scheme. This section shows extensions to this in 2D
and follows [21, Ch. 10].

In 2D, the ansatz in Eq. (3.20) can be extended to

up,, =5 Zeitifma,) (6.22)

where /3, and 3, are components of a 2D wavenumber 3 in the z and y direc-
tions respectively. Frequency domain representations of temporal operators
shown in Eq. (3.22) do not change in the 2D case. Using

pe = sin®(B;h/2) and p, = sin?(B,h/2) (6.23)

for brevity, the following frequency domain representation of spatial operators
can be obtained through the ansatz in Eq. (6.22)

no A4 n A4
Oy, == ~72PaUm and 0y, = — 2Py tm: (6.24)
from which it follows that
n o A4 n
oAUy = *ﬁ(pm + Py U s (6.25)
n A 16 n
dadau, = ﬁ(pz—l—py)Qul’m. (6.26)

Using these definitions, a frequency domain interpretation of the 2D wave
equation FD scheme in Eq. (6.8) can be obtained

4c?

1 _
= (2427 = ==z (P +py).
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Recalling A in Eq. (6.10), this can be rewritten to the following characteristic
equation
z+ (AN (ps +py) —2) + 271 =0. (6.27)

As (after multiplication by z) the characteristic equation is of the form in Eq.
(3.25) and a® = 1, its roots are bounded by condition (3.27)
|4/\2(px +py) - 2| <2.

Further derivation yields

-2< 4)‘2(]900 ery) —-2<2,

0< 4>\2(pz +py) <4,

and as the middle term is non-negative the first condition is always satisfied,
yields

>‘2(p;z +py) <1
Finally, as p, and p, are bounded by 1 for all wavenumbers (3, and 3, respec-
tively, the following condition must hold

222 <1,
1

A< —
<%

which is the stability condition given in Eq. (6.11).

(6.28)

6.2.5 Energy analysis in 2D

Energy analysis for the 1D case is introduced in Section 3.4. Extensions for the
analysis in 2D will be given here.

Analogous to the 1D inner product presented in Section 3.2.1, one can
define a 2D inner product. For two functions f = f(z,y,t) and g(z,y,t)
defined for a 2D domain D their inner product over this domain is defined as

o= | /D fodrdy. (6.29)

Like in the 1D case, these functions do not have to be a function of time, but
they are here, for coherence.

For two (grid) functions f",, and g;',, defined over a discrete domain d €
{0,..., Nz} x{0,...,N,} their discrete inner product is defined as

N Ny

=0 m=0
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6.2. The 2D wave equation

Notice that the multiplication with the grid spacing is squared due to the inner
product over a 2D domain (and is the discrete counterpart of dxdy). Useful for
energy analysis are the following reduced 2D domains

dy ={0,...,N; —1} x {0,..., Ny}, (6.31a)
d; ={1,...,N, — 1} x {0,...,N,}, (6.31b)
@:{O,...,Nm}X{O,...,Ny—l}, (6.31¢)
@:{0, G NG x {1, N, — 1} (6.31d)
d={1,...,N, —1} x{1,...,N, — 1} (6.31e)

Below, the steps to perform energy analysis presented in Section 3.4 will be
followed:

Step 1: Obtain 6. h

Using the definition of wave speed for the ideal membrane, i.e., ¢ = \/T/pH,
the FD scheme in Eq. (6.8) can be multiplied by pH and a 2D inner product
(see Eq. (6.30)) with (5tu}’m) over discrete domain d can be taken to yield a
definition for d; b:

5t+b = pH((stuZm, 5ttufm>d - T<5tu;fm, 6Auﬁm>d = 07
which can be rewritten to

6t+b = pH<6t.U?’m, (5ttuﬁm>d -T (<5t.uﬁm, 5muzm>d + <5t.uf’m, §yyuﬁm>d) =0.

Step 2: Identify energy types and isolate §;

Summation by parts as described in Section 3.2.2 can also be applied to d,,
and the following energy balance follows

dr4h = b,
where
H
h=t+v with t="7[d uf, [} and
. (6.32)
o= 3 (<5I+u?,m7 et75x+u?,m>d7x+ <6y+uzm, 6t7§y+uﬁm>d7y .
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Here, the reduced domains d, and d, are as defined in Egs. (6.31). The
boundary term is o

T
b=—
2

n n n n
(02 UN, > Ozt UN, ) (N ) — (0610 s 02— UG ) (0,)

+ <5t»“ZNya5y+“ZNy>(x,Ny) - <5t-ug';075y—uﬁo>(z,o) )

where (I,y) = {i} x{0,...,Ny} and (z,m) = {0,..., Ny} x {m} are slices of
domain d. The boundary term can be shown to vanish under Dirichlet bound-
ary conditions in Eq. (6.13a). Neumann conditions will not be considered
here.

Step 3: Check units

As the addition of the two inner products in the definition for v in Eq. (6.32)
does not affect the units, only one term is used to check the units. Recalling
that, as opposed to the 1D case, the symbol T is tension per unit length and
thus in N/m, one can write the terms in Eq. (6.32) in their units:
H in units
=Ll lf —— kg m P mem? (st m)?

=kg-m?.s7?

T n n in units 1 9
0= §<6$+ul,mvet—6$+ul7m>di —— N-m " -m° (m

:kg.m2.372

which have the correct units.

Step 4: Implementation

Figure 6.6 shows the energetic output of an implementation of the 2D wave
equation and shows that the energy deviation is within machine precision.

6.2.6 Modal analysis in 2D

Given that the state vector is stacked as described in Section 6.2.3 and the
update equation is written in matrix form as in Eq. (6.21), performing a modal
analysis on a 2D system does not differ from a 1D system and follows the same
process presented in Section 3.5.

Inserting a test solution of 4™ = 2" ¢ into the matrix form of the 2D wave
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6.2. The 2D wave equation

x 109 10716

'
Syl

0 20 40 n 60 80 100 0 20 40 n 60 80 100

Fig. 6.6: The kinetic (blue), potential (red), and total (black) energy of an implementation of the
2D wave equation are plotted in the left panel. The right panel shows the normalised energy
(according to Eq. (3.37)) and shows that the deviation of the energy is within machine precision.

equation in Eq. (6.21) yields the following characteristic equation
(z—2+2"") ¢ ="k’Dag. (6.33)

The p'" modal frequency can then be obtained by finding the roots of
2+ (2= Aheig,(Da)) + 2,1 =0, (6.34)

which, using test solution z, = e/“»* for (angular) frequency w,, can be shown

to be
1, (ck —
fyp=—sin? (CQ,/elgp(DA)>. (6.35)

Notice the similarity to the equation for the modal frequencies of the 1D wave
equation in Eq. (3.56). Again, the number of modes is equal to the number of
moving grid points in the system.

See Figure 6.7 for the result of a modal analysis of the 2D wave equation.
One can observe that the modes do not follow a linear pattern as opposed
to those of the 1D wave equation shown in Figure 3.3. This confirms the
inharmonic behaviour of the 2D wave equation discussed 6.2.3. Notice that the
modal density is higher around f;/4 and that the modal pattern is symmetric
around this frequency. This was also observed by van Duyne and Smith in the
case of the waveguide mesh [27].

Modal shapes

Using the line of code in Appendix B.4 and the reshape function, the modal
shapes of the system can also be obtained. Figure 6.8 shows the six lowest-
frequency modes of the 2D wave equation with L, = 1.5 mand L, = 1 m. The
mode number (z, y) corresponds to the modal number in the z and y direction.
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«10* Modal frequency

f» [H]

20 40 60 80 100 120

Mode number p
Fig. 6.7: Modal frequencies of the FD scheme implementing the 2D wave equation in Eq. (6.8)
with Lz =1.5m, Ly = 1mand ¢ ~ 3118 m/s, such that A = 1/\/§ according to Eq. (6.11).

(1,2)

(1,1) (2,1)

(3.1)

x x xT

Fig. 6.8: The first six (lowest-frequency) modal shapes of 2D wave equation with L, = 1.5 m and
Ly =1m.

6.3 The thin plate

The thin plate, also known as the Kirchhoff model [78], differs from the 2D
wave equation in that its restoring force is solely due to stiffness rather than
tension. Like for the stiffness term in the stiff string (see Chapter 4), this causes
frequency dispersion, and exhibits interesting timbres.

The plate model is quite versatile and can be used to model a plate reverb
[79] as well as simplified instrument bodies, as done in [A], [B], [D] and [E].
This section presents the thin plate PDE and FD scheme, after which it will be
subjected to the various analysis techniques extended to 2D in the previous
section.
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6.3. The thin plate

6.3.1 Continuous time

Consider a rectangular thin plate with side lengths L, and L, (both in m)
and its transverse displacement described by u = u(x, y, ) (in m). The system
is defined for (x,y) € D where 2D domain D = [0, L,] x [0, L,]. Using the
biharmonic operator introduced in Eq. (6.2), the PDE for the thin plate can be
defined as [78]

pHO?u = —DAAw, (6.36)

where D = EH3/12(1—v?) is astiffness coefficient (in kg - m?-s~2) parametrised
by Young’s Modulus E (in Pa), thickness H (in m) and the dimensionless Pois-
son’s ratio v. Although Eq. (6.36) does not hold for thick plates and only
accounts for low-amplitude vibration (as it is linear), these properties can be
assumed in musical instrument simulations, making this model sufficient in
this work.

Adding losses to Eq. (6.36) yields

pHO?u = —DAAu — 200pHO,u + 201 pHO, Au (6.37)

where, as in the case of the stiff string in Eq. (4.3), 09 and o, are the frequency-
independent (in s~') and frequency-dependent damping coefficient (in m?/s)
respectively.

Boundary conditions

Similar to the stiff string, clamped and simply supported boundary conditions
can be defined as
u=0,u=0, ify={0,L,}, Vx
u=0,u=0, ife={0,L,}, Wy
uw=0%u=0, ify= {0,L,}, Vz
uz@iuzo, ifx={0,L,}, Yy

} (Clamped), (6.38a)

} (Simply supported). (6.38b)

Naturally, a free condition can be added too, but is much less trivial. As it will
not be used in this work, it will not be given here, and the interested reader is
instead referred to [21, Ch. 12].

6.3.2 Discrete time

Equation (6.37) can be discretised to the following FD scheme:

pH oy, = —Doadau; y, — 200pHbp 1y, + 201pHO - 0aU7 (6.39)
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wherel € {0,...,N;}and m € {0,..., N, }. Like for the stiff string FD scheme
in Eq. (4.7), the backwards difference operator is used for the frequency-
dependent damping term to yield an explicit scheme. A more compact way to
write this scheme is after a division by pH which yields

OttU] = —525A5Auﬁm — 2000447y, + 2010t 0AUL 1y, (6.40)

I D
w1l (6.41)

Using the expansion of the discrete biharmonic operator in Eq. (6.5), Eq. (6.40)

can be expanded and solved for u?j;l according to

with

uptt = (2 = 20p% — 4S)uf,,
+ (8,&2 + S)(u?—&-l,m + u?—l,m + u2m+1 + u?,m—l)

2/, n n n n
= 207 (U 1 g1 F U g1 T U et U 1)

5 m " n " (6.42)
= (Ul o m + U UL g T UL o)
+ (ook — 1+ 4S)u;f;1
= S+ W g Uy U )
where
= I:T]; (6.43)

and S = 201k /h? for compactness. See Figure 6.9 for the stencil of this scheme.
The stability condition of the scheme can be shown to be

hZQ\/k(Ul+\/H2+O‘%>, (6.44)

and will be derived in Section 6.3.4.
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n+1
n
n-1
(a) Full stencil.
m+2 © m+2
’112
m+1 o o o m+1 °
—2u (8u*+S) —22 —-S
m o @ @ @ @ m ® ® L 2
—u? (8u?+ S) (2 — 204% — 45) (81> + S) —u? —S  (ogk—1+4S) =S
m—1 ° o ° m—1 °
—22 (812 +8) —2u% -S
m—2 o m—2
2
1-2 -1 [ 1+1 1+2 -2 -1 [ 1+1 1+2
3 n : n—1
(b) Stencil of U - (c) Stencil of U oy -

Fig. 6.9: The stencil of the plate with coefficients corresponding to those in update equation (6.42).
(a) A full overview of the stencil. (b) The current time-step n highlighted. (c) The previous time-
step n — 1 highlighted.

Discrete boundary conditions

The boundary conditions shown in Eq. (6.38) can be discretised to

Uy = Oy U]y, =0 ifm =0 Vi
Uy = 0p—ty', =0 ifm=N, WV

’ ' ) (Clamped), (6.45a)
Uy = Oyqupy, =0 ifl=0 vm

Uy = Oy—up'y, =0 ifl =N, Ym
Uy = Ogaztt],, =0 if m = {0, N, Vi
o . . 0, N} (Simply supported). (6.45b)
Uy, = Oyt , =0 if 1 ={0,N,}  Vm
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The clamped condition can be implemented by simply reducing the discrete
range of operation to ! = {2,...,N, — 2} and m = {2,..., N, — 2}. For the
simply supported case, the range of operation reduces to ! = {1,..., N, — 1}
and m = {1,..., N, — 1}, and similar to the simply supported stiff string
described in Section 4.2.1, the virtual grid points needed for this condition
become

n _ n n _ n
U_1m = ~UIm and UN, 41,m = —UN,—1,m VM,

n _ n n _ n
U/l}71 = _Ul771 and ul,Nerl = —Ul’Ny71 Vi.

6.3.3 Matrix form and output

Similar to the implementation of the 2D wave equation in Section 6.2.3, one
can use a stacked state vector. If simply supported boundary conditions are
used, one can easily obtain a matrix form of the o da operator by multiplying
two D o matrices presented in Eq. (6.20) to get Daa = DaDa.

Using a stacked form of the state as described in Eq. (6.16) the scheme in
Eq. (6.40) in matrix form is

Au"tt = Bu" + Cu™ 1, (6.46)
where

A= (14o00k), B=2I—r*k*Dan +201kDa,
and C = —(1 — O'Qki)I — 20’1]€DA,

and the identity matrix I is of the same size as Daa and Da.

Name Symbol (unit) | Value
Side length « L, (m) 1.5
Side length y L, (m) 1
Material density p (kg/m3) 7850
Thickness H (m) 5-1073
Young's modulus E (Pa) 2101
Poisson’s ratio v(-) 0.3
Freqg.-independent damping oo (s71) 1
Freq.-dependent damping o1 (m?/s) 0.005

Table 6.1: Parameters for the thin plate and possible values to use as a starting point for the
simulation.

As a starting point for implementation, possible parameters are given in
Table 6.1. Figure 6.10 shows the wave propagation of a thin plate using these
parameters, and excited using the same excitation as used for the 2D wave
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n =101

N, N,

0 1 N, 0 l N,

Fig. 6.10: Wave propagation of a thin plate with simply supported boundary conditions and
parameters as shown in Table 6.1. The system is excited with a 2D raised cosine at (z,y) =
(0.25L4,0.5Ly) and dispersive effects are apparent.
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Fig. 6.11: The output of the thin plate at (x, y) = (0.15, 0.85) corresponding to Figure 6.10.

equation in Section 6.2.3 (a 2D raised cosine at (z,y) = (0.25L,,0.5L,)). When
compared to Figure 6.4, dispersive effects — where higher-frequency compo-
nents travel faster than lower-frequency ones — are apparent due to stiffness.

Figure 6.11 shows the time domain and frequency domain output of the
thin plate at (z,y) = (0.15L,,0.85L,). Compared to the output of the 2D wave
equation in Figure 6.5, there are several interesting differences. The amplitude
is much lower, waves are closer together and the first wave arrives much earlier,
all due to dispersive effects.

Modal analysis

Although the results will not be given here, a modal analysis can be performed
on the thin plate by using the matrix form in Eq. (6.46), and writing this in a
one-step form described in Section 3.5.1.

6.3.4 Frequency domain analysis

This section follows the process presented in Section 3.3 with the extensions
to 2D shown in 6.2.4.

Using Egs. (6.25) and (6.26) one can obtain a frequency domain represen-
tation of the FD scheme in Eq. (6.40) and obtain the following characteristic
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equation

8ok
(14 0ok)z+ (16u2(px +py)? + hé (P2 + py)

- 2>
8ok (6.47)
g —
(1o 1) -0
This can, similar to the damped stiff string in Section 4.3, be solved to

40’1]€
72 (pe +py) < 1.

4p2 (pe +py)? +

Recalling the definitions p, and p, in Eq. (6.23), and given the fact that these
are bounded by 1, the following can be written:

40‘1]{3
h2

h22\/k <0’1—|—\/0'%+K,2), (6.48)

which is the stability condition given in Eq. (6.44).

4 (1+1)% +

(1+1)<1

and solved for h:

6.3.5 Energy analysis

Using the steps described in Section 3.4 with the extensions to 2D presented
in Section 6.2.5, one can obtain the total energy of the FD scheme in Eq. (6.40).
Step 1: Obtain §;. b

To obtain the rate of change of the total energy, one can take an inner product
of the scheme in Eq. (6.40) with (0;.u7,,) over discrete (2D) domain d =
{0,..., Nz} x{0,..., Ny} to get

6t+h = pH<6t<uZma 5ttu?m>d + D<5tu2m7 5A5Au?,m>d

(6.49)
+ 200pH<5t.u?7m, Jt.u;fmm —201pH (014, 0t —0nU] y)a = 0

Step 2: Identify energy types and isolate §;

Due to the damping present in the system and because the system is distributed
in space, the energy balance will be of the following form

derh=b—q,
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with boundary term b and damping term
q4 = 200pH ||8¢.uf |15 — 201 pH (647 5 61— 607 1) a- (6.50)
Expanding the stiffness term in Eq. (6.49) to

D(0tu s (Ozz + Oyy)0AUL ) d
<~ D (<5t.u}fm7 OaaOAU ) d + (08 U] s 5yy6AuZm>d) ,

one can perform summation by parts twice, using Eq. (3.16b) for both terms
to get

D ({008t s O} )z + (000, 02 UE )7 ) + b

z y

The definitions for the reduced domains can be found in Egs. (6.31). Finally,
as the boundaries are always 0 due to the boundary conditions in Eq. (6.45),
d, and @ can be further reduced to d and the terms can be combined as

D(01-0aUf 1, 0aU7 ) + b,

and using identities (3.17a) and (3.17b) a definition for the total energy can be
found: o

h=t+v, with t=L5 5 up,[; and

(6.51)

0 = (08 er—dauf,)g

The definition of the boundary term b will not be given here, but can be shown
to vanish under the boundary conditions given in Eq. (6.45) [21].

Step 3: Check units

As tisidentical to its definition in Eq. (6.32), only the units for v will be checked
here. Recalling that D = EH?3/12(1 — v?), which in units is kg- m?-s72, yields

D n n in units 5 o 5
v = 5<5Aul’m76t_5Aul7m>E —}kgm .S .m-* - (m

=kg-m?.s7?

and shows that v indeed has the correct units.

Step 4: Implementation

Figure 6.12 shows the energetic output of an implementation of the thin plate.
Notice that the damping present in the system causes h to decrease.
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x107 1071

0 20 40 n 60 80 100 0 20 40 n 60 80 100

Fig. 6.12: The kinetic (blue), potential (red), and total (black) energy of an implementation of the
thin plate are plotted in the left panel. The right panel shows the normalised energy (according
to Eq. (3.38)) and shows that the deviation of the energy is within machine precision.

6.4 The stiff membrane

The term stiff membrane, as defined in [1], is essentially a 2D version of the stiff
string. It can be used to model membranes with dispersive effects or provide
tension control for thin plates. In this work, the stiff membrane has only been
used in paper [F] to model a drum membrane.

Similar to previous sections, this section will provide the continuous-time
and discrete-time equations of the model. Only a frequency domain analysis
will be given, as energy analysis (and modal analysis) are too similar to those
previously presented.

6.4.1 Continuous time

The PDE for a stiff membrane can be obtained as a combination of the 2D wave
equation in Eq. (6.6) and the thin plate in Eq. (6.36). Adding losses as in Eq.
(6.37) yields the following PDE

pHO?u = TAu — DAAu — 200pHOwu + 201 pHO; Au, (6.52)

where the parameters are identical to those in Eqs. (6.6) (with ¢ = /T/pH)
and (6.37).

6.4.2 Discrete time

Using familiar operators, Eq. (6.52) can be discretised to
pH(Sttuﬁm = T§Auﬁm —Déadauy,, — 2UOPH5t.UZm + 201pH5t_5Auﬁm, (6.53)
or, using a more compact form after division by pH, to

OutU] = 026Au{fm — /<;25A5Au}fm —2000.u7"y, + 2010t 0OAU] 1y, (6.54)
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where ¢ = /T/pH and k = /D /pH.

The update equation can then be obtained using the expansions of the
Laplacian and biharmonic operators in Egs. (6.4) and (6.5) respectively, to get

ultt = (2 — 4N = 20p% — 4S)uf',,

+ (N + 81 4+ S) (U1 + Uy + U g1 F U 1)

2/, n n n n
- 2.”“ (ul+1,77L+1 + ul—lﬂn+1 + Ul41,m—1 + ul—l,m,—l)

— K (ul+2,m + ul—2,m + ul,’m—i—? + U’l,m—2)7
+ (ook — 1+ 4S)u;f;11
- S(“?—:ﬁau + u?:ll,m + uz:n{l-l + “7;1_1)
where " L
C K
A=— and = — 6.56
N r=73 (6.56)

and again, S = 201k/h? for compactness. The stability condition for this
scheme will be given in Section 6.4.4.

6.4.3 Implementation
Writing Eq. (6.54) in matrix form, yields

Au™! = Bu™ 4+ Cu™ !, (6.57)
with

A= (1+00k), B=2I+c*k’Da — rk’k*Dan + 201kDa,
and C = 7(1700]&')17201]{5DA.

Notice that the only difference with Eq. (6.46) is the addition of the wave speed
term in the definition of the B matrix.

6.4.4 Frequency domain analysis

Following familiar techniques from Sections 3.3 and 6.2.4, the characteristic
equation of the FD scheme in Eq. (6.54) can be obtained:

8ok
(1+ ook)z+ <4>\2(pz ery) + 16U2(pr +py)2 + h; (P ery) - 2>

(6.58)

80’1]{1

+ (1 — ook — — 5Pz +py)> 2t =0.
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Similar to the stiff string in Section 4.3 and the thin plate in Section 6.3.4, this
can be solved to

40’1]{7
h2

N (pa + py) + 417 (po + py)° + (pz +py) <1,

and recalling that p, and p, are bounded by 1, yields

80’1k <1

2 2
20% 4 164° + —5= <

Finally, recalling the definitions for A and i from Eq. (6.56), this can be rewritten
in terms of h to get the following stability condition for the stiff membrane:3

h> \/c2k2 + 401k +\/(c2k2 + 401k)2 4 16K2k2. (6.59)

3This stability condition was wrong in paper [F]. It has been corrected here and included in
Appendix A.
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Exciters
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Exciters

As mentioned in Chapter 1, nearly all musical instruments can be subdivided
into an exciter and a resonator component. Several resonators have been
introduced in Part II, and different mechanisms to excite these are introduced
in this part. First, various examples of physically inspired excitations will be
presented in Chapter 7, some of which made a brief appearance in Parts I and
II. Chapter 8 introduces the bow as an excitation mechanism and presents the
contribution made in paper [C]: the elasto-plastic friction model applied to a
FDTD-based stiff strings. Finally, Chapter 9 presents the lip reed as a way to
excite brass instruments.
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Chapter 7

Physically-Inspired
Excitations

This short chapter introduces several simple ways to excite the different res-
onators presented in Part II. First, various ways to excite resonators using initial
conditions are provided, after which examples of time-varying excitations are
given, such that the systems can also be excited later during the simulation.

7.1 Initial conditions

The easiest way to excite a system is to set its initial conditions to non-zero
values. This has been done several times before using a raised cosine (see e.g.
Section 2.4.3). To give the system an initial displacement, not an initial velocity,
one initialises both u{ and u] with the same values. In the following, the 1D
wave equation will be used as an example (Eq. (2.38)):

O*u = 20%u (7.1)

where u = u(x,t) is the state of the system defined for ¢ > 0 and = € D with
domain D = [0, L] and length L (in m). Furthermore, ¢ = 735 m/s. Following
2.2.1, the state variable can be discretised to u!' where n € N° and [ € d with
discrete domain d = {0,..., N} and number of grid points N + 1. The FD
scheme is (Eq. (2.42))

Spru) = 2 ppul. (7.2)

7.1.1 Impulse

The simplest way to excite a system is to set the value of one grid point to
non-zero, which is referred to as an impulse excitation. Figure 7.1 shows an

143



Chapter 7. Physically-Inspired Excitations

implementation of the 1D wave equation where u) = u} = 1 atl = [0.5N].
One can observe that the variations between two neighbouring grid points are
extremely high. If the CFL condition in Eq. (2.46) is satisfied with equality,
the system will exhibit high amounts of energy around the Nyquist frequency,
which is generally unwanted.

0 I N 0 i N 0 i N

@n=1. (b)n = 6. (©n=11.

Fig. 7.1: The 1D wave equation initialised with an impulse at [ = [0.5N].

7.1.2 Raised cosine

To avoid the high-frequency behaviour caused by the impulse, a spatially
smooth excitation must be created. The raised cosine is most often used for this
property and is extensively used throughout the literature [21]. Initialising the
displacement of a distributed system with a raised cosine can be interpreted
as a pluck. A different pluck excitation is presented in Section 7.1.3.

A raised cosine is parametrised by its amplitude eanmp, its center location
xo and its width z,,. Applied to a distributed 1D system defined over domain
2 € D, the (continuous-time) excitation function containing a raised cosine is
defined as

camp (4 _ M)) T
ene(z) = 5 (1 cos ( ™ , ifxs <z < e, 73)
0, otherwise,
where - -
Ts = Tg — - and x. =29+ -5 (7.4)

are the start and end locations of the excitation. Furthermore, zs,z. € D,
which puts a constraint on the width and location of the excitation.

In discrete time?, the center location is defined as lo = |xo/h|, where |- |
denotes the flooring operation, h is the grid spacing. The discrete start and

1One could sample the continuous function in Eq. (7.3) at locations = lh. In this chapter,
looking towards straightforward implementation, a more practical approach has been chosen, and
discrete definitions are given separately.
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7.1. Initial conditions

end locations of the raised cosine are

ls=1lo—|w/2] and l.=1y+ |w/2], (7.5)
with [, le € d and, finally, w = |2w/h|.2 Equation (7.3) can then be discretised
as

Camp i 27 (l—1s) : <]<
Bie=1{ 2 (1 o8 ( w ))  Hhsisl, (7.6)
0, otherwise.

Figure 7.2 shows the 1D wave equation initialised with a raised cosine with
€amp = 1, lo = [0.5N| and w = [0.1N]. Notice that the behaviour is much
more smooth than the impulse shown in Figure 7.1.

1 1
%0 %0 %0

0 i N 0 [ N 0 ! N

@n=1 (b)n = 6. (©n=11.

Fig. 7.2: The 1D wave equation initialised with a raised cosine at the center of the system.

Strike

If one initialises the system with an initial velocity, i.e., only setting a displace-
ment at n = 1, and leaving u) = 0 for [ € d, one can use the raised cosine to
model a strike. Figure 7.3 shows a strike using the same values as for the pluck
in Figure 7.2 at n = 1, but leaving u? = 0. One can observe that, for the pluck,
the displacement of the system stays high rather than going back to 0 as in the
case of the pluck. Furthermore, the amplitude of the displacement is higher
than for the pluck (notice the scaling of the y-axis).

7.1.3 Triangular pluck

Another way to initialise the string, which is closer to reality, is to use a trian-
gular shape to model a pluck [1, 21].Using eamp as the maximum displacement
— at the corner of the triangle — and 2o € D as the plucking position, the

2Notice that the width is given in ‘number of grid spacings’ and will thus affect w + 1 grid
points. This is also why the range in Eq. (7.6) includes both end points.
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2 2 2
1 1 1
50 50 50

~o ! N 0 I N o I N

@n=1 (b) n = 6. (©)n =11.

Fig. 7.3: The 1D wave equation initialised with a strike at the center of the system. Notice the
scaling of the y-axis compared to Figure 7.2.

triangular excitation can be defined as

Samp if0<z<
ewi(t) = { Z L= 7.7)
(@ —L), ifxg <z <L

In discrete time, Eq. (7.7) becomes

S ifo<l<
El,tri = él) l7 lf 0 — l — lOa (78)
on (= N), ifly <I<N.

Due to the spatial discontinuity at the corner, some high-frequency oscillations
(similar to the impulse) might emerge. Figure 7.4 shows an implementation of
the 1D wave equation initialised with a triangular pluck excitation. The sample
rate is 441 kHz (10x the usual) to prevent these high-frequency oscillations from
appearing in the plot (though they still exist to some degree).

1 1 1
05 /\ 05 /\ 05
=0 250 =0
05 05

0 i N 0 i N 0 i N

@n=1. (b) n = 101. (c) n = 201.

Fig. 7.4: The 1D wave equation initialised with a triangular pluck with lp = |0.2N]. Note that
sample rate has been set to fs = 441000 Hz to show a more ideal triangular motion.
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7.1. Initial conditions

7.1.4 2D raised cosine

Introducing an extra coordinate y, one can extend the raised cosine presented
in Section 7.1.2 to 2D according to

. B _ if zs < 2 < @,
aénp <1 _ cos (271'(1 :rs))) (1 _ cos (27r(y y5)>) ’ s e
" " and ys <y < e,

€rc (LL', y) =
0, otherwise,
(7.9)
where r,, is the excitation radius. Similar to Eq. (7.4), the start and end
locations of the raised cosine in the x and y direction can be calculated as

T T T T

To=wo— o @e=Tot o, Y=t— 5, and ge=yo+ o,

where (29, yo) is the center coordinate and s, Te, ys, ye € D for a 2D domain D.
In discrete time, Eq. (7.9) becomes

o2 (1 cos (2202 ) ) (1—cos 2tz ) ), =05 e and
E(l,m),rc = 2 " " 7 ms < m < Me,
0, otherwise,
(7.10)
where r = [ry/h] is the discrete excitation radius (in ‘number of grid spac-

ings’). Furthermore, similar to Eq. (7.5),
ls=1lo—|r/2],le=1lo+|r/2], ms = mo—|r/2], and me = mo+|r/2] (7.11)

for discrete center coordinate (ly, mg) and I, le, ms, me € d for a discrete 2D
domain d. As in the 1D case, this excitation can be used to model a simple
‘pluck’ and strike for a 2D system. See Figure 7.5 for a visualisation of a 2D
raised cosine. A simple way to implement the 2D raised cosine in MATLAB
using the hann function is shown in Algorithm 7.1.
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E(l.m)ﬁrc

Fig. 7.5: A 2D raised cosine created using Eq. (7.10).

% Assuming Dirichlet boundary conditions and having initialised the
following

— center locations for the x and y-directions: 10 and mO

- radius of the excitation r (in grid points)

oo oo

8 start location x-direction

ls = 10 - floor(r/2);
le = 10 + floor(r/2); end location x-direction
( )
( )

8 start location y-direction

end location x-direction

ms = m0 - floor(r/2
me = m0 + floor(r/2

’

o o0 o oo

o

Create excitation matrix

e = zeros (Ny-1, Nx-1);

% Add one to hann function as the width is given in ‘grid spacings’
% and affects r+l grid points

e(ms:me, ls:le) = hann(r+l) % hann(r+1l)’;

% Applying excitation to stacked matrix form as in Section 6.2.3
u = reshape (e, (Nx-1) % (Ny-1), 1);

Algorithm 7.1: A MATLAB implementation of a 2D raised cosine.

7.2 Time-varying excitations

Although various types of excitation can already be modelled using the initial
conditions presented in the previous section, they are temporally rigid. In
other words, the time of excitation is fixed to be at the start of the simulation.
In order to excite the system while the simulation is running, one can create
excitations that — on top of being spatially distributed — have a temporal profile

as well.

For the following, consider the ideal string of length L (in m), where its
transverse displacement is described by v = u(x,t) (in m). The system is
defined for ¢t > 0 and = € D with domain D = [0, L]. The PDE of the ideal
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string with a time varying external force f(¢) (in N) is defined as (Eq. (2.38))
pAGZu = TO>u + e(z) f(t) (7.12)

where e(z) is a spatial distribution function such as those presented in Section
7.1 (inm™1).
In discrete time, Eq. (7.12) becomes

with discrete spatial distribution E; and discrete time-varying external force

fﬂ,.

7.2.1 Raised cosine

To yield a smooth excitation over time, one can, similar to the spatially dis-
tributed raised cosine in Eq. 7.1.2, define a temporally distributed raised
cosine. Using the time of excitation t, > 0 and excitation duration tq4 > 0 (both
in s), the temporal raised cosine can be used as a force function, as

{f“;"(l—cos(q’*(;‘t“)), ts <t <to+ta

0, otherwise.

f(t) = (7.14)

As done in [64, 65], ¢ alters the excitation to be a pluck when ¢ = 1 and a strike
when g = 2. Finally, famp is the maximum force (in N).

As done in papers [A] and [B], the force function can be used in conjunction
with the distribution functions shown in Section 7.1. When used to scale a
spatially distributed raised cosine as in Eq. (7.3), one can model a pluck or a
strike, by setting ¢ = 1 or ¢ = 2 respectively. These alternatives are visualised
in Figure 7.6. Note, that if one would like fimp to be the maximum force, one
must set e;mp = 1in Eq. (7.3).

In discrete time, the force function in Eq. (7.14) becomes

famp (1 — Cos (M)) n, <’]’L< n +n
ol o » Mo =T = NoTd, (7.15)
0, otherwise.

where ng = |tq/k| is the duration of the excitation in samples.

7.2.2 Pulse train

As already briefly introduced in Section 5.1.3, one can create a pulse train to
excite an acoustic tube. This is inspired by [21] where the signal represents
the opening and closing of the glottis. As the characteristics of the lip reed are
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(b) Strike (¢ = 2).

Fig. 7.6: The time-varying raised cosine showing a (a) pluck and a (b) strike. The location of
excitation xg is shown in green, the width z in red and the excitation start o and duration ¢4 in

blue.

similar to the vocal folds [80], the pulse train has been used as a test signal here
(also see Section 9.3.2). A more complete model of the lip reed can be found
in Chapter 9.

The pulse train can be created using a clipped sinusoid, which can be used
as the input velocity to an acoustic tube. Algorithm 7.2 shows an example of
how to generate a pulse train. The frequency as well as the duty cycle (how
much of the signal is non-zero) can be set. Figure 7.7 shows the output of the

algorithm.
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T T T T T T T T
100 200 300 400 n 500 600 700 800 9

Fig. 7.7: The pulse train generated using Algorithm 7.2 (f = 440 Hz, duty cycle = 75%).

Uin

00

%% Pulse train generator

fs = 44100; % Sample rate [Hz]

lengthSound = fs; % Length of the sound [samples]
f = 440; % Pulse train frequency

dutyC = 0.75; % Duty cycle [0-1]

amp = 1; % Amplitude

%% Create input signal
for n = 0:lengthSound
if mod(n, fs / f) <= fs / £ * dutyC
vIn(n+l) = amp * sin(f * pi / dutyC * mod(n, fs / f) / £fs);
else
vIn(n+l)

0;
end
end

Algorithm 7.2: MATLAB code to generate a pulse train.
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Chapter 8

The Bow

The bow is an extremely interesting excitation mechanism from a simulation
perspective. A bow excites a string with a force due to friction, which intro-
duces a nonlinear element into the system. The string ‘sticks” to the bow and
‘slips” again when the restoring force of the string is too great and consequently
overcomes the friction force. This ‘stick-slip’ behaviour, first coined by Bowden
and Leben in 1939 [81] causes the string to move in a characteristic triangular
motion where the corner of the triangle moves back and forth along the string
(see Figure 8.1). Herman Helmholtz was the first to discover this behaviour in
the 19'" century, which later got named Helmholtz motion in his honour [82].1

\

Fig. 8.1: Helmholtz motion. If the bow moves up on the left side of the string, the ‘Helmholtz
corner’ travels anti-clockwise.

1Also see https://www.youtube.com/watch?v=6JeyiM0YNo4
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u(:l:out ) t)

1 1 1 1 1 1 1 1 1 1
0 0.002  0.004  0.006  0.008 0.01 0.012  0.014 0.016  0.018 0.02
t

Fig. 8.2: An example of the (ideal) Helmholtz motion of a location zout along a bowed string.

The Helmholtz motion gives bowed string instruments, such as the violin
and cello, their characteristic sound. An ideal case is shown in Figure 8.2,
where, for a string described by u(z, t), the location of a point zqy: along the
string follows a sawtooth-like motion due to the “stick-slip” behaviour.

The rest of this chapter is structured as follows: first, a brief history of
bowed-string simulations is presented. Then, an introduction to interpolation
and spreading operators, as well as an introduction to the Newton-Raphson
method will be given, both of which are necessary to work with bow-string
interaction. Finally, a static and a dynamic friction model are presented. The
latter, the elasto-plastic friction model, was applied to a FD scheme of the stiff
string during this project and is one of the contributions, published in paper

[C].

8.1 Brief history of bowed-string simulation

The first nonlinear systems in the context of musical instrument simulations,
including the bowed string, were presented by McIntyre, et al. in 1983 [12].
The first real-time implementation of the bowed string was proposed by Smith
in 1986 and used digital waveguides for the string and a look-up table for
the friction model [83]. Simultaneously, Florens et al. presented a real-time
implementation of the bowed string, but instead, the string was modelled using
mass-spring systems and the friction model used a static friction model [84]
(see Section 8.4). One of the most complex friction models applied in a musical
context to-date is the elasto-plastic friction model proposed by Dupont [85],
which Serafin et al. [86, 87] applied to a digital waveguide implementation of
the string.

The first appearance of FDTD methods in bowed string simulations was
in a publication by Pitteroff and Woodhouse in [88]. Later, Maestre et al. in
[29] used FDTD methods to implement a thermal friction model proposed by
Woodhouse in [89]. In both cases, the string was implemented using digital
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waveguides. Desvages implemented a bowed string model using a static
friction model and a two-polarisation FDTD model for the string in [52, 51],
but did not implement this in real-time. The first real-time implementation
of a bowed stiff string fully modelled using FDTD methods was presented in
paper [A]. Finally, paper [C] presented the first (real-time) implementation of
the elasto-plastic friction model applied to a FD scheme in a musical context.

8.2 Interpolation and spreading operators

This section summarises and extends [21, Sec. 5.2.4 pp. 101-104].

To listen to, or interact with a FD scheme between grid points, it is necessary
to use some form of interpolation. To this end, an interpolation operator I(z;)
can be introduced and can applied to a grid function [21]. This operator is
a function of z;, the (continuous) location of interest and can be defined in
various levels of accuracy. In this section, a 1D system u(x,t) is assumed
where z € D for spatial domain D. The theory presented in this section will
be extended to 2D in Section 11.1.

An interpolation operator can be applied to a grid function u}’, which
performs the following operation:

Lo(wui =Y Iio(wi) - up. (8.1)

led

Here, o is the order of the operator, and ! € d with discrete domain d, which
needs to be the same for both [; ,(z;) and u}".
The simplest interpolation operator is of ‘0!""-order and is defined as

1, ifl=1,
I xTi) = 8.2
Lo(ai) { 0, otherwise, ®2)

where the grid location of interest is defined as [; = |z;/h| (see Figure 8.3a).
Instead of actually performing an interpolation operation, I, simply floors its
input to the grid location below. A slightly more accurate way to perform
0th-order interpolation is to round z;/h to the nearest integer, rather than to
use the flooring operation.

First-order or linear interpolation uses the fractional part of the flooring
operation as well, according to o = xi/h — l; and is defined as

(1 — ai), ifl = li,
Iia(zg) = § o, ifl=10+1, (8.3)

0 otherwise.
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Lo(i)uy' Lia(zi)up I3 (wi)
ud o oul oulb o owhy o ouh ul up o ullouy o ouy o) ul up oullouyouyouf o ul
T i T
(a) 0™-order interpolation. (b) Linear interpolation. (c) Cubic interpolation.

Fig. 8.3: Interpolation with varying orders of accuracy.

See Figure 8.3b.
The highest order interpolator used in this project is the Lagrange cubic
interpolator:

—ai(a; — 1)(0q — 2)/6, l=10—-1,
(i — D) + (e —2)/2, =1,
Lis(xi) = ¢ —ai(ai + 1) (05 — 2)/2, l=l+1, (8.4)
aj(ai +1)(ey — 1)/6, l=1+2,
0, otherwise.

See Figure 8.3c. Notice that the sum of all values of I; ,(x;) add up to 1,
regardless of the order of the interpolator or the value of «;.

One could potentially create higher-order interpolation operators, but as
one is restricted to a finite domain, the flexibility of the implementation re-
duces. Notice that if o = 0, the higher-order interpolators reduce to the
0'h-order interpolator in Eq. (8.2).

Apart from interpolation operators, one may define spreading operators
which can be interpreted as an inverse interpolation operation. A spread-
ing operator J(x;) is used to interact with a distributed FD scheme in the form
of an excitation or other interactions, such as connections or collisions between
multiple schemes (also see Part IV).

The spreading operators can be defined in the same way as the interpolation
operators described above, yielding a 0"-order spreading operator

1|1, ifl=y
Ji Xri) = — ’ ’ 8.5
Lo(@i) h { 0, otherwise, ®.5

a linear spreading operator

1 (1 - Ozi), ifl = li,
Jia(x) = R ifl=10+1, (8.6)
0, otherwise,
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and a Lagrange cubic spreading operator

—aj(a — 1) (e — 2)/6, =11,
) (i — D+ 1) (e —2)/2, 1=1,
Ji3(xi) = 7 —ai(a; + 1) (a5 — 2)/2, I=1+1, (8.7)
ai(as + 1)(cs — 1)/6, I=1;+2,
0, otherwise.

Notice that the spreading operator uses a scaling by 1/h. An intuition this
will be given in Section 11.1.1. As is the case for interpolation operators,
higher-order spreading operators reduce to Eq. (8.5) if a; = 0.

Spreading operators approximate the spatial Dirac delta function 6 (z — ;)
(in m~1), which is a test function defined as

0, otherwise,

5(z) = { oo, =0, and /OO 5(2)da = 1, 8.9)

used in continuous time to locate an external force to a location z; along a
system distributed over space x. Note that the definition in (8.8) will not be
used directly. Instead, it can be approximated using the spreading operators
presented in this section.

Identities

The following identity is extremely useful when solving systems including in-
terpolation and spreading operators of the same order o for any (grid) function
f and discrete domain d:

(f1, Ji,0(xi))a = I1o(i) f1, (8.9)

where ! € d. From this, it follows that taking the norm of a spreading operator
over a given domain, is identical to applying to its ‘dual” interpolation operator
(of the same order o0 and same input z;):

(o), Jio(21))a = 10 (@) |G = T1.0(xi) J10(x1). (8.10)
See Section 3.2.1 for more details on the inner product and the norm.

Other distributions

This section presented interpolation and spreading operators that interact
with the state of a FD scheme at a single location z; and either interpolate or
distribute over a range of points. Although multiple grid points might be used
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for these operations, the interpolation or spreading is not distributed. Physical
exciters such as mallets or bows have a non-zero width and thus interact with
a larger part of the system. One could make an arbitrary distribution function
E with elements ¢; (in 1D) where [ € d for discrete domain d of the system at
hand. The distribution and spreading operators become

€
2 q¢l
Although any values for £ would work, the sum of £ needs to be normalised
to 1 to retain correct scaling, as shown in Eq. (8.11).

1
Il = and Jl = EIZ. (811)

8.3 The Newton-Raphson method

Before moving on to more complex nonlinear excitation mechanisms, it is
useful to go over the process of how to solve some of these mechanisms using an
iterative root-finding method called the Newton-Raphson method (or Newton-
Raphson for short).

If a FD scheme can not be solved explicitly, due to an implicit dependence
on a variable for example, Newton-Raphson can be used. For a continuous
and differentiable function f(x) = 0, its root can be approached using the
following iteration
(i)
fr)
with iteration number 7 and the tick is used to denote a derivation with respect
to . This iteration will then be carried out until the difference between the
values of two consecutive iterations is smaller than a given threshold:

Ti4+1 = L5 — (812)

‘$i+1 — l‘i| <€, (813)

where € is small, but its value depends on the situation at hand. To prevent
Newton Raphson from iterating endlessly (if the iteration can not converge),
one can put a cap on the number of iterations allowed.

Preferably, the starting point of the iteration, xy, should be close to the
value of where the root is expected to be. This is especially the case for a
higher-ordered function with multiple roots (non-uniqueness) or many local
variations.

Algorithm 8.1 shows an example of an implementation of Newton-Raphson
using f(z) = e* =1 = f'(x) = e* and Figure 8.4 visualises the iterative
algorithm.
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8.3. The Newton-Raphson method

% An example of the Newton Raphson method using f(x) = exp(x) - 1
x = 1; % starting point
eps = le—4; % threshold

% if the threshold has not been crossed before this number of

iterations, do not iterate more
maxIterations = 100;

% loop until a maximum number of iterations

for i = l:maxIterations
% calculate next iteration (Eq. (8.12)
xNext = x — (exp(x) - 1) / (exp(x));

% threshold check (Eq. (8.13)
if abs (xNext - x) < eps

break; % break out of the for loop
end

% update the value of x
x = xNext;
end
disp ("The root of f(x) is at x = " + xNext)

Algorithm 8.1: Example of an implementation of the Newton-Raphson method using f(z) =
e’ — 1.

i=1 =2 i=3
3 3 3
2 2
O O
= =
0 0
1 1
-0.5 0 0.5 1 -0.5 0 0.5 1 -0.5 0 0.5 1
x x xr

Fig. 8.4: The Newton-Raphson method. The z-value of the root of the tangent line at f(x;) is used
to evaluate the next iteration.
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8.3.1 Multivariate Newton-Raphson

For M functions f,, dependent on the same number of independent variables
zm withm = {1,..., M}, Newton-Raphson can be extended to

Of1(xi 8fi(x) 77t
et B A
Xit1 = X — ) (8.14)
Ofm (x4) Ofm(xi) .
Shexd L S fa(x;)
JI(xi)
where the column vector x = [z1,...,2 M]T is the collection of independent

variables, and the iteration number is (again) denoted by . The matrix in Eq.
(8.14) is referred to as the Jacobian matrix J and contains the derivatives of all
functions with respect to each individual independent variable.

As an example, consider the following system of equations?:

f1(x) = 321 — cos(zax3) — 3/2 =0, (8.15a)
fo(x) = 423 — 62523 + 213 — 1 = 0, (8.15b)
fa(x) = 2023 + e 172 +9 =0, (8.15¢)

where x = [21, 79, 73]7. The Jacobian matrix will be

3 xzsin(zexs) x2sin(xaxs)
J(x) = 84 —1250z5 2 ,
—xge”T1T2 e TLIT2 20

and its roots can be found by iteratively calculating Eq. (8.14).

8.4 Static friction models

A friction model is a nonlinear function that is (at least) dependent on the
relative velocity vy between the bow and the string. This function scales how
much the bow force affects the bowed object. In static friction models, the
friction force is defined as a function of this relative velocity only. The first
mathematical description of friction was proposed by Coulomb in 1773 [90] to
which static friction, or stiction, was added by Morin in 1833 [91] and viscous
friction, or velocity-dependent friction, by Reynolds in 1886 [92]. In 1902,
Stribeck found a smooth transition between the static and the coulomb part of
the friction curve now referred to as the Stribeck effect [93]. The latter is still
the standard for static friction models today.

2Taken from http://fourier.eng.hmc.edu/el76/lectures/NM/node21.html
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8.4. Static friction models

Many static friction models contain a discontinuity where the relative ve-
locity between the v, = 0, due to a multiplication with sgn(vy) in their
definition. In this project, only the following static friction model has been
used [21]

B (Urer) = V2avyee L2, (8.16)

as it is continuous and differentiable, but still approximating discontinuous
bow models. These characteristics make this model easier to work with in
implementation. A definition for v will be given below.

05F 4

q>(vrcl)

-1 1 1 1 -
-1 -0.5 0 0.5 1
Urel

Fig. 8.5: The friction model in Eq. (8.16) with a = 100.

8.4.1 The bowed stiff string

Consider a stiff string, its transverse displacement described by u(x, t) defined
for x € D (see Chapter 4). The relative velocity between the string at bow
position zg = zg(t) € D and the bow can then be described as

Urel = Opu(wp,t) — vp(t) (8.17)

(in m/s) with bow velocity vg = vg(t) (in m/s).
Recalling the PDE of the stiff string in Eq. (4.3)

pA*u = TO*u — EI0*u — 200pAdsu + 201 pAd, 0 u, (8.18)
one can add the bow force to the equation according to
pAG?u = TO>u— EI0tu—200pAdiu+ 201 pAdi02u—6(x —xp) f5P(vrer) (8.19)

where spatial Dirac delta function §(z — zp) (in m~!) (see Section 8.2) positions
the bow along the string and fg = fg(t) > 0 is the bow force (in N).?

3If the spatial Dirac delta function were omitted, the bow force would be applied to the entire
string domain rather than only the bow location xg.
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Intuition

From Eq. (8.19) it can be seen that the bow force gets scaled by the friction
model ®(vg) shown in Figure 8.5. The figure shows that if v, is too large
(either positively or negatively), the bow term in (8.19) becomes 0. If, on
the other hand, vy is closer to 0, the bow will have an effect on the string.
This can be interpreted in terms of static and dynamic friction*. A stationary
object requires more force to be moved than a moving object, i.e., the static
friction coefficient is always higher than the dynamic friction coefficient. This
is essentially what the friction model tries to simulate.

It might seem counter-intuitive that the bow term is subtracted from the
scheme. This is due to the definition of the relative velocity in Eq. (8.17). For
a negative bow velocity vg, vyl becomes positive. As sgn (®(vye1)) = SgN(Vrel)
through Eq. (8.16) and fg > 0, the term §(x — xB) fp®(vre1) Will be positive for
a positive ve1. As a negative vg needs to have a downwards, or negative, effect
on the string, the sign of the bow term also needs to be negative to achieve this.

Discrete time

Dividing all terms in Eq. (8.20) by pA and discretising the system yields

Sepult = 0pptt) — K20 ppaztl] — 20004 u]" 4 2016 0ppuf — Jy(zh) FE®(v]Y),
(8.20)
with F = fi'/pA and spreading operator J;(z}) = J; ,(z}) (in m~') as de-
scribed in Section 8.2, where the order o remains undetermined for now. As
the bow position, bow velocity and bow force are time-dependent, these have
a superscript n in discrete time. These parameters are called control parameters
and will be supplied by the performer in an eventual implementation.
The relative velocity in Eq. (8.17) is discretised using a centred difference
operator according to
vre = Li(25)de.ui" — vg, (8.21)

n

with interpolation operator [;(zf) = I ,(zf) and is of the same order as
Ji(z§). Equation (8.21) makes the scheme implicit due to the centred difference
operator as the FD scheme in Eq. (8.20) is now nonlinearly dependent on uf“.
To solve Eq. (8.20) for u?“, an iterative root-finding algorithm is required,
such as Newton-Raphson described in Section 8.3. This process could be
circumvented by using a backward difference operator in Eq. (8.21), but this

will affect the accuracy and behaviour of the bow model.

4The terms “static’ and ‘dynamic’ used in this sentence, do not relate to a ‘static’ or ‘dynamic’
friction model. Rather it refers to the friction for an object at rest (static), versus that of an object
in motion (dynamic).
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8.4. Static friction models

Solution

To find a solution for ul"H at the bow location, an inner product of the scheme

in Eq. (8.20) with spreading operator J;(z}) must be taken over the discrete
domain of the string d which isolates the scheme at the bowing location.
Performing this operation and using identity (8.9) yields

L(xp)dunu) = L(2R)0u]” — K2L(2R)Spwaett) — 2001 (2] )6 u)

N (8.22)
+ 200 1 (25) 0 Ouaui — || T ()15 F5 @ (vgm)-
One can rewrite Eq. (8.21) to
I (.’L‘B)(St U’l = 'Urel + 'UB7 (823)

and using identity (2.27a), Eq. (8.22) can be rewritten and assigned to a function
g(vyy,) according to

2
oluta) = (5 +200 ) o + IAGRIEFFR0OR) +07 =0, 6829

where the terms not dependent on vy are collected in®

2
b = — —Ij(ag)di—_u] — CQIl(acg)é”u? + /iQIl(xg)émmu?
k
9 (8.25)
+ <k‘ + 2(70) vg — 2011 (28)dt—Opru

One can then perform the Newton-Raphson method detailed in Section 8.3
to iteratively solve for vy

Uhe)i
()ier = (o) — M , (8.26)
where
o (o) = % + 200+ [RGB (01,
and

(I)/(vrel) V2a (1 - 2@( rel) ) e—a(v;1)2+1/2.

5An interpolation operator applied to a spatial derivative can be expanded in a similar fashion
to when it is applied to a grid function. A first-order interpolator applied to d,u}' thus yields
1,1 (2)0oau = (1 — i)deauf + abzau], ;.
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8.4.2 Implementation and output

To implement the bowed stiff string, one must perform the Newton-Raphson
iteration every sample. For the implementation shown in this section, the
threshold in Eq. (8.13) has been set to ¢ = 1077 and the maximum number of
iterations to 100. In the following, the parameters used for the string are listed
in Table 4.1 with T" = 1000 N and those for the bow are

xg=1/8, fg=1N, o5 =0.2m/s, and a = 100.
Furthermore, 0!-order interpolation and spreading operator are used.

Figure 8.6 shows the behaviour of a bowed stiff string at the beginning of
the simulation and shows the characteristic stick-slip behaviour. Figure 8.7
shows the state of the same simulation 3 seconds later. One can observe the
Helmholtz corner move in an anti-clockwise direction as presented in Figure
8.1. Finally, the time domain output of the string at the bowing location shown
in Figure 8.8 generally follows the Helmholtz motion shown in Figure 8.2.

%104 n=4 %104 n=19 %104 n =234
1 1 1
0 A 50 f N———— 1 50f N————————
1 -1 1
0 zph 1 N 0 zph 1 N 0 zph l N
S n =49 | X107 n =04 (X107 n="79
%0 ./\__7 50 /\/\& =0 M
- -1 -
0 xzgh 1 N 0 zph 1 N 0 zph 1 N

Fig. 8.6: Behaviour of a bowed stiff string at the start of the simulation.

8.4.3 Energy analysis

Following the energy analysis of the stiff string presented in Section 4.4, taking
an inner product of Eq. (8.20) (after multiplication by pA) with (J;.u}*) over
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%10* n=4+3f, %1073 n=19+3f x107% n=34+3f
1 1 1
:~0/\ =5()/-\ :NO/\
-1 -1 -1
0 xph 1 N 0 xgh 1 N 0 xph l N
%103 n =49+ 3f, %10~ n=64+3f, %1073 n=794+3f;
1 1 1
e \//// w0 \/
-1 -1 -1

0 zph 1 N 0 zph 1 N 0 zph l N

Fig. 8.7: Behaviour of a bowed stiff string simulation after 3 seconds. The string exhibits a
Helmholtz motion as presented in Figure 8.1.

x1074

5

-5 1 1 1 1 1 1 1 1 1
1.323 1.324 1.325 1.326 1.327 1.328 1.329 1.33 1.331 1.332 1.333
n x10°

Fig. 8.8: Time domain output at the bowing location of a bowed stiff string using the static friction
model in Eq. (8.16).

discrete domain d one arrives at the following
Se+b +q = —((0.ui’), Ji(25) 5 2(vre1)) a

Eq. (8.9) n n\ rn n
—1i(zg) (0e.u]") f5 @ (vrer)

Eq. (823) n n n n n n
_fB (I)(Urel)vrel _fB (I)(vrel)UB )

loss power

where h and q are as defined in Eqs. (4.29) and (4.28) respectively. As
sgn (®(v7)) = sgn (v7,) through Eq. (8.16), one can observe that the first
term on the right-hand side always has a negative effect on the rate of change
of the total energy. This term can therefore be interpreted as the loss of power
through the bow (as indicated). The last term is of indeterminate sign and can
thus be interpreted as the power supplied by the bow.
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The final energy balance can thus be written as

diph=—q—qp—p (8.27)
where
qB = f5 P(Vre)Vrer and  p = fg'®(vyy)vg.

Figure 8.9 shows the energy of the bowed stiff string corresponding to the wave
propagation in Figure 8.6. The bow only injects energy into the system when
it sticks to the string.

X107 %10-12

0 20 40 n 60 80 100 0 20 40 n 60 80 100

Fig. 8.9: The kinetic (blue), potential (red), and total (black) energy of the bowed stiff string. The
right panel shows the normalised energy (according to Eq. (3.38)) and shows that the deviation
of the energy is within machine precision.

8.5 Dynamic friction models

As opposed to static friction models, dynamic friction models relate the relative
velocity to the friction force using a differential equation. Dynamic friction
models exhibit a phenomenon called hysteresis, which is the dependence of a
system on its history. This hysteresis loop is in the force versus velocity plane
and has been confirmed by measurements using a bowing machine in [89].

The first dynamic friction model was proposed by Dahl [94] and captured
hysteresis effects. The Stribeck effect (mentioned in Section 8.4) was, however,
not taken into account. The LuGre model (named after the collaboration
between Lund and Grenoble) was then proposed by Canudas de Wit et al.
in [95, 96], and extended the Dahl model by taking the Stribeck effect into
account. The model assumes a large ensemble of bristles between the two
sliding surfaces, each of which contributes a tiny amount to the total friction
force. The drawback of this model is that it exhibits drift for extremely small
external forces. In [85], Dupont et al. extended the LuGre model by allowing
for a purely elastic regime that solves the drift issue. This model is referred to
as the elasto-plastic friction model and is used in this project.

The first appearance of a contribution in this thesis is the elasto-plastic

166



8.5. Dynamic friction models

friction model applied to a stiff string implemented using FDTD methods.
This has been presented in paper [C] and will be summarised in this section.
Furthermore, this section extends the paper by providing a stability analysis
using the techniques presented in Section 3.4.4.

8.5.1 The elasto-plastic friction model

In a musical context, the elasto-plastic friction has been investigated in-depth
by Serafin et al. in [86, 87, 97]. Like the LuGre model, the elasto-plastic friction
model assumes that the friction between the bow and the string is caused by
a large quantity of bristles, all contributing a fraction of the total amount of
friction. See Figure 8.10.

UB
_—

bow

string

o T e
2

(c) Zpa < |2] < zss|

I
o

(@ M/ 2] > |2

Fig. 8.10: A visualisation of the microscopic displacements of the bristles between the bow and
the string assumed by the elasto-plastic friction model. The bow moves right with a velocity of
vg. (a) The average bristle displacement z = 0. (b) The bow moves right relative to the string and
the purely elastic, or ‘presliding’ regime, is entered (stick). (c) After |z| gets larger than the break-
away displacement z,,, more and more bristles start to ‘break’. This is defined as the elasto-plastic
regime. (d) After |z| > |zss| all bristles have ‘broken’, the steady state (slip) is reached and the
purely plastic regime is entered. (Adapted from paper [C].)

Unless denoted otherwise, this section follows the original model in [85],
but with the appropriate corrections added as presented in paper [C]. As
opposed to the static friction model described in the previous section, the
friction force f (in N) is now dependent on the average bristle displacement
z = z(t) (in m) as well as the relative velocity v = v(¢) (in m/s). The friction
force is defined as

flv,2) = spz + $12 + sav + szw, (8.28)

with bristle stiffness s > 0 (in N/m), bristle damping s; > 0 (in kg/s),
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viscous friction sy > 0 (in kg/s) and, as presented in [87], a dimensionless
noise coefficient s3 multiplied onto a pseudorandom function w = w(t) (in
N) generating values between —1 and 1. Moreover, for a string defined over
domain D, the relative velocity between the string at bowing location zg =
zg(t) € D and the bow is defined as (similar to Eq. (8.17))

v = Opu(xp,t) — vs, (8.29)

with bow velocity vg = wvg(t) (in m/s). Lastly, Z is the rate of change of the
bristle displacement (in m/s) and is related to v according to

t=r(v,z) =0 [1 — (v, Z)ZZ(U)] . (8.30)

Here, 2 is the steady-state function

) = B [t (g — foye ], (831)
where the vg is the Stribeck velocity (in m/s). Furthermore, using the normal
force fn = fn(t) (in N), the Coulomb force and stiction force can be calculated
according to fc = fnpuc and fs = faps respectively (both in N). In these defini-
tions, pc and ug are the dimensionless dynamic and static friction coefficients
respectively. A plot of the steady state function can be found in Figure 8.11.

x10™

-05 -04 -03 -02 -01 0 0.1 0.2 0.3 04 05
v

Fig. 8.11: The steady-state function zs(v) plotted against relative velocity v with sp = 104,
uc = 0.3, us = 0.8, vg = 0.1 and fy = 5.

Finally, a(v, z) in Eq. (8.30) is an adhesion map between the bow and the
string and is defined as

0 |Z| < Zpa
am(v,2)  2ba < |2] < |2ss(v)] p  if sgn(v) = sgn(z)

a(fv,z) = 1 |Z| Z ‘Zss('[})| (8.32)
0 if sgn(v) # sgn(z),
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where the transition between the elastic and plastic behaviour is defined as

2 sgn}le(o) )

|2ss(V)] — 2ba

am = % {1 + sgn(z) sin <7r (8.33)

where the break-away displacement zp, = zpa(t) = 0.7fc/so determines the
value of z before bristles start to break. The adhesion map is visualised in
Figure 8.12 and relates to Figure 8.10 as described in its caption.

Plot for a(v, z) if sgn(v) = sgn(z)

-Zss ('U) -Zba (Z) Zba Zss ('U)

Fig. 8.12: A plot of the adhesion map a(v, z) in Eq. (8.32) plotted against z when sgn(v) = sgn(z).

The different coloured regions correspond to Figure 8.10 according to: yellow - a) & b), orange -
¢) and red - d). (Adapted from paper [C].)

Discrete time

Equation (8.28) can be discretised to
F"™,2") = s02™ + s1r™ + 590" + szw”, (8.34)
where Eq. (8.29) can be discretised to
v" = Ij(zg)0r.u) — vg, (8.35)
with interpolation operator I;(z3) = I; ,(z§) (of unspecified order o) and

ZTL

T=r" ") =0"|1—-a(", ") —
r 7('U, ) ( ’ )Zss(vn)

(8.36)

is the discrete counterpart of Eq. (8.30). The discrete adhesion map is iden-
tical to the continuous definition given in Egs. (8.32) and (8.33), but with
superscripts n added for appearances of v and z.
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8.5.2 Applied to a FDTD stiff string

In the same way as done with the static friction model in Section 8.4, one can
add the friction force to the stiff string PDE in Eq. (4.3) and discretise the
system as follows:

JL‘(U’n7 Z”)
pA

(8.37)
where spreading operator J;(zf) = J; ,(2f) and is of the same order as I;(zf)
in Eq. (8.35). Following the same procedure as for the static friction model in
Section 8.4, one takes an inner product with J;(x} ) over discrete string domain
d and using identities (8.9) and (2.27a), one can rewrite this similar to the static
friction model in Eq. (8.24) as

n 2 n 2 n n n n
Opptt) = C“0patt]’ — K 0gpaatt] — 2000¢.u) + 20101 Ogpu] — Ji(xg)

2 v, 2" n
g (v, 2") = = + 200 | V" + HJl(mE)Hflﬂi) +b" =0, (8.38)
k pA
where
2
b = — %Il(atg)ét,u? — CQII(;UE)(SMUZ” + RQIl(xg)émmu'l”

2
+ <k‘ + 2(70) vg — 2011 (28)0—Oppu]

As gy contains two unknown variables v™ and 2" that need to be solved for, the
multivariate Newton-Raphson method presented in 8.3.1 must be performed.
To be able to do this, an extra function, which is dependent on v™ and 2", must
be included.

Asr describes z in Eq. (8.30), one can take another approach to approximate
%z using the trapezoid rule [21]

2
a" = ()"t = a" = E(z” — 2" ) 4 e (8.39)

As both ¢™ and r™ approximate %, these can be used to create the second
function necessary to solve the full system:

g2(v", 2"y =7r" —a" = 0. (8.40)

Finally, one can use the multivariate Newton-Raphson method described in
Section 8.3.1, which results in

n n 991  Oq
v v - - g1

) = | = |9 z . 8.41
Ln} i+l Lﬂ} i {%j 825;2} {92] (8.41)
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The derivatives in the Jacobian matrix are given in Appendix F.7.

8.5.3 Output

In the following, the same parameters as presented for the static friction model
in Section 8.4.2 have been used for the string and the bow (where fx = f3).
Additional parameters used for the elasto-plastic friction model are given in
paper [C].

Figure 8.13 shows that the implementation of the elasto-plastic friction
model exhibits a hysteresis loop in the force versus velocity plane, as desired
from a dynamic friction model. The values around v = 0 are due to stick-
ing behaviour and the loop on the left is due to slipping behaviour. Figure
8.14 shows the output of the implementation and follows the characteristic
Helmholtz motion shown in Figure 8.2. When compared to the output of the
static friction model in Figure 8.8, the output of the elasto-plastic implemen-
tation seems to be more ‘smooth’ overall, which could be explained by the
inclusion of the bristles and their elasticity.

Force function f(v,z) against relative velocity
T T T T T T T

-0.35

_0'55 1 1 1 1 1 1 1 1
-045 -04 -035 -03 -025 -02 -0.15 -0.1  -0.05 0 0.05

v

Fig. 8.13: Hysteresis loop showing 500 values up to n = 3 f;. (Adapted from paper [C].)

1 1 1 1 1 1 1 1 1
1.323 1.324 1.325 1.326 1.327 1.328 1.329 1.33 1.331 1.332 1.333
n x10°

Fig. 8.14: Time domain output at the bow location of a stiff string bowed using an elasto-plastic
friction model.
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8.5.4 Stability through energy analysis

As the elasto-plastic bow model is a differential equation in itself, its approxi-
mation will need to abide a stability condition as well. As the system at hand
is nonlinear, frequency domain analysis as described in Section 3.3 can not
be performed. Energy analysis, on the other hand, can be used here to de-
termine the necessary stability condition for this model. This section follows
the concepts introduced in Section 3.4.4 to obtain a stability condition for the
elasto-plastic friction model. A similar process for finding stability for the
LuGre model has been done by Olsson in continuous time [98, p. 55]. The
derivation below is inspired by his.

First, all terms of Eq. (8.37) are multiplied by pA to get the appropriate
units for the analysis. Then, the inner product with (J;.u]") over the discrete
string domain d is taken to get

dt+bs +9s = —pB (8.42)

where the definitions for the discrete Hamiltonian hs and the damping term g
for the string can be found in Section 4.4. The input power introduced by the
bow is defined as (writing f(v™,2") = f")

pe = ((de.ui'), J (25) " )a
which, using identity (8.9), can be written as
ps = Li(g)dsug [
Finally, using Eq. (8.35) yields
pg = f"u" + fMug. (8.43)

The term f"v" is the important one as f™vf is a driving term, and is zero
when the external bow velocity is zero. This means that this does not affect
the internal stability of the system. In the following, the superscript n is
suppressed for brevity.
Substituting Eq. (8.34) into fv and ignoring the noise term s3w™ for now,
yields
pp = fu =o0gzv+ o1rv + o2, (8.44)
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The definition for 7" in Eq. (8.36) may be rewritten as

r:v{l—az:(v)},

voz

r=0—- ——
25 ()’
voz

v=r-—+ s
265 (V)

and (following Olsson) may be substituted in Eq. (8.44) as

PB = S0% (7“ + W) + 511 (7“ + ves ) + s902, (8.45)
Zss(v) ZSS(U)

or

2

2
vz vz $1vQ 9
= - . 8.46
Po = sozr s (T * 2255(”)) - 2ss(v) (SO 4255(7))) v ( )

The power introduced by the bow can then be subdivided into the total energy
in the bristles and their damping. As r approximates z the first term, one can
rewrite this to

§t+ hbrist ~+ brist > O>

which needs to be non-negative for passivity.
Starting with the damping term, which is defined as

2 2
vz vz S1vQ 9
rist = - , 8.47
forist = 51 (T—i- 2255(”)) - 2ss(v) (80 4255(’0)) o ( )

one can show that, as all coefficients are non-negative and sgn(v) = sgn(zss(v))
(through a multiplication by sgn(v) in the definition of in Eq. (8.31)), qpyist is
non-negative under the following condition:

< 450255(v) '

(8.48)

S1
v

This is the same condition as Olsson presents for the LuGre model [98], and
means that as long as one knows the limit of the velocity of the system, the
coefficient s; can be set accordingly.

Using identity (3.17b), the energy stored in the bristles can be shown to be

S
Bbrist = §2n6t72n7 (8.49)

which is not necessarily non-negative. In [98], Olsson performs the analysis in
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continuous time, where the energy in the bristles is defined as

s
Dbrist = 5022, (8.50)
which is clearly non-negative. Further work needs to be done to prove stability

for the discretisation of the elasto-plastic friction model in Eq. (8.34).6

8.6 Discussion and conclusion

This chapter presented the bow as a mechanism to excite stiff strings. Two
friction models have been presented: a static friction model where the friction
force is only a function of the relative velocity between the string and the bow,
and a dynamic elasto-plastic friction model, which relates this relative velocity
to the friction force using a differential equation. The latter has been presented
in paper [C] where it was first applied to stiff strings based on FDTD methods.
Stability analysis for the elasto-plastic friction model is ongoing, although a
stability condition for parameters of the model has been presented.

Although a successful implementation of the elasto-plastic friction model
has been made, it has not been used in the project beyond paper [C]. It was
found that small changes in parameters, both control and model parameters,
already yield large behavioural changes. An attempt was made at using the
elasto-plastic friction model with a fully modelled instrument (the tromba
marina presented in papers [D] and [E]), but this did not yield the desired
results, and the predictable static friction model was chosen instead. Future
work includes tuning the many parameters that the elasto-plastic model relies
on, and to apply this to fully modelled instruments.

An in-depth comparison between the static and the elasto-plastic friction
model in terms of perceptual differences, is also left for future work. A pre-
liminary comparison has been carried out by Onofrei in [99], where the author
noted that “the elasto-plastic model seems to behave more smoothly” than the static
friction model. This is also what is observed when comparing the output of
the friction models in Figures 8.8 and 8.14. As said, these observations are pre-
liminary, and further work needs to be done to compare the various friction
models.

Finally, it must be noted that the applications of the bow are not limited to
strings, and can very well be extended to other resonators. In [S4], for example,
the authors apply the elasto-plastic friction model to a 2D drum membrane to
simulate a friction drum inspired instrument.

¢This could possibly include a different discretisation of sz in Eq. (8.28) or adding a mass to
the bristles.
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Chapter 9

The Lip Reed

The dynamics of wind instruments can be modelled by acoustic tubes as pre-
sented in Chapter 5. Excitation of these instruments happens either by blowing
a jet of air across an opening, such as in a flute, or by the buzzing of a reed.
In [1], the authors state that all wind-instrument reeds fall into one of three
categories: the single reed, (clarinet, saxophone), the double reed (oboe, bas-
soon) and the lip reed (trumpet, trombone). The latter will be the focus of this
chapter.

Sections 5.1.3 and 7.2.2 presented a physically inspired pulse train that at-
tempts to model the opening and closing of the lips, using a clipped sinusoidal
signal. A more physical approach, which is bidirectional, is to model the lips
as a mass-spring-damper system that interacts with the left boundary of the
tube. The literature describes lip reed models with varying degrees of freedom
(DoF) (see [1, 62] for an overview). Recent work includes vortex-induced vi-
bration into the lip reed model, that allows for the buzzing of the lips without
the need of an acoustic tube [S1].

As the contribution of this project to a brass instrument model was mainly
focused on the resonator, the simple ‘outward striking door model” was chosen,
which is a simple single one-DoF mass-spring-damper system. The model is as
presented in [100], but excluding the collision. An alternative collision model
was added in paper [H] and will be elaborated on in Chapter 16.

This chapter starts by introducing the mass-spring-damper system, after
which the lip reed model will be given in continuous and discrete time. The
lip reed will be coupled to the first-order system of equations presented in 5.2.
Unless denoted otherwise, this chapter follows [62].
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9.1 Mass-spring systems revisited: Damping

Before moving on to the lip reed system, the mass-spring system given in
Section 2.3 will be extended to contain damping.

Recall the mass spring system presented in Eq. (2.28), where v = u(t) is
the displacement of the mass from its equilibrium position (in m). Damping
can be easily be added to yield a mass-spring-damper system as follows:

Mii = —Ku — R, (9.1)
with mass M (in kg), spring constant K (in N/m) and damping coefficient R
(in kg/s). Figure 9.1 shows the behaviour of the system for different values of
R.
Equation (9.1) can then be discretised to the following FD scheme:

M(Sttun =—-Ku" — R5tu" (92)
Expanding and solving for u"*! yields the following update equation:
Rk n+1l n n—1 KkZ n Rk n—1
(1+2M)u =2u" —u Y +2Mu . (9.3)

0.5

=0
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-1

0 0.01 l).lJQt 0.03 0.04

(@ R=0.

0

0.01 lJ.UZf 0.03

(b) R = 50.

0.04

0 0.01 l).UZt 0.03 0.04

(c) R = 200.

Fig. 9.1: The mass-spring-damper system in Eq. (9.1) with fo = 440 Hz for different values of R.

9.1.1 Energy analysis

Following Section 3.4 (without explicitly following the steps for brevity), one
can obtain the energy of Eq. (9.2) through a multiplication of the scheme by
(0z.u™) to get

As there is damping present in the system, the energy balance will be of the
form

ot+b = —q.
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9.2. Continuous time

Using identities (3.17a) and (3.17b), h and g can be obtained from Eq. (9.4)
h=t+v, with t= %((h,u")z7 and b= %u”et,u”, (9.5)

and
q= R(6;.u™)?. (9.6)

Figure 9.2 shows the energy output of the mass spring damper system with
R = 50 and fy = 2m\/K/M = 440 Hz. One can observe that the damping
term causes the system to lose energy when the mass is in motion (high kinetic

energy).

x100 x1071
b I
3l Y —
v be
t 2f 2
l I 0 e
0 2L
0 20 40 60 80 100 0 20 40 60 80 100

n n

Fig. 9.2: The potential (red), kinetic (blue), and total (black) energy of the mass-spring-damper
system. The right panel shows the normalised energy (according to Eq. (3.38)) and shows that the
deviation of the energy is within machine precision.

9.2 Continuous time

As mentioned at the beginning of this chapter, the lip reed will be modelled
as a mass-spring-damper system as in Eq. (9.1). The system will be coupled
to an acoustic tube described by the first-order system of PDEs described in
Section 5.2, Eq. (5.37).

Using dots to denote derivatives with respect to time ¢, the PDE of the lip
reed connected to an acoustic tube is defined as

Mj=—-Ky— Ry + S:Ap, 9.7)
with displacement of the lip reed from equilibrium y = y(¢) (in m), mass of the
lip reed M > 0 (in kg), lip stiffness K > 0 (in N/m), damping coefficient R > 0
(in kg/s), and effective surface area of the lip S; > 0 (in m?). Furthermore,

Ap = Ap(t) = P — p(0,1) (9-8)

is the difference between the pressure in the mouth P, = Pny(t) and the
pressure at the left boundary of the acoustic tube p(0,¢) (all in Pa). The
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Py(t) p(0,1)

"_HO

Fig. 9.3: Lip-reed system with parameters as appear in Section 9.2. (Adapted from paper [H].)

acoustic tube can be described by the first-order system presented in Section
5.2. See Figure 9.3 for a schematic representation of the lip reed.

The pressure difference in Eq. (9.8) causes a volume flow velocity (in m?/s)
and follows the Bernoulli equation

2|A
Us = Ui(t) = wly + Halsgn(Ap)y 227, 99)

with effective lip-reed width w (in m), density of air py (in kg/m3), static
equilibrium separation Hy (in m). Moreover, []; describes the “positive part
of’ (see Chapter 10). The negative equilibrium separation —H, can be seen as
the location of the lower lip, and when y + H, < 0, the lips are closed and Ug is
0. Another volume flow (in m?3/s) is generated by the lip reed itself according
to

U, = Ui(t) = St 9.10)

and assuming that the volume flow velocity is conserved, the total air volume
entering the acoustic tube at the left boundary is defined as

S(0)0(0,t) = Us(t) + Us(t). (9.11)

Compact PDE

To reduce the number of variables in later derivations in this chapter, one can
divide all terms in Eq. (9.7) by M to obtain

. S
j=—wiy — oy + MrAn (9.12)
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9.3. Discrete time

with angular frequency of the lip reed wy = /K /M (in rad/s) and loss pa-
rameter o, = R/M (ins™1).

9.3 Discrete time

This section follows the discretisation and derivation given in [62, Sec. 5.1.3,
pp. 140-141], with a slight change in notation.

The variables y, Ap, and thereby Ug and U, are placed on the interleaved
temporal grid?, and the equations presented above can be discretised to the
following system:

Sy T2 = —wgut.y"“/? — o0y T2 4 %Apn+l/27 (9.13a)
Ap"? = Py — iyl (9.13b)
§ / 9| Apn+1/2
Uy +1/2 _ wly™ /2 + Ho]+sgn(Apn+1/2)W, (9.13¢)
0
Urn+1/2 _ Sr5t~yn+1/2a (9.13d)
/La:—(Sl/QU?/—gl/2) = U§+1/2 + Ut (913e)

Here, pj and S /211;721/ ? are discrete values at the left boundary of an acoustic

tube described by system (5.40). Expanding the operators in Eq. (9.13a) and
solving for y"*+3/2, yields

ey T2 = 4y 4 By g g A2, 9.14)

where?

2.2 272 25,k
o =2+wik*+ok, fr=ok—2—wik?, and & = T (9.15)

Although Eq. (9.14) seems to be implicitly dependent on the pressure dif-
ference Ap"*1/2, it is possible to explicitly solve it. A derivation is shown
below.

9.3.1 Obtaining Ap

In the following, the superscript n + 1/2 will be suppressed for y, Ap, Us, U,
S1/2 and vy /5 for brevity.

1The variables are placed on the non-interleaved spatial grid, as the lip reed interacts with the
boundary of the tube (z = 0).
2Notice that all terms are multiplied by 2 to reduce fractions.
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Rewriting Eq. (9.13a)
Using identities (2.27a) and (2.27¢), Eq. (9.13a) can be rewritten to

2 S,
E((st. - 5t_)y = fwg(két. + et_)y — 00y + MAP’

and, after grouping the terms,
a101.y — asAp — ay =0, (9.16)

where

2 S, 2
01:%+w3k+0r20a QQZHrZOa and ag—<k6t_—&}get—)y-

Note that the non-negativity property can be applied to a; and as as these are
calculated solely from non-negative parameters. Equation (9.13d) can then be
substituted into Eq. (9.16)

%Ur —asAp —ay =0,
r

and consequently Eq. (9.13e), to get

a m
gl (,uz,(Sl/Qvl/z) - UB) — asAp — a}y = 0. (9.17)

Obtaining ux7(51/2111/2)

To obtain a definition for ji,—(51/2v, 5), one can use the FD scheme for the
pressure of the first-order system in (5.40a) and evaluate this at { = 0 to get

S n
png5t+Po = =05 (51/2v12)- (9.18)

Using identity (2.27d) for §,_ and 6.4, this can be rewritten to
28, W a2
,0070]{(%#70 —P) = (Mr—(51/27f1/2) - 51/2U1/2) : (9.19)
and substituting Eq. (9.13b) yields
250

2
m(Pm —Ap —pg) = Z (,Ux—(Sl/g’Ul/Q) - 51/2v1/2) .

fa—(S1/201 5) = b — b2Ap (9.20)
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9.3. Discrete time

where

: Soh : Soh
bl :Sl/2v1/2+M(Pm_p0)7 and b2: pOCQk =

0. (9.21)

Final steps

Equations (9.20) and (9.13c) can be substituted into Eq. (9.17) to get

a 2| A
o (b? ~ by Ap — wly + Hol+sgn(Ap) 'p“) ~aaAp—a =0,
2|A asS; n 055
—wly + Hol+sgn(Ap) M — by Ap — 2—Ap + b7 — 37T — 0,
£0 aj a
—cy'sgn(Ap)V/|Ap| — c2Ap + 5 =0, (9.22)

where

, 2 S, ,
et =wly + Hol44/— >0, e =by+ 27 >0, and & =by - B0
Po ar a1

(9.23)
Equation (9.22) can be divided by —sgn(Ap) to get a quadratic equation in

V1Al

CTL
A VIAp| - —2—=0. 9.24
62‘ p‘+cl | p| Sgn(Ap) 0 ( )
As ¢, ca > 0, the following must be true for any real solutions to exist
C'ﬂ
sen(cy) = sgn(A = — 3 — |, 9.25

and one can solve for \/|Ap|:

—c" + )2 4 n
‘Ap‘ _ 1 (021) + C2|C3| ) (926)
C2

Finally, because /(c})? + 4ca|c| > ¢}, one can only guarantee a positive
solution if the square root term is added. Using Eq. (9.25), the definition for

the pressure difference can be found:

2
_an 7\ 2 4 7
Apzsgn(c?)< at (6216)2 * chS) , (9.27)

which can be used in the update of the lip reed in Eq. (9.13a).
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9.3.2 Coupling to the tube

The coupling of the lip reed to the acoustic tube is easily done by rewriting Eq.
(5.41a) evaluated at I = 0 to

n n_ POCA
it OSO (=210 (S1 /201 /2) + 28172015 ) - 9.28)

Equation (9.13e) can then be substituted to get

PR = p%? (—2(s + U;) + 2817205 ) - 9.29)
Figure 9.4 shows an implementation of the lip reed connected to an acoustic
tube. The lip reed is shown on the left and the left boundary of the tube is on
the right side of the lip reed. The frequency of the lips is set to fo = 600 Hz
(wo = 12007 rad/s), the input pressure P, = 2000 Pa and the other parameters
are as listed in paper [H]. The lip is initialised using y'/2 = /2 = —H, such
that the lips are closed at the start of the simulation. Furthermore, the tube is
set to be cylindrical with a circular cross-section of S(z) = 5-107° m?. The
figure shows that the lips oscillate, and that when the lips are closed, i.e. when
y < Hy, no energy enters the acoustic tube.?
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Fig. 9.4: A lip reed (shown at the left side of the plots) exciting a cylindrical acoustic tube. The
y-axis refers to the displacement of the lips and the pressure in the tube p;* is shown in red and
highlighted with a dashed line (not related to the y-axis).

9.4 Energy analysis

This section performs an energy analysis on the lip reed system, coupled to an
acoustic tube using the steps described Section 3.4. The analysis follows [62,
Sec 5.1.3, p. 139].

3This is similar behaviour to what the pulse train in Section 7.2.2 attempts to model.
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9.4. Energy analysis
As all physical parameters need to be written out to obtain the correct units,
Eq. (9.7) is discretised to get
M6y /% = —Kpyy™™/? = Ropy™ 2 4+ SeAp™ 12, (9.30)

and will be used in this analysis. Again, the superscript n 4 1/2 will be
suppressed for y, Ap, Ug, Uy, S1 /2 and vy /5 for brevity.

Step 1: Obtain §;. h

Multiplying Eq. (9.30) by (d:.y), and moving all terms to the left-hand side,
yields the rate of change of the energy in the lip reed b,:

S b = M(61.y)(0uey) + K (0r.y) (1e-y) + R(ét.y)2 - S:(0e.y)Ap = 0.

One can substitute Eqs (9.13d), and (9.13e) thereafter, to get

Se4br = M(6.y) (6uy) + K (80.y) (ey) + R(6r.y)?
— (pte—(S1/2v1/2) — Us) Ap = 0.

Finally, substituting Eq. (9.13b), yields

Se4be = M(61.y) (6uy) + K (61.y) (e.y) + R(Sp.y)?
+ UAp — prz—(S1/2v1/2) (Pm — pe1p0) = 0.

One can then include the tube by recalling that 6, h: = —b; + b}, and that the
left boundary term is defined as (Eq. (5.52))

b1 = (pt+po)piz—(S1/2v1/2),
and substituting this (ignoring the right boundary term, i.e., b, = 0) to get

Se4 (b + be) = M(6.y)(50ey) + K (61.y) (1e.y) + R(6e.y)?
+ UpAp — pz—(S1/2v1/2) Pm = 0.

Step 2: Identify energy types and isolate §;

Using identities (3.17a) and (3.17d), the energy balance can be shown to be

5t+ (bt + br) = —qr — Pr, (9-31)

where the energy of the tube b; is as defined in Eq. (5.55) and the energy of
the mass is

M K
b =t + v, with t = 7(5t,y)2, and b= Eut,(yQ). (9.32)
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Furthermore, the damping term is defined as
ar = R(6.y)* + UsAp, (9.33)

and the input power as
pr = —(Up + Ur) Pr. (9.34)

It is interesting to note that due to the choice of discretisation of the lip reed,
t;, v and g, are non-negative, making the lip reed strictly dissipative and thus
inherently stable.

Step 3: Check units

The kinetic and potential energy of the lip reed can be written in their units as

M in units

t = 7(@—@)2 — kg- (s7'-m)? = kg - m* s,
K in units

o= —u—(y*) —— N-m ' -m?=kg -m? s

2

and have the correct units. Recalling that the damping and input power terms
need to have units of kg- m*.s~3, writing the individual components of these
terms in their respective units, yields

in units

R(6y)? —— kg-s!

(57! m)? =kg-m?-s7?,

in units

UsAp —— md

1 3

sl kg-m s =kg-m? 577,

in units

~(Up +U,) Py ——— m?

1 3

sl kg-m s =kg -m? s7?,

and shows that the units are indeed correct.

Step 4: Implementation

Figure 9.5 shows the energetic output of the lip reed coupled to an acoustic
tube, corresponding to the behaviour shown in Figure 9.4. The total energy
of the system increases due to the input pressure and is mainly transferred to
the tube. That the lip reed is oscillating can be observed from the oscillations
in its kinetic and potential energy. The normalised energy (using Eq. (3.38))
does not include the first time index, as one full iteration of the coupling is
necessary to yield a correct energy calculation. Instead, one starts at n = 1 and
uses h! instead of h° in Eq. (3.38).
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9.4. Energy analysis

x1074 1071

50 100 150

Fig. 9.5: The energy of the acoustic tube (green), the potential energy (red) the kinetic energy of
the lip reed (blue), and the total energy (black) of the system corresponding to Figure 9.4. The
right panel shows the normalised energy (according to Eq. (3.38), starting at n = 1) and shows
that the deviation of the energy is within machine precision.
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Part IV

Interactions
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Interactions

Most musical instruments are composed of several individual resonators which
interact with one another. Part II introduced various resonators in isolation,
and this part describes different ways to model the interaction between these.

Chapter 10 describes collision interactions between different systems and
has been used for the interactions between the different components of the
tromba marina in papers [D] and [E]. Furthermore, the theory described in this
chapter has been used for the collision between the lips that excite the trom-
bone in paper [H]. Then, Chapter 11 describes various to connections between
models and has been used extensively for papers [A] and [B]. Furthermore,
the dynamic grid presented in paper [G], uses the principles described in this
chapter.

189



190



Chapter 10

Collisions

Many musical instruments rely on collisions in some shape or form. Examples
are the collision between a hammer and a piano string, a guitar pick and the
string, and even the collision between the lips of a trumpet player.

This work uses collision models that rely on penalising methods. The
colliding objects — although possibly perfectly rigid — are supposed to inter-
penetrate, and collision is interpreted as a penalty. The eventual force acting
on the colliding objects is then dependent on the level of penetration. For
deformable objects, such as the hammer felt tip of a piano, the penalty is de-
pendent on the level of deformation. These collision models were first used in
a musical context by e.g. [101, 102].

The discretisations proposed in [101, 102] rely on implicit nonlinear schemes
which require an iterative method, such as the Newton-Raphson method pre-
sented in Section 8.3, to obtain their solution. The exact number of iterations
required per time step, especially in interactive applications, is usually un-
known. This could be detrimental to real-time applications, as the number of
iterations, and consequently the extra number of computations, could be very
large in a particular situation. Furthermore, and perhaps more importantly,
existence and uniqueness of the solution might not be available.

In [103] (co-authored by the PhD student [O3]), Ducceschi et al. pro-
pose a method based on quadratisation of the collision potential energy, that
circumvents the need of an iterative method to solve nonlinear collisions.
Energy quadratisation for explicit schemes first appeared in the context of
Port-Hamiltonian systems and was proposed by Lopes et al. and Falaize et
al. in [104, 105]. The introduction of an additional state variable, which is
what Ducceschi’s work is based on, was introduced in [106, 107]. Papers [D]
and [E] follow an earlier iteration of the non-iterative collision algorithm from
[108, 65] which exhibited spurious oscillations that Ducceschi et al. resolve in
[103]. Paper [H] uses the corrected collision model for the collision between
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the lips exciting the trombone. The corrected model will be used in this work
and presented in this chapter.

This chapter first provides a definition for the collision potential as well as
its quadratisation, used as the basis for the explicit method. Then, the method
will be applied to a simple mass-barrier collision and finally, to a mass-spring
— string collision which can be used to model a finger-fretted string.

Collision potential

Collisions can be modelled using a nonlinear collision potential, which can be

defined as [109]
K.

e+ 1
with collision stiffness K. > 0 (in N/m®<) and dimensionless nonlinear col-
lision coefficient o > 1. Here n = 1(t) describes the relative displacement
between the two colliding bodies (in m). The [-]; operator, defined as

b(n) = )5+, (10.1)

[+ = —5— (10.2)

describes the “positive part of’ and when applied to 5 in Eq. (10.1) causes the
potential ¢ to only be non-zero when the two colliding bodies are in contact.
The derivative of Eq. (10.1) with respect to 7 is defined as

¢'(n) = K[| (10.3)

and can then be used in the PDE at hand.

The issue with this form of the collision potential, is that an iterative
method, such as Newton-Raphson presented in Section 8.3, needs to be used
in order to solve the system [103].

Quadratic form

Based on earlier work by Lopez and Falaize et al. [104, 105], the authors
propose in [103] to rewrite the potential in Eq. (10.3) in a quadratic form.
Using the chain rule and ¢ = (1), Eq. (10.3) can be rewritten as

4 , (10.4)

o) =w! where w=\/26 and =7

where a dot denotes a single derivative with respect to time.
This form of the potential can be discretised to a FD scheme that can be

solved explicitly. This process will be shown below, using an example of the

simple mass — rigid barrier collision.
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10.1. The mass — rigid barrier collision

10.1 The mass - rigid barrier collision

As a test case, a mass colliding with a rigid barrier is presented here, which is
arguably the simplest case of a collision. Consider a mass at location u = u(t)
(in m) colliding with a barrier at location b (in m).

If the barrier is placed above the mass, the force it exerts on the mass will
be negative and its system would be described as

Mii = —)/, (10.5)

with mass M (in kg) and ¢ = v (n) and ¢’ are as defined in Eq. (10.4) with
n=n(t) =u(t) = b.

Looking towards the discretisation the mass-barrier collision, one could
use the definitions in Eq. (10.4) to rewrite Eq. (10.5) to the following system of
equations

Mi = —vyg, (10.6a)
b = gn, (10.6b)
n(t) = u(t) — b, (10.6¢)

where g = ¢/,

Relative location of objects

When working with multiple interacting objects, it is important to consider
whether an object is located ‘above’ or ‘below’ the other, i.e., which (generally)
has a more positive or negative displacement than the other. A mass with a
displacement of 0.01 m will thus be ‘above” a barrier with a displacement of
—0.05m. Along these lines, a positive force acting on an element will accelerate
it upwards and a negative force will accelerate it downwards.

The relative location of the two colliding objects will affect two things in
system (10.6):

Firstly, the location of the object determines the direction of the collision
force, i.e., the sign of the right-hand side in system (10.6). In this case, the
barrier is placed above the mass, and will exert a downwards (negative) force
on the mass during collision. If the barrier was placed below the mass, the
opposite would have applied.

Secondly, the definition of n in (10.6¢c) is affected by the relative location
of the objects. The collision potential in Eq. (10.1) is only non-zero when 7
is positive. If the barrier is placed above the mass, u(t) — b will be positive
on collision. It is thus important to remember that 7 should be defined as the
element above subtracted from the element below.
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Chapter 10. Collisions

10.1.1 Discrete time

Before discretising system (10.6) in full, the discrete approximation to the
collision potential will be elaborated on. Following [103], ¢ is placed on an
interleaved temporal grid (see Section 5.2.2) using

P =y, (10.7)

where the interleaved temporal grid is used here as it results in energy conser-
vation in discrete time (see Section 10.1.3). Approximations to ¢ and g in Eq.
(10.6) can then be made as

& py 2 (10.8)
and 1o
gag =t (109)
t-7)

respectively. Notice that applying a first-order difference operator to a grid
function on an interleaved grid is second-order accurate.! The result of the
approximation in Eq. (10.9) allows % to be treated as an independent time
series:

SV = ghé ™. (10.10)

With the above approximations in place, system (10.6) can be discretised and
yields the following system of equations:

Moy =~ (g =2) ", (10.11a)
S Y2 = g, (10.11b)
n"t =u" —b. (10.11¢)

An explicit definition for ¢g"

To be able to calculate 1" *1/2 and v+ in system (10.11) explicitly, a definition
for ¢g” only based on known values must be found. As ¢g" = ¢’ as per Eq.
(10.9), the derivative can be computed analytically according to

Eq. (10.4) @'

!
gt =1 . (10.12)
n=n" V29 n=n"
Eq. (10. Eq. (227b
1§ ypn—1/2 71 409 Sepptp® @270) 8¢.4b™ which is second-order accurate (see Section
222).
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10.1. The mass — rigid barrier collision

Recalling (10.3) and (10.1), this can conveniently be rewritten to

K [n™% ac+1 —(actD) K (ac+1) ac—1
n — — K n e n 2 — n 2 .
9= R\ ok "5 "]+ — 5 "l
ac+1 [n ]+
(10.13)

This implementation is the one presented in [108], but exhibited spurious
oscillations and “sticking” behaviour. This is due to the possibility of negative
forces for positive penetrations due to the discontinuity in the definition for g"
atn™ = 0.

In [103], the definition for g" is extended, starting out by using an implicit
equation for g" by directly discretising Eq. (10.9)

wn+1/2 _ ,(/Jn—l/2
Gimp =

PO (10.14)

If there is, however, no collision at n + 1/2, ¢"*1/2 = 0 and Eq. (10.14) reduces
to
wn71/2
gimp - 72nn+1 _ nn—l '
Furthermore, due to the fact that there is no collision, "' can be calculated
according ton" ! = n* = u* —b, where u* is the value of u" ! calculated using
the scheme in Eq. (10.11a) without the collision force. Expanding Eq. (10.11a)

without the collision force yields

M

2 (W —2u"+u" M) =0 = u=2w"-—u""

Thus, if there is no collision, gif,, can now be explicitly calculated from known
values and be used in the definition for g™ according to [103]

K 1 Qe —
% ST, i >0, (10.15a)
g” — wn—l/Q
—2W, lf ’f]n < 0 and 77* 7& 77”_1, (1015b)
0, ifn <0 and np* = L. (10.15¢)
Here, k = 1 if ¢y"~1/2 > 0, otherwise k = —1 and aims to resolve the ‘sticking’

behaviour by forcing an outwardly-directed force at all times. As was done in
paper [H], condition (10.15c) has been added to the definition of g™ from [103]
to prevent a division by 0 in Eq. (10.15b).

This definition for g does not exhibit the spurious oscillations that the old
definition did, and can still be explicitly calculated from known values of the
system.

195
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10.1.2 Solving the system

To implement the system in Eq. (10.11), its definitions need to be slightly
rewritten. Using identity (2.27c), 144%™ '/? can be rewritten to

_ k ne e
Mt+¢n 1/2 _ §5t+7/1 1/2 +,¢) 1/2'

Then, substituting (10.11b) into this, yields

— k n n n—
R 1/2259 den" + /2

and inserting this into (10.11a), yields

k
Méyu”™ = — <29n5t.nn +w”1/2> . (10.16)

As the position of barrier b is static, the following is true:

dn d n "

== $<u— b) — 5" = S, (10.17)
i.e., the time derivative of 1 equals the time derivative of u.2 Eq. (10.16) can
now be solved explicitly as ™! is the only unknown in the system

M n\2 M B n)2 _ e "
<k2+ (94) )u““ = "~ ¢ (94) ut Tt =2t (10.18)

and can be solved by a simple division.
Finally, u"*! can be used to calculate " *! by evaluating (10.11c) at n + 1:

"t ="t b, (10.19)

which is used to calculate 1" *+'/2 by expanding and rewriting (10.11b) to

n+1 n—1
—-n

n+l/2 _ n—1/2 n
gri/z = gnisz g T2

(10.20)

Figure 10.1 shows the mass —rigid barrier collision over time for two values
of K.. The mass is initialised with an initial (upwards) velocity using u® = —1
m and u! = —0.95 m. The figure shows that the penetration of the mass with
the barrier causes a downwards force on the mass. As expected, this force is
higher for a larger value of K. and causes the mass to accelerate downwards
more quickly.

2Note that if the barrier was placed underneath the mass, making (10.11c) n™ = b — u™, this
would result in d¢ n™ = —d¢.u"™.
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10.1. The mass — rigid barrier collision

b b
= 2 = 2
) —_— g —_—
5 5
g Or g Or
[} [0}
Q Q
< <
= -2t = -2t
&) A
-4 -4
50 g, 100 150 50 g, 100 150
(@) K. = 107. (b) K. = 10°.

Fig. 10.1: The mass — rigid barrier collision over time with a. = 1.3 for different values of K.

10.1.3 Energy analysis

To prove that the collision term does not add any additional energy into the
system (retaining passivity) and that it does not add additional constraints on
the stability of the system, the energy analysis techniques presented in Section
3.4 can be used. Notice that for brevity, the steps presented in Section 3.4 will
not explicitly be followed.

Multiplying Eq. (10.11a) by (d;.u™) yields

Ot4hm = — (NH?/JWU?) g" (6¢.u™)

where the energy of the mass is defined as (see Eq. (3.42))

M

= 5 (0ru")?, (10.21)

bm
Expanding ¢" yields

5t+wn,—1/2

6t,’r)" (6tu )

Ot bhm = — (Mt+¢n_1/2)

Eq. (10.17) o o
=- (Mt#/) ' 1/2) Sep" 2,

which, using identity (3.17c), can be rewritten to

8¢+ (bm +be) =0, (10.22)
with collision energy
n—1/2)\2

Recall that in order for a scheme to be passive, its energy must be non-negative,
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Chapter 10. Collisions

and the fact that ¢ is squared proves passivity for system (10.11).

Figure 10.2 shows the energetic output of the mass — rigid barrier collision
corresponding to Figure 10.1a. The left panel shows that the kinetic energy
of the mass is transferred into the energy of the collision, after which it is
converted into kinetic energy of the mass again.

%100 %101
b , L L
hm he-?
be | L L
6F
0

0 50 100 150 0 50 100 150
n n

Fig. 10.2: The energy of the mass (blue), the collision (green) and the total energy (black) of the
mass — rigid barrier collision. The energy corresponds to the behaviour in Figure 10.1a. The right
panel shows the normalised energy (according to Eq. (3.37)) and shows that the deviation of the
energy is within machine precision.

10.2 Mass-spring — string collision

The mass-spring — string collision is slightly trickier than the mass — rigid
barrier collision, as there are two moving components rather than one. This
system is chosen as an example as it has the interesting use-case of fretting a
string to change the pitch, modelling the fretting finger as a mass.

Consider a lossless stiff string of length L, its transverse displacement
described by v = u(x,t) (in m) and defined for ¢ > 0 and z € D with domain
D = [0, L]. The mass with displacement w = w(¢) (in m) and ¢ > 0 will model
the fretting finger. The PDE for the stiff string and its parameter definitions
can be found in Eq. (4.1) and for the mass-spring system in Eq. (2.28). Placing
the string above the mass, the following system emerges:

pAd?u = TO*u — EIOMu + §(x — 2m) g (10.24a)
My = —Kw — 1bg (10.24b)

b = gn, (10.24¢)

n(t) = w(t) — u(@m,t), (10.24d)

where spatial Dirac delta function §(x — ) localises the mass (finger) along
the string atlocation z,, € D (see Eq. (8.8)). Furthermore, 7 = ¢(n) and g = ¢’
are as defined in Eq. (10.4).

Discretising system (10.24), with the collision discretised according to the
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10.2. Mass-spring — string collision

process explained in Section 10.1, yields

pASyul" = Tyl — Eldpppot] + Ji(vm) (et ") g", (10.25a)

Myw™ = —Kw" — (™ /?) g, (10.25b)
S "M = gmoun”, (10.25¢)
N =w" — I(zm)uy, (10.25d)

where [ € d with discrete domain d = {0, ..., N} and number of grid points
along the string IV + 1. Furthermore, spreading and interpolation operators
Ii(zm) = I o(zm) and Ji(zm) = Jio(zm) are as defined in Section 8.2. The
order o is left unspecified. Following the same process as in Section 10.1.2,
Egs. (10.25a) and (10.25b) can be rewritten to

k
pA(Sttuf = T(SII’U,? — Efémmul" + Jl(.’Em) <29n6t77n + ,(/Jn—l/Q) gn’ (1026&)
k
Méyuw" = —Kw" — <2g"6t.n” + 1/)”1/2) g", (10.26Db)
which can be used as a starting point for solving the system.

10.2.1 Solving the system

As the colliding objects are both moving, Eq. (10.17) is not valid anymore and
another strategy needs to be used. To start, one must isolate the string at the
collision location 2, by taking an inner product of Eq. (10.26a) with J;(zm)
over discrete domain d. Using identity (8.9) and dividing all terms by pA yields

Ol (xm)u]’ = CZIl(xm)c?mu? — AQIl(xm)émmuf

J Tm y k n n n— n
N l<pA>||d (29 S 4 1/2)g |

with ¢ = /T/pA and k = \/EI/pA. Expanding the temporal FD operators
yields

n * J Tm 2k2 ")? n n— n— n
L(zm)uf ™ = u 41 l(pfi”d ((94) (T =) g2 ) (10.27)
i

where

u* = (o) (2u] —u) ™) + R (Tm)0rpt]” — K2R T (Tm)Oppratt]!
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Chapter 10. Collisions

is the result of the update equation of the string at x,, without the collision
term. Then, Eq. (10.25d) evaluated at n+1, which is n" 1 = w1 — [ (z)u]t?,
can be substituted into Eq. (10.27), which results in

n)2 n
(14925 Bl = 9L = o
(") (10.28)
T3, (_ 94 nn—l _’_wn—l/an) )

Performing this same process on the FD scheme of the mass in Eq. (10.26b)
yields

n 2k2 n 2k2
_(g ) Il(xm)u;LJrl_’_ (1 + (g ) )wn+1 _ U)*

4M 4M (10.29)
_ kj (_ (9”)27771—1 + wn—1/29n> .
M 4 ’
where
* n n—1 Kkz n
w* =2w" —w - —w

is (again) the result of the update equation of the mass without the colli-
sion term. Equations (10.28) and (10.29) can be treated as a system of linear
equations (see Section B.3) with unknowns [;(zy )u™ ! and w™*!. Writing the
aforementioned equations in matrix form yields

n+1
{Il(f;)ff } Al (10.30)
where , ,
(1 + 3[ (94) ) _Jl (94) d
- (™)K @) [
a g4M (1 + g4M )

ny2
i (_(94) nnfl +¢n71/29n>
2 ™2 n— n— n
w*_kﬁ(_(g4) gl 4 pn1/2g )

From this, "1 can be calculated, and can consequently be applied to the
string and mass in system (10.26).

Figure 10.3 shows an implementation of the mass spring collision. The mass
is initialised with an upwards initial velocity, where w® = —0.2,w! = —0.1,
and collides with the string almost instantly after the start of the simulation.
As the first panel shows, the collision model allows for interpenetration of the
objects. Immediately after, the collision force accelerates the string upwards
and the mass downwards.
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10.2. Mass-spring — string collision

n=3 n==6 _ n=9
15 15 15
up' up' —_—uj

\E/ 1 1 1 w'
5
g05 0.5 /.\ 05 /,\
<
Z 0 A 0 0
a

0.5 -0.5 -0.5

0 I N 0 . N 0 ) N

Fig. 10.3: The collision of the mass (blue) and the string (red). The collision model allows for
interpenetration of the objects as shown in the left panel.

10.2.2 Energy analysis

This section follows Section 3.4 without explicitly following the steps for
brevity.

One can obtain the energy of the stiff string FD scheme in Eq. (10.25a) by
taking the inner product of scheme by (d;.u}") over discrete domain d to obtain

Brbe = ((Quuf'), Ji(@m) (™) g") (1031)

where the energy of the string is (see Eq. (4.29))
A
b=t +vs, with t="2duf|l}  and

T 1 n
by = §<6w+uln7 et—6$+u?>i + 7((5”1”"7 et—dﬂvul >E !

Energy analysis for the mass in Eq. (10.25b) can be done by multiplying the
scheme by (4;.w™) to get

Ot bm = — (0. w™) (Mt+¢n_1/2) g", (10.32)
where (see Eq. (3.42))

n

M K
7(5,5_10")2, and o, = Ew”et_w .

hm =t + Om, with tm =

The total energy in the system is the addition of Egs. (10.31) and (10.32), which,
using identity (8.9) for the former, can be written as:

b1 (0 + bn) = (L) Qeuf’) = (Br0™)) (s ™1/2) g,

= b (Iam)uf = w") (per"~12) g
—&g. "
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Then, expanding g™ according to Eq. (10.9) yields

N . K wn—l/Q
Ot+(bs + bm) = —d.m (utw 1/2) %

_ <Ht+¢n71/2) 8y 1/

which, using identity (3.17c), can be rewritten as

6t+(bs + bm + bc) =0, (10.33)
with collision energy
(¢n—1/2)2
=T

Again, the fact that ¢ is squared here, means that . is non-negative, and proves
passivity of the system.

Figure 10.4 shows the energy of the mass-spring collision corresponding to
the behaviour shown in Figure 10.3. One can observe that energy of the mass
is transferred to the string almost immediately after the start of the simulation.
Furthermore, the figure shows that the mass and the string collide again at
n ~ 110. The interpenetration of the two colliding objects can be observed
from the small peaks in the value for . at these times.

x10* %1015
b ' ' 't
10\ E :
b 1 b ]
m e _ — -
bs 5t ! i = eeata e, — - 1
De 2r s LA
J 3
0 1 L L 1 1
0 50 100 150 0 50 100 150
n n

Fig. 10.4: The energy of the mass (blue), the string (red), the collision (green) and the total energy
(black) of the mass-string collision. The energy corresponds to the system in Figure 10.3. The
right panel shows the normalised energy (according to Eq. (3.37)) and shows that the deviation
of the energy is within machine precision.
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10.3. Two-sided collision: A connection

10.3 Two-sided collision: A connection

Using the methods presented in this chapter, one could devise a two-sided
collision and alter the collision potential in Eq. (10.1) to [65]3

K

m\ﬁ|a“+ly (10.34)
C

¢(n) =
and taking its derivative with respect to 7 yields

@' (n) = sgn(n) K|n|*. (10.35)

One can observe that, as opposed to the (one-sided) potential presented in
Eq. (10.1), the collision force will be non-zero, for both a positive and negative
7n. This two-sided collision can be used as a connection — as an alternative to
connections presented in Chapter 11 —and has been used in papers [D] and [E]
in combination with Eq. (10.1) to model the mechanics of the tromba marina.
See Chapter 15 for more details.

3The equation proposed in [65] contains a ‘dead zone’ that has been set to 0 here.
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Chapter 11

Connections

Many musical instruments consist of multiple subsystems like the ones pre-
sented in Part II. For example, one could simulate a guitar by modelling six
separate instances of the stiff string presented in Chapter 4, and the sound
board (as a simplified instrument body), using a thin plate presented in Sec-
tion 6.3. The interaction between the strings and the body can then be modelled
using connections.

Examples of connected resonators based on FDTD methods are shown in
e.g. [21] and [54]. The latter presents a modular approach to connect any
number of resonators in arbitrary ways using an extremely compact matrix
form of the entire system.

The first example presented in this chapter is the case of two ideal strings,
connected using a rigid and spring-like connection. Afterwards, the connec-
tion between a stiff string and a thin plate using a nonlinear spring will be
presented, and has been used extensively in papers [A] and [B]. Before mov-
ing on to these examples, interpolation and spreading operators in 2D will be
introduced.

11.1 Interpolation and spreading in 2D

This section summarises and extends [21, Sec. 10.2.1, pp. 293-294].

One can extend the interpolation and spreading operators presented in
Section 8.2 to 2D by adding an additional argument to the operators. Using
I = |xi/h] and m; = |yi/h), a 0-order interpolation operator Iy(xi,yi) =
I(3,m),0(1, ;) is defined as

1, ifl:li'andm:mi, (11.1)
0, otherwise.

Io(xi, y1) = {
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Notice that the same value for the grid spacing A is used for both the x and y
direction.

Using the fractional part of the flooring operations o, = wi/h — [; and
ay = yi/h — my, a 2D linear interpolator Iy (zi, %) = I(1,m),1(2i, 1) can then be
composed as

(1—az)(1—ay) ifl=1landm=m,

(1 — )y ifl =L and m =m; + 1,

Ii(zi,91) = § a(1— ay) ifl =1 +1and m = m;, (11.2)
e ifl=L+1and m = m; + 1,
0, otherwise.

Spreading operators are defined in the same way as in Section 8.2. A
0th-order spreading operator Jo(zi, %) = J(1,m),0(i, ¥;) can be defined as

1 )1, ifl=Iandm =m;
1 . i 11.3
o(zi, i) h2 {0, otherwise, "

as well as a linear spreading operator Ji (zi, %) = J(1,m),1 (1, 41) as

(1—-0a,)(1—-0ay) ifl=1and m=my,

) (1—ag)ay ifl =ljand m = m; + 1,
Ji(wi, p) = 73\ (1= ay) ifl =l +1and m = m;, (11.4)
Oz Oy ifl=L+1land m =m; +1,
0, otherwise.

Notice that the scaling is by 1/h? (due to the 2D system) rather than 1/h in the
1D case. Some intuition on this will be given below.

As in the 1D case, the spreading operator approximates a spatial Dirac
delta function, which — in 2D - is defined as

= :0 o0 o
Say) =40 TTIVTT and / / 6(z,y)dedy =1.  (11.5)
0, otherwise, oo J—oo

where §(z, y) has units of m~2. Again, as described in Section 8.2, this defini-
tion will be approximated by spreading operators, rather than be used directly.

11.1.1 Alternative interpretation of grid points

Section 2.2.1 gives an introduction to how a continuous 1D system is sub-
divided into grid points in space (see Figure 2.2) through the discretisation
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11.2. Connected ideal strings

process. An alternative way to see grid points after discretisation is shown
in Figure 11.1. Rather than grid “points” with a spacing h between them, a
continuous system is divided into grid ‘sections’ of length h. This interpreta-
tion allows for the ‘weight’ of a grid point to be calculated from its material
properties and geometry. Notice that boundaries have a length of h/2 such
that the total length L = Nh m.

As an example, the weight of one grid point (or now rather grid section) of
a string can be calculated as pAh. The weight of one grid point of a 2D system
can be calculated as pHh?. As these grid points interact with each other, the
forces resulting from this interaction will be scaled by their respective weight
per grid point as will be shown in Section 11.5. This interpretation hopefully
provides a better intuition for the interactions between components shown in
this chapter.

n n n n n
Uy Uy U UN_o Un_1 UN
— I —------- { I —
h/2 h h h h h/2

Fig. 11.1: Alternative interpretation of the discretisation of u(z,t) to a grid function u}*. The
continuous system is divided into N — 1 sections of length h plus 2 sections of length h/2 at the
boundaries. Through this interpretation, the ‘weight’ of a grid point can be calculated from its
physical parameters.

11.2 Connected ideal strings

When working with multiple interacting systems, one finds that notation be-
comes extremely important. Subscripts will be extensively used in the fol-
lowing for extra clarity, and although this results in something of a notational
jungle, it is better to be explicit and avoid confusion in the end.

As a test case for the following sections, consider two ideal strings® of length
L, and L,, (both in m) their transverse displacement denoted as u = u(x, t) and
w = w(x,t) (both in m) respectively (see Section 2.4). The systems are defined
for z € D, with domain D,, = [0, L,] and x € D,, with domain D,, = [0, L,,]
respectively. Notice that x is used as the spatial coordinate for w to denote that
the two systems use different coordinate systems. Connecting these systems
at z. € D, and x. € D,, yields the following system of PDEs:

puA 0P = Ty02u — 6(x — x0) f, (11.6a)
prwa?w = T;uaiw + 5(X - XC)fa (116b)

Recall that the ideal string is the 1D wave equation with ¢ = /T'/pA.
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where subscripts v and w denote whether a variable belongs to system « or w
respectively. Notice that the J, in Eq. (11.6b) denotes a partial derivative with
respect to x and is an identical operation to J;, but on a different coordinate
system. Furthermore, f = f(t) is the connection force (in N) which should
be equal and opposite for the connected systems according to Newton’s third
law (hence the inverse signs). The definition for f depends on the connection
type, and two alternatives will be given shortly. Finally, the spatial Dirac delta
function ¢ is defined as in Eq. (8.8), and localises the connection force along
the systems.

Relative location of objects

As explained in Chapter 10 it is important to keep in mind the relative location
of two interacting objects, as this will affect the signs of the force terms added
to the PDEs. As opposed to the case of collisions, the connection will have a
negative effect on the object ‘above’ and a positive effect on the one ‘below’
due to the “pulling’ behaviour of a connection. From the signs of the force
terms in system (11.6), it can thus be concluded that « has been placed above
w. If f is positively dependent on 7 (the relative displacement between the
two objects at their respective connection locations), this will be defined as the
object below subtracted from the object above. For system (11.6) this will be

n(t) = U(l’c,t) - w(XC7t)7 (117)

and will be used for a spring connection in Section 11.4.

11.2.1 Discrete time

One can then discretise the state variables u and w to grid functions ;' and
wp , using x = lh, and x = mh,,, wherel € {0,...,N,}andm € {0,...,N,}.2
Also see Section 2.2.1. Furthermore, h, and h,, are the values of the grid
spacing (both in m) and IV, + 1 and N,, + 1 are the number of grid points for
u and w}, respectively. Dividing Egs. (11.6a) and (11.6b) by p, A, and p,, A,
respectively, yields

n

puAu’
A
PuwAw’

where ¢, = /T,/puAy and ¢, = /Tw/pwAw. The spreading operators

Jiu(®e) = J1 oy u(@e) and Jp w(Xe) = Tm.on.w(Xc) are as defined in Section 8.2,
and their orders o,, and o,, are left unspecified.

(11.8a)

2
duu]’ = c0zpu] — Jpu ()

(11.8b)

n 2 n
6ttwm = C’w(SXme + Jm,w(Xc)

?Here, m is used for the spatial index of w}}, to avoid double subscripts I,, and l,.
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11.3. Rigid connection

The next step would be to solve for connection force f”. First, one needs to
isolate the schemes in system (11.8) at their respective connection locations .
and x.. This is done by taking an inner product of each scheme in system (11.8)
with their respective spreading operator J; ,(2.) and Jy, ., (xc) over discrete
domains d,, = {0,...,N,} and d,, = {0, ..., N, } respectively. Using identity
(8.9) one can write

n

pudy’

() 0ppuy” = CiIl,u(xC)ému? - HJlu(xc)H?iu (11.9a)

f’n
PwAw’

Im,w(XC)dttw:; = CqZuIm,w (XC)(Sxxw?n, + Hjm,w(XC)”iw (11.9b)
Here, interpolation operators I; ,(zc) = I; o, w(2c) and Ly, w(Xc) = Im,ou,w(Xc)
are as defined in Section 8.2. Notice that the order of these operators need to
match their ‘dual” spreading operator, but the orders o, and o,, may differ.
The definition of the force depends on the connection type. Below, two
alternatives will be presented: the rigid connection and the spring connection.

11.3 Rigid connection

The simplest connection-type is the rigid connection. This connection type
states that the displacement of two connected points should always be equal,
and thus the distance between them should be 0 at all times. For the rigid
connection, the following is true:

u(we, t) = w(Xe, 1), (11.10)
which in discrete time becomes

I w(we)u) = I w(Xe)wy, (11.11)

For a rigid connection, the following must also hold:
I () 0pst) = T (Xe)Otewyy, (11.12)

In other words, if the displacement of two objects is equal, their acceleration
must also be. This definition can then immediately be used to solve for f™ and
the right-hand sides in system (11.9) can be substituted in Eq. (11.12) to get

n n
Cilhu(xcwwwuln_||Jl7u($6>||?lu pfAu:Cilm,w(Xc)(sxxw;)i"'||Jm,w(XC)H3w ijw»
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which can be explicitly solved for f™ according to

2 n 2 n
= Cull,u(l’cwmul _ CwIm,w(Xc)(;xxwm
10w ()l | Jm i (XIZ,,

! (11.13)
dy
Pu Au + Pw Aw

This value can then be used in the update equation obtained after expanding
system (11.8) as

k2 n
uptt = (2= 222) up + A2 (ufyy + ) —up T — Jl,u(xc)—f, (11.14a)
Puiu
n+1 2 n 2 n n n—1 kan
Wy, = (2 - 2)‘w) wm+)‘w (wm+1+wm71) — Wy, + Jm,w(XC)pT7 (1114b)
wAw

where A, = ¢, k/h, < 1and A\, = cyk/hy < 1 are the Courant numbers for
each individual scheme (see Section 2.4).

Figure 11.2 shows an implementation of system (11.8) with . = 0.25 m
and x. = 0.75 m. The ideal strings have the same mass per unit length, i.e.,
puly = pwAw, and the same length L, = L,, = 1 m, but operate at different
wave speeds ¢, = 300 m/s and ¢,, = 400 m/s. The offset between the systems
is made for clarity, and the locations connected by the grey line should have
the same displacement as posed by the rigid connection.

n=1 n =19 n =37

—u

—w, n n A
n =255 n="73 n =91

Iy e I v e N N '8

Fig. 11.2: The behaviour of two connected 1D wave equations. The systems are offset for clarity,
but the relative displacement at the connection location is 0.

11.3.1 Notation simplification

In the above equations, the orders of the spreading and interpolation operators
have been left unspecified to retain generality. If one would like to connect
two systems at specified grid points (so not in-between), the notation can be
greatly simplified.
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11.3. Rigid connection

Recalling that I; o (2c) = 10, u(2c) and L, w(Xc) = Im,o04,w(Xc), ONe can
set the interpolation orders to 0, i.e., 0, = 0, = 0, to yield the following
short-hand notations

Low(z)u! =up', and I o.w(Xc)wy, = w,,, (11.15)

me

where . = |z./h,] and m¢ = | Xc/hw],

[oal, =5 and [mowO@l, =7 (1116
This simplifies Eqs. (11.9) to
dgpup. = ciému}z — Mﬁ’ (11.17a)
Stwn,, = CoyBxx Wi, + puﬂiﬁ’ (11.17b)
which, after rewriting Eq. (11.12) to
dppup = Ogrwyy, (11.18)

one can solve for f”, yielding the following simplified form of Eq. (11.13)

2 n _ .2 n
Fo CiOzaU]’ — CoyOxx Wiy,
= 1

1
puAyhay + PwAwhaw

(11.19)

Through this simplification, one can now clearly see that the connection forces
acting on each respective ideal string in Eq. (11.17) are scaled by the mass of
one grid ‘section’ as explained in Section 11.1.1.

11.3.2 Energy Analysis

This section follows the energy analysis techniques shown in Section 3.4,
though not explicitly following the steps for brevity. As the analysis has
previously been performed on the 1D wave equation, this part will not be
detailed here.

Starting with the FD scheme in Eq. (11.8a), one can take an inner product
of the scheme (after a multiplication with p,A,) with (6;.u}") over discrete
domain d,, to get

6t+hu = <6t-u?’ _leu(xC)fn>du7 (11.20)

where b, is the total energy in system u and is as defined in Eq. (3.47). The
same can be done for Eq. (11.8b) (after a multiplication with p,, 4,,) by taking
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an inner product with (6;.w},) over discrete domain d,, to get

St+hw = (60 wps Jm,w(Xe) [ ™) dus (11.21)

where b, is the total energy in system w. As the total energy in the system is
an addition of b, and b,,, and using identity (8.9) for the right hand sides of
Egs. (11.20) and (11.21), one can write

Ot+(hu + buw) = _Il,u(xC)(Stulnfn + Im,w(XC)atw?nfn- (11.22)

Finally, due to the rigid connectionin Eq. (11.11), I; ,(xc)6s.u) = I w(Xc)0r.wyy,
(if the displacements are equal, their velocities must also be) and the right hand

side vanishes:
5t+(hu + hw) =0.

This shows that the rigid connection does not affect the total energy in the
system and thus does not affect the stability of the scheme.

Figure 11.3 shows the energy of an implementation of the 1D wave system
in (11.8) corresponding to the behaviour shown in Figure 11.2. One can observe
that energy is transferred from

x10* x1071
N e N B
1.5}
hu he 2
o !
1|
0.5
0 or
0 20 40 60 80 100 0 20 40 60 80 100

n n

Fig. 11.3: The energy of u (red), the energy of w (blue), and the total (black) energy of the system
of connected 1D wave equations in (11.8). The energy corresponds to Figure 11.2. The right panel
shows the normalised energy (according to Eq. (3.37)) and shows that the deviation of the energy
is within machine precision.

11.3.3 Matrix form

One can write the system in Eq. (11.8) with a rigid connection in matrix form,
albeit slightly more involved due to the interconnection of the schemes.

To start, the definition of the force in Eq. (11.13) must be substituted into
the system, which, after expansion of the left hand side of the system, becomes
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11.3. Rigid connection

uptt =20 —u) !+ RO

K2 [ (1) 80atl — A L (Xe)Sxx (11.23a)

D i GElE, 1m0,
Puly PwAw

n+1 _ n n—1 2 1.2 n
wp = 2w, — w4 e kT 0gzwy,

- Jl,u(xc)

k? Cill,u(xc)ému? — Ci)ImﬂU(XC)(SXXwZL (11.23b)

o 1@ 1w (KO,
puly PuwAw

+ Jm,w(Xc)

Using Dirichlet boundary conditions for both ideal strings, their values can be
stored in the following vectors:

u” = [uf,... ,u?vu_l]T, and w" =[wl,... ,wﬁ,w_l}T.

These vectors can then be concatenated to one larger state vector, and after the
terms in Egs. (11.23) are grouped by the grid functions at various time indices,
one obtains the following compact matrix form of system (11.8):

un+1 u” un—l
where
. B, 0 —Jju
B—{O Bw]Jr[jwa“ —f,] .

The matrix in the definition of B contains the operations of the 1D wave
equation (also see Eq. (3.5)),

B, =2y, 1 +2k*(Day)u, and By, =2In, 1 + 2 k*(Das)w, (11.25)

where matrices (D), and (D), are as defined in Eq. (3.3) and are of the
appropriate sizes. The vector multiplication in the definition of B results in a
matrix, and adds the effect of the connection force to the system. Here, j,, and
Jjw are column vectors of size (N, — 1) x 1 and (N,, — 1) x 1 containing the
values of the spreading operators J; ,,(x.) and J,, ., (Xc) respectively. Finally,

2 2 2 2 s
f, = i < Culu(Daz)u >, and f, = i (Cwlw(DM)w )7

= o | R wie A\ Tude  twde
Pulflu \ i T pudy Poflo \ 2537 + oo

where i,, and i,, are row vectors of size 1 x (N, —1) and 1 x (N,, — 1) containing
the values of the interpolation operators I, (z.) and I, . (xc) respectively.
Here, i,j, and i,j., are matrix-vector forms of |[.J; . (zc)||3. and [[Jm w(xc)l13,
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respectively (see Eq. (8.10)), and reduce to a scalar.
Equation (11.24) can then easily be rewritten in a one-step form as described
in Section 3.5.1 and used for modal analysis.?

11.4 Spring connection

An alternative connection type is the spring connection. As in the rigid case,
forces are still equal and opposite, but spring connections allow the relative
displacement between the two connected elements to be non-zero. This rel-
ative displacement is used to determine the connection force. Interestingly,
a nonlinear component can be added to this connection without making the
system implicit. The most complex springs used in this project have a linear
and a nonlinear (cubic) component, as well as a damping term. For ease of
explanation, this section will only use a linear spring. A damped nonlinear
spring will appear in Section 11.5.
The force between two components connected by a linear spring can be
defined as
f=ft)=Kn, (11.26)

where K > 0 is the spring constant (in N/m) and

is the relative displacement between the two systems at their respective con-
nection locations (in m).*
In discrete time, Eq. (11.26) becomes

"= Kuwn", (11.28)

where
" = Iy (x)u — Lm,w(Xc)Wy,- (11.29)

m

Here, the centred averaging operator is used for stability (see Section 11.4.2),
but when substituted into system (11.9) seems to make the system implicit.
However, one can find an explicit solution, even for an arbitrary amount of
connections [54]. These systems are therefore referred to as being semi-implicit,
and the process of how to solve the system explicitly will be shown below.

3As the system does not exhibit damping, it could be rewritten and analysed directly, not using
a one-step form.

“Note that if u was placed 'below” w (see Section 11.2), the signs of the force terms in system
(11.8) would have been flipped and u(zc,t) would have been subtracted from w(xc,t) in Eq.
(11.27) instead.
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11.4. Spring connection

11.4.1 Explicit solution

Compared to the rigid connection in Section 11.3, solving for f™ requires an
extra step. After isolating the schemes at their respective connection locations
- resulting in Egs. (11.9) — one needs to expand the scheme and solve for the
states atn + 1:

]412 n
Il7u(xc)u?+1 =u* — HJl,u(xc)ngif, (11.30a)
Putu
n+1 * 2 k2fn
Lo (X )wp, ™ = 0" + [T (X) |2, oAy (11.30b)
where
w* =1 (zc)(2u] — u;‘_l) + cikQIl,u(a:C)(?mu?,
and

W = I (Xe) 2w, — wih) + ok L (Xe) Dxx Wi

are the update equations of the system at their respective connection locations,
without the term containing the connection force (as done in Chapter 10).
Evaluating Eq. (11.29) at n + 1 yields

77n+1 = Il,u(xc)u;H_l - Im,w(Xc)w21+17
into which Egs. (11.30) can be substituted, as

k2fn
puAu

n * * k2fn
7= = e, (0 b0l ) 13D

P Ay

A second definition for 1" ! can be obtained after expanding Eq. (11.28):

2f’n,
ntl = — ! 11.32
n = " ( )

and can be substituted into Eq. (11.31) to get

kan
PuAy

2 n B . k’2 n
L_nn ! —<w +||J,,L,w(XC)||3wp f; > (11.33)

i =" — [ Jiu(2o)ll3,

Finally, one can group the terms for f"

2 2
dwk ) fn — o — w* + nn—l

2 3R ()
K puAu p’lUA’lU
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and solve for the force, solely based on known values of the system

u* —w* + 77"*1
n pr—
P = G GOl (11.34)
i puAu + Puwlu

Figure 11.4 shows the behaviour of system Eq. (11.8), connected with a
spring with spring constant K = 5-10* N/m. The same parameters, excitation
and connection locations are used as for the rigid connection in Section 11.3.
Compared to the behaviour of the system with a rigid connection in Figure 11.2,
one can observe that the distance between the two connected points gets larger
as the wave passes the connection point, which corresponds to the extension
of the spring.

n=1 n =19 n =37

—uy

—_wy, n n n
n=>55 n="73 n =91

G e G g BN s ' s

Fig. 11.4: The behaviour of two ideal strings connected using a spring. The systems are offset for
clarity, but the relative displacement at the connection location at the start of the simulation is 0.

11.4.2 Energy analysis

This section follows the energy analysis techniques presented in Section 3.4
(without explicitly following the steps for brevity) and shows that the discreti-
sation of the spring force chosen in Eq. (11.28) is inherently stable.

Following the same process as in Section 11.3.2, one can analyse system
(11.8), and arrive at Eq. (11.22):

6t+(hu + hw) = _Il7u(xc)6t~ulnf" + Im,w(Xc)(st-wZ@fna

which can be rewritten to

5t+(hu + hw) = —d; (Il,u(xC)u? - Im,w(Xc)wfn) fr.

One can then substitute the definitions for f™ and »™ from Eqgs. (11.28) and
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11.4. Spring connection

(11.29) to get
O+ (Bu + buw) = =K (8:.0™) (pe.0"), (11.35)

which, using identity (3.17d), can be rewritten to

Oty (bu + bw +be) =0, (11.36)
where %
be = b} (Mt—(ﬂn)2) (11.37)

is the energy stored by the connection. As this definition is non-negative it does
not affect the stability of the system. The spring constant K could potentially
be infinitely large, which would effectively reduce the spring connection to a
rigid connection presented in Section 11.3.

Figure 11.5 shows the energy of an implementation of system (11.8) con-
nected with a spring with spring constant K = 5 - 10%. other parameters are
the same as for the rigid connection in Section 11.3. One can observe that
when compared to Figure 11.3, less energy is transferred from u to w, and
some energy is stored in the spring shown in green.

x10° x 10712
b ' ' ' ' ! '
4| ]
Bu he 5[
b i
w2_ |
be s
0 P 0"
0 20 40 60 80 100 0 20 0 60 80 100

Fig. 11.5: The energy of u (red), the energy of w (blue), the energy of the spring connection (green)
and the total energy (black) of the system of connected 1D wave equations in (11.8). The energy
corresponds to the system in Figure 11.4. The right panel shows the normalised energy (according
to Eq. (3.37)) and shows that the deviation of the energy is within machine precision.

Unstable discretisation

To show why an averaging operator is used in Eq. (11.28), consider a more
straightforward discretisation of Eq. (11.26) without the averaging operator,
such that

f*=Kn"

Performing an energy analysis of the system would yield

Oty (by +bo) = —K((St-n”)(ﬁ")v
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(instead of Eq. (11.35)) and using identity (3.17b), this can be rewritten to

5t+(hu + bw + hc) =0,

where

K
be = 5 (Tlnet—ﬁn) .

As this is not necessarily non-negative, the connection places a larger restriction
on the stability of the system at the connection location. In other words, A <1
for the ideal strings does not ensure stability at the connection location. Also
see [21, pp. 190-192].

11.5 String-plate connection

As an example of a more complicated connected system used in papers [A]
and [B], consider a stiff string connected to a plate using a nonlinear damped
spring. This could be interpreted as a simplified form of how the string would
be connected to the body in a stringed instrument. In the following, subscripts
‘s’ and ‘p’ are used to denote a string or plate parameter respectively.

11.5.1 Continuous time

Consider a damped stiff string of length L (in m), its transverse displacement
described by u = u(x,t) (in m) defined for ¢ > 0 and x € D; where domain
D, = [0, L]. Its PDE is described by

psAafu = T@iu - Eslafzu — 200 sps AOpu + QGLSpsA&g@iu, (11.38)

where parameters are as in Eq. (4.3).

The transverse displacement of a damped rectangular thin plate of side
lengths L, and L, (both in m) can be described as w = w(z, y, t) (in m), which
is defined for ¢t > 0 and (z,y) € D, where domain D, = [0, L] x [0, L,]. Its
PDE is defined as

ppHOFw = —DAAw — 200 5 pp HOyw + 201 ppp HO 02w, (11.39)

where parameters are as in Eq. (6.37).
One can connect the above PDEs, by adding a localised connection force.
After a division by ps A and p, H respectively the connected string-plate system
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11.5. String-plate connection

becomes

O*u = 62(‘3>2<u — m?@iu — 200,s01u + 201)5&8)2(11 —d(x — XC)pLA’ (11.40a)
S

OPw = —ﬁgAAw — 200,p0rw + 201,p8t8§w +0(x — xe,y — yC)pLH’ (11.40b)
P
where 6(x — x¢) (in m™1) and §(x — xc,y — y.) (in m~2) are the 1D and 2D
spatial Dirac delta functions defined in Eqgs. (8.8) and (11.5) respectively and
locate the connection force at x. € D (in m) along the string and (x¢,yc) € D,
(in (m, m)) on the plate.
The force between the two components (in N) is set to be a nonlinear (cubic)
damped spring defined as (used in e.g. [64] and in scaled form in [54])

f=f(t) = Kin+ Kzn® + R, (11.41)

with linear and nonlinear spring coefficients K; (in N/m) and K3 (in N/m?)
and damping coefficient R (in kg/s). Furthermore, the distance (in m) between
the string and the plate at their respective connection locations is defined as

n= ﬂ(t) = u(XCat) - w(xo ycvt)' (11.42)

11.5.2 Discrete time

To discretise u(x,t), one can use grid function u] where n € N’ and ¢ €
{0, ..., N} withnumber of grid points IV +1 (see Section 2.2.1). Next, w(z, y, t)
can be discretised using grid function w;',, with I € {0,...,N,} and m €
{0,..., Ny} where N, + 1 and N, + 1 are the number of grid points in the =
and y direction respectively (see Section 6.1).

Using these grid functions, system (11.40) can then be discretised as

n
q

- Jq(Xc)

n __ 2 2 n n n
Strtly = C 0y Uy — FgOxyxx Uy — 200,501y + 2071 50— Oy Uy

e (11.43)

psA’
Sppw]'py = —HgéAéAw[fm —200,p0t. W)y, + 201 p0t—Gprwy'y,
Jik (11.44)
J m ) T )
+ Ji, (l'c yc)ppH
where J;(xc) = Jg.0.(Xc) is a 1D spreading operator of order o5 as defined
in Section 8.2 and Jj (%, Yc) = J(l,m)’op(xc, yc) is a 2D spreading operator of
order o, as defined in Section 11.1.
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The definition of the force in Eq. (11.41) can be discretised as®
I = Kypun™ + Ks(n")pen™ + R.n'™, (11.45)

where
0" = Iy(x)uy — Iim (T, Ye)wy, - (11.46)

Here, I,(xc) = Ij.0.(xc) and I (2, yo) = I(l’m)yap(a:c,yc) are interpolation
operators of the same order as J,(x.) and J; n, (z.) respectively.

11.5.3 Solving for f

Following the same process as in Section 11.4.1, system (11.43) needs to be
isolated at the connection locations. This is done by taking an inner product of
the schemes in (11.43) with their respective spreading operators over discrete
domains d, = {0,...,N} and d,, = {0,..., Nz} x {0,..., N, } respectively.
Taking these inner products, expanding the J;; and ;. operators (as these
contain u} ') and solving for the states at n + 1 yields

kan
I L — || A S 11.47
Q(XC)Uq u || Q(XC)Hdu psA(]. +0—(],sk) ) ( a)
Lo = 0 + | (s gy —rd (11.47D)
o)W = w m\ L s — Y~ .
Lm\ L)Wy I, o Ye)lld,, ppH(l +UO,pk)
where
ut = (Iq(XC)(QUg - u:}_l) + CQk2Iq(XC)5><X“Z - “§k2Iq(Xc)5xxxxu2 (11.48a)
40a
o0kl (X 201 K2y (X)or- Sty ) /(1 + 00 5k),
w* = (= KL (200200, + 00 ok T (2 0]
(11.48b)

201 p T (200Gl ) /(1 -+ 00,ph),

are the update equations of the schemes at their respective connection locations
without the force term.
Evaluating Eq. (11.46) at n + 1 and substituting Eqs. (11.47) yields

=t — (2, —
B du 5 A(1 4 00,k)

( e g, —t " )
—(w m(Te, — ).
L, o Ye)lld,, ppH(l “FUO,pk)

(11.49)

5The second-order averaging operator has been chosen here to show an alternative discretisa-
tion of the linear term, but it could be replaced by a centred first-order averaging operator as used
in Eq. (11.28).
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Then expanding Eq. (11.45) to

n_ Kl Kg(nn)2 R n41 Kl n Kl K3(7ln)2 R n—1
f—(4+ R A + n,

n

’I"+ _

and solving for 7" yields

n K n
gt = fT - S et (11.50)
o 2rY rh
Substituting this into Eq. (11.49), one can find a definition for the connecting

force

n

r _
w— w4 gk !
= 2 P (11.51)
1 + HJQ(XC)Hduk'Q HJZ.'HL(xmyC)”dw k2
T ps A(1+00 sk) ppH (1+00,pk)

11.5.4 Implementation

This section shows an example of an implementation of the string-plate system.
The parameters for the stiff string can be found in Table 4.1 (with L = 1.5 m
and 7' = 555 N) and for the thin plate in Table 6.1 (with H = 5 - 10~%). Both
systems use simply supported boundary conditions. Additional parameters
used for the connection are

Ki=10* N/m, K;=10" N/m® and R=10 kg/s.

The MATLAB code of the implementation can be found online [110].¢ Figure
11.6 shows a visualisation of the string plate system excited with a raised
cosine.

In the following, the i and j vectors are as used in Section 11.3.3 and are of
the appropriate sizes. The matrices for the string can be found in Eq. (4.19)
and those for the plate in Eq. (6.46). When implementing connections (or any
other interactions for that matter), one mostly performs the following steps in
the main loop:

1. Calculate the entire scheme without force terms:

_ B.u" + Csunfl7 and w — Byw" + Cow" !
A A,

*

(11.52)

2. Obtain v* and w*:

*

and w* = i,w". (11.53)

®Note that in the online code, L, L; and L, have been halved to reduce computations and
avoid crashes on some machines.

u* =i,u
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n=1 n =19 n =37
n =55 n="73 n =91

Fig. 11.6: The behaviour of the string-plate system connected with a nonlinear damped spring.
The string is shown in red, the plate in gray and the connection in green.

3. Calculate the connection force f™ (Eq. (11.51)).

4. Add force terms to the schemes in Eq. (11.52):

n+1 * . fnk2

w fnk.Q
JupsA(l + 0'075) ’

ppH(l + O'O,P) ’
(11.54)

u and w"tl=w*+j,

Calculating u* and w* beforehand reduces computations, and allows u* and
w* to be more easily obtained.

11.5.5 Energy analysis

Recalling the total energy and damping terms for the string and plate in Sec-
tions 4.4 and 6.3.5 respectively, one can — similar to Eq. (11.22) — arrive at the
following:

¢+ (bs + hp) +Tqstqp = _Iq(XC)((Stﬂg)fn + Il,m(mC)((sbw?,m)fnv (11.55)
which can be rewritten to
O+ (hs + hp) + s +qp = —0;. (Iq(Xc)uZ - Ilym(xC)wln,m) I

Substituting the definitions for f™ and 1™ from Eqgs. (11.45) and (11.46) respec-
tively, yields

S+ (bs + bp) + as + ap = —(0e.0™) (K1pun™ + Ks(n")?pen™ + Rép.n™).
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11.5. String-plate connection

Due to the nonlinear dependency on 7" one must isolate J,+ from the cubic
term manually, according to

Ks(n™)?(6e.0™) (pe.n")

_ K32(;7 )(nn—i-l _ nn—l)%(nn+1 + Y
= 4[(34(;]1 ) ((nn+1)2 _ (7]”71)2)
K3

_ E ((nn+1nn)2 _ (nnnn—1)2)
K
= 0y <43(77n77n1)2> :
Finally, using identity (3.17e) for the linear term, the following balance follows

5t+(hs + bp + bc) =—0s —qp — Yo, (11.56)
where the energy stored by the spring connection is

K n n— K mn,  n—
hc:?l(n +1n 1)2+73(nn h?,

and the damping term of the connection is
e = R(5t-n")2-

Figure 11.7 shows the energetic output of the string-plate system correspond-
ing to the behaviour in Figure 11.6. One can observe that energy is transferred
from the string to the plate due to the connection. Furthermore, due to the
high value for spring-damping R, the total energy decreases substantially as
the excitation reaches the connection location along the string.

x10° 1071
b= 1
3| ] 3| e
bs be 5 . I
| | 2 L .. . '".un .t O eees’s A
b 2 e
hg 1F Ir
o of
0 20 40 60 80 100 0 20 40 60 80 100

Fig. 11.7: The energy of the string (red), the plate (blue), the spring connection (green) and the
total energy (black) of the connected string-plate system (11.43). The energy corresponds to the
system in Figure 11.6. The right panel shows the normalised energy (according to Eq. (3.38)) and
shows that the deviation of the energy is within machine precision.
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Contributions

This part presents the contributions made throughout this PhD project, and
can be seen as an extended summary of the published work in Part VII. As
much as possible, the summaries relate the content of the papers to the theory
presented in the rest of the thesis.

This part starts by introducing the dynamic grid in Chapter 12, a method to
dynamically vary grid configurations in FDTD simulations published in paper
[G], and extends the paper by providing implementation details and design
considerations. Chapter 13 provides details on real-time implementation of
physical models using FDTD methods, which have been used for many of the
contributions. Finally, several real-time implementations of full instrument
models that have been developed during the PhD will be presented: Chapter
14 provides an extended summary of papers [A] and [B], which present three
instrument-inspired case-studies using a large-scale modular environment.
Chapter 15 summarises papers [D] and [E], presenting the tromba marina, and
provides extra information on the implementation of the algorithm. Finally,
Chapter 16 provides an extended summary of paper [H] and extends the paper
by providing design considerations and implementation details.
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Chapter 12

The Dynamic Grid

This chapter provides an extended summary to the paper “Dynamic grids for
Finite-Difference Schemes in Musical Instrument Simulations” [G]. The paper
presents a novel method to smoothly add and remove grid points from a FD
scheme, which allows for dynamic parameter variations without compromis-
ing stability or quality of the simulation (see Section 2.4.4).

After a brief introduction, this chapter summarises paper [G] and extends it
by providing details on the implementation of the displacement correction and
the modal analysis shown in the paper. This chapter continues by providing
additional results of various experiments to substantiate choices made in the
paper. Finally, this chapter lists several examples of potential future use cases
for the method presented here.

12.1 Background and motivation

Simulating musical instruments using physical modelling — as mentioned in
Chapter 1 — allows for manipulations of the instrument that are impossible
in the physical world. Examples of this are changes in material density or
stiffness, cross-sectional area (strings, acoustic tubes), thickness (membranes,
plates) and size of the system in general. Using FDTD methods to discretise
PDEs, constrains the simulation to a grid of a finite amount of points. As
explained in Section 2.4.4, the definition of this grid ties the parameters set by
the user to the stability and quality of the simulation, making FDTD methods
extremely inflexible to parameter changes.

Apart from being potentially sonically interesting, dynamic parameter
changes also happen in the real world. A prime example is the trombone
published in paper [H] using the method presented here. A collection of
examples for potential future use cases of the method are listed in Section 12.4.
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12.2 Extended summary

This section summarises the dynamic grid method presented in paper [G] and
extends the paper by providing details on the implementation.

12.2.1 Problem statement

Consider the 1D wave equation as presented in Section 2.4, describing the
motion of a system of length L (in m), its state is denoted by ¢ = ¢(z,¢), and is
defined for ¢ > 0 and x € D with domain D = [0, L]. This state variable can be
discretised to a grid function ¢ withn € N’ and [ € {0,..., N}, where N is
the number of intervals between the grid points. The PDE in Eq. (2.38) (using
state variable ¢) can then be discretised to the following FD scheme:

0uqp = 026mql". (12.1)

If one would like to dynamically vary the wave speed ¢, several issues arise.
Performing the usual calculations for the number of intervals /N, Courant
number A < 1 and grid spacing h (Eq. (2.53)),

L ck
h:=ck, N:= {J , h:= N’ A= T (12.2)
shows that a change in ¢ can cause abrupt changes in IV due to the flooring
operation. One could avoid this issue by fixing N at the start of the simulation
and decrease ¢, i.e., tune it away from the stability condition. The issue here, is
that the simulation quality and bandwidth decreases very rapidly as explained
in Section 2.4.4.

Paper [G] proposes a fractional number of intervals N, where N = |[N|,
such that grid points could potentially be added and removed from the grid
without causing artefacts. As the number of intervals is fractional, the flooring
operation in Eq. (12.2) can be removed, and h does not have to be recalculated.
Equation (12.2) can be changed to

L ck
= = — = — 12.
hi=ck, No=o, A= (12.3)
which results in that the stability condition is always satisfied with equality.
Issues regarding simulation quality and bandwidth could thus be resolved. In
the following, the variables ¢, h, N"and N will receive a superscript n as they
are time-varying.
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12.2.2 Splitting the scheme

Rather than working with the scheme in Eq. (12.1) directly, paper [G] proposes
to split it into two separate subsystems, according to

Surup’, = (") 0gauf, (12.4a)
6ttwlr,1w = (Cn)Q(Swm w?w y (124b)

where [, € {0,...,M"} and [,, € {0,..., M’} and integers
M"=T[05N"] and M =|0.5N"| (12.5)

are the number of intervals between grid points of each respective subsystem.
This yields a total of M™ + M} + 2 grid points, which is one more than
the original scheme in Eq. (12.1). Paper [G] shows that this system can be
shown to exhibit identical behaviour to the original system, using the boundary
conditions described shortly.

Locations of grid points

The schemes in Eq. (12.4) are placed on the same domain z, where the left
boundary of u; and the right boundary of w;' - referred to as the outer
boundaries — are placed at the following locations:
Ty, =0, x5, . =L (12.6)
Here, zj, is the location of grid point ¢; (in m from the left boundary) at time
index n.
The right boundary of u and the left boundary of w — referred to as the
inner boundaries — are placed at the following locations:
Tyym = M"R",  xy =L — Mph™. (12.7)
If N is an integer, the inner boundaries perfectly overlap (see Figure 12.1a). If
the wave speed ¢" changes, which consequently changes A" according to Eq.
(12.3), the outer boundaries will remain at their respective locations given by
Eq. (12.6) and all other grid points will move to or from the outer boundary
of their respective system according to’
Ty, =Wh",  xy, =L—(My—l,)h" (12.8)
See Figure 12.1b. As an example, if ¢™ decreases, h™ decreases, causing all grid
points of system u to move towards the left boundary and all grid points of

!Notice that Eq. (12.8) applies to all grid points, and includes the definitions for the outer and
inner boundaries in Egs. (12.6) and (12.7).
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Fig. 12.1: Illustration of the proposed method. In all figures, the x-axis shows the location of
the respective grid points, but ‘2™ is omitted for brevity. (a) Locations of the states of two (1D

wave) systems connected at the inner boundaries (N = 30, a7} , = zi, ). (b) When c",

and consequently h™, are decreased and the positions of the grid points change (V™ = 30.5,
Ty yyn 7 Tug)- (€) Figure 12.1b zoomed-in around the inner boundaries. The virtual grid points
Ujyn 1 and w™, are shown together with the distance between them, expressed using o in Eq.
(12.9). (Taken from paper [G].)

system w to move towards the right boundary (except for grid points at the
outer boundaries).
The distance between the inner boundaries is expressed as the fractional
part of N
a=a"=N"-N" (12.9)

and essentially states how many times the grid spacing h™ can fit between the
inner boundaries, which is always less than once (see Figure 12.1c). If the value
of N™ changes, a grid point will be added to or removed from the grid as will
be shown in Section 12.2.3.
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Boundary conditions

For the outer boundaries, Dirichlet boundary conditions are used (see Eq.
(2.48a)). The conditions for the inner boundaries are slightly more involved,
and play a large part in the working of the method. In order for the system
to exhibit the same behaviour as the original system in Eq. (12.1), the inner
boundaries must have an identical displacement if they are perfectly overlap-
ping, i.e.,

upym =wpy, if a=0, (12.10)

and acts like a rigid connection between the inner boundaries (see Section
11.3). It is shown in paper [G], that in the perfectly overlapping case, identical
behaviour to the original system can be obtained if: 1) the virtual grid points
ufyynyqy and w”; are defined by the (centred) Neumann boundary condition
(Eq. (2.48b)), and 2) the rigid connection in Eq. (12.10) is imposed on u};. and
wg.

If parameters are varied, and the inner boundaries are no longer overlap-
ping, the rigid connection will not be imposed anymore, and other definitions
for the virtual grid points must be found. Using quadratic Lagrange inter-
polation to calculate the virtual grid points, shows excellent behaviour when
parameters are varied, and continues to satisfy the requirement in Eq. (12.10)
for perfectly overlapping boundaries (see Section 12.3 for experiments with
other interpolators). At the inner boundaries, a definition of the virtual grid
points is given as

a—1 a—1

UnMn+1 = T—Hu”;\l/ln + wg — ﬁﬂ)?7 (1211a)
" a—1 n a—1 _
w_q :*a+1UMn_1+UMn+mwo. (1211b)

How these coefficients are obtained will be shown below.

Lagrange interpolation

The coefficients in Eq. (12.11) were obtained using the Lagrange interpolation
formula, where the coefficient at the i" interpolation index is calculated as

L) = [ % (12.12)
j=0g47i "

with interpolation order o, which, in this case, is 2. As uys» is the leftmost grid
point used for the interpolation, its location is set to 0 and the values used are
normalised by A" for simplicity. To calculate the coefficients in Eq. (12.11a),
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the following locations were used in Eq. (12.12) (refer to Figure 12.1c):

o = x’LL]\/[n = 07
X1 = Ty = @, (12.13)
Ty = Ty, =+ 1.

The virtual grid point is the point calculated by the interpolation and will be

at
T =Tyynt1 = L. (12.14)

Writing out the interpolation coefficient for index ¢ = 0, yields
1—a\ [1—(a+1)
0—a)\0—(a+1))’

a—1

a+1

Io()

This process can be repeated to obtain the other coefficients.

To obtain the coefficients for Eq. (12.11b), one can alter the locations in Eq.
(12.13), or simply reverse the interpolator and apply it to the appropriate grid
points.

12.2.3 Adding and removing grid points
Before continuing, it is useful to write the state of the system in vectors:

u” = [uf,...,ulp]", and w" = [wg, ... wim )", (12.15)
and have M"™ and M} entries respectively. Notice that ug and w},, are not
included, as Dirichlet boundary conditions are used. °

If ¢™ and - through Eq. (12.2) — h™ are decreased, it might happen that the
inner boundaries surpass the virtual grid points and N > N"~!. In this case,
a grid point must be added to the system, which will be done according to the
following;:

n _ nTI n|T if N” i dd
if N7 s et WS LT v NS odd, (12.16)
w" = [I5 v, (w)T]T  if N™ is even.
Here,
V= [UK/I"—DUXIWU)S?w?]T
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and cubic Lagrangian interpolator (see Eq. (12.12))

_ a(atl) 20 2 20
Iy = [_ (a+2)(a+3) a+2 a2  (a+3)(at2) |’ (12.17)
where I3 is a flipped version of (12.17).
If the opposite happens: ¢" and h™ increase, and N < N"~!, a grid point
can be removed from the system according to the following:

u” = [uf,ul...,uf. )T if N™is even,

if Nm < N1 { (12.18)

w = [wl, wh...,wh.]T if N is odd.
w

As mentioned in [G], the split of the original system does not have to be at
the center (as presented here), but can be anywhere along the system, the limit
being one point from the boundary. Thus, if M™ and M,, are calculated using

w
M"=N"-1, and M"=1, (12.19)

the method is still valid. Notice that if this definition is used, grid points will
only be added and removed from u", and Egs. (12.16) and (12.18) reduce to

u" = [(u)T, v")T, if N* > N (12.20)

and
n

u” = [uf,ule . u. ), ifNT < NPT (12.21)

respectively.

12.2.4 Displacement correction

An issue that arises when increasing ¢”, is that u%;. % w{ at the time of
removal. As a =~ 0 at this moment, this violates the rigid connection in Eq.
(12.10). Paper [G] proposes to ‘correct” the state of the grid points at the inner
boundaries, which is referred to as displacement correction, and will be detailed
here.?

Using 0™-order spreading interpolators J;, (7 ) = Ji,0(z2 ) and
i, (x,) = Ji,0(zy,,) as defined in Section 8.2, system (12.4) can be extended
to contain an artificial spring connection at the inner boundaries as?

S = (") 28ppuf. + Ji, (22 )L, (12.22a)

upmn

Sevwpt, = ()b pewf, — Ju, ()L (12.22b)

2The term state correction (as used in paper [H]) might be more appropriate here, as the state of
a system described by a FD scheme might not refer to a ‘displacement’”.

3Paper [G] uses subscripts u and w rather than l,, and ., for the spreading operators, but this
has been changed here, for coherency with the rest of this thesis.
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where the correction effect is determined by a linear damped spring (see Chap-
ter 11)
F = B (uen™ + 000en™) . (12.23)

Here, o is a damping coefficient and the difference between the states of the
system at the inner boundaries is defined as

" Ewl — ulin. (12.24)
Notice that, as the spreading operators are of 0'-order, one can simplify the
notation as done in Section 11.3.1 and use subscripts rather than interpolation
operators.

Furthermore, 5 = " = B(a™) scales the correction effect depending on
the value of a. This function has to be defined such that when o = 0, 5 — oo
and the correction effect acts like a rigid connection. If, on the other hand
a — 1, the correction effect should vanish, according to 3 — 0. The following
function that satisfies these conditions was proposed in paper [G]:

11—«

b=y (12.25)

where 0 < ¢ <« 1 prevents a division by 0. Paper [G] states that it can be
shown that when implementing the correction effect, a division by 0 can be
prevented, and ¢ = 0 will still yield a defined solution. As an extension to
paper [G], details on this implementation will be given here.

Implementation

Following a similar process to Section 11.4.1, one can expand the temporal FD
operators of system (12.22) at the connection location to get

/C2
u?;\,j—ﬂl _ 2U7]c1n o ux[—ﬂl + (Cn)kaész’r[\l/[n + hTFcn’ (12263)
k2
wh ™ = 20 —wp T 4 ()RS, — S FL (12.265)

and substituting this into Eq. (12.24) evaluated at » + 1, yields

k2 k2
77"+1 =w* — h—nFC” — (u* + han‘) , (12.27)
where
u = 2ul. — u}cfﬂl + (c")2k2(5mu§\l4n,
and

w* = 2wy — wi 4 ()2 k20wl
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are the update equations of the schemes without the connection force.
Another definition of 7"*! can be obtained by expanding Eq. (12.23) and
solving for "1 according to

1
Fr=28 <2 (nn+1 _|_77n71) + 90 (nn+1 _ nnl)) ’

5%
Fcn _ (ﬁ(l +200/k)> n71+1 + (ﬁ(l _QUO/k)) 7771—17
Eq. (12.25) a1 2o+ €) w l=oo/k .y
g ’ = ((1+00/k)(1—a))FC ok - 123
——’

T

This definition can be substituted into Eq. (12.27) and solved for F* according
to

2(a+5) n_,,,n—lzw*_u*_%
((1 +00/k)(1 - a)) Fe pr
<2h”(a+€)+2k2(1+ao/k)(l—a)
hr(1+o00/k)(1 — )

) Fcn _ U)* _ U* +’I"T}n71,

and finally

n __ * * n—1 hn(1+0 /k)(l_a)
F = (o =t 4 )(2h”(a+s)+2kg(1+ao/k)(1—a)>'

It is clear now that, even if ¢ = 0, no division by 0 will occur no matter the
value of a. In other words, if @« = ¢ = 0 in Eq. (12.25), this will still yield a
defined solution. The final equation for F* can thus be written as

hn(]. + Uo/k)(]_ — a)
2hna+ 2k2(1 + oo /k) (1 — a)> : (12.29)

Fcn — (w* —u* + 7’77”71) <

This can then be substituted into system (12.22) and used to calculate u}\‘;} and

wy ! respectively.

12.2.5 Matrix form

The vectors in Eq. (12.15) can be concatenated to one larger state vector as*

un = [“n} , (12.30)

“Note that, although U™ is not a matrix, it is capitalised for coherency with paper [G].
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and has M" = M"™ 4 M}, elements. Using M™ x M" identity matrix Iy,
system (12.22) can then be written in matrix form as

IMnun—‘rl :Bnun _ IMnun_l

+ (J )%kz((l + ao/k)un+1 +(1- Uo/k,)un—l)

(12.31)

where M™ x 1 column vector
J=3"=1[0nn_1,1/B", =1/, Oprp 1]"

contains the effect of the spreading operators with P x 1 row vector 0p. Fur-
thermore, 1 x M™ row vector

77 f— ,r"ﬂ fr— [0]\4n,17 —1, 1,OM72,1]

vectorises the effect that n™ in Eq. (12.24) has on Y. Note that as j is a column
vector and 17 a row vector, the multiplication of the two yields an M™ x M"
diagonal matrix. Finally, B™ contains the usual D, matrices for both schemes
in its top-left and bottom-right quadrants, as well as the definitions for the
virtual grid points given in Egs. (12.11):

Bn == ZIMn
0
1 —2 1
1 (L—l — 2) 1 _a=1
2 a+1 a+1
+A _a-1 1 (L—l _ 2) 1
a—+1 a—+1
1 —2 1
L 0 ]

0
1 0 1
1 a—1 1 _a—1
B" = o L (1232)
a+1 a+1
1 0 1
- 0 -
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Equation (12.31) can then be rewritten to
AYntt = B"U" + U, (12.33)
with

2 2(1 —
PO LK. TP (IW B~ o0/) jn) |

Notice that if points are added and removed at the boundary, and Eq. (12.19)
is used, the B™ matrix can be written as

B" = L0 Oil , (12.34)
1 ol
_a-T 1 a—T
a+1 a+1

due to the Dirichlet boundary condition.

Modal Analysis N = 15 — 20
N \ N N -

20

10

Frequency (kHz)

5

15 16 17w 18 19 20

Fig. 12.2: Results of a modal analysis performed on the one-step form of the dynamic grid system
in (12.35). Thinner and bluer lines indicate a higher amount of damping.

12.2.6 Modal analysis and results

Although the modal analysis techniques presented in Section 3.5 are only
accurate for LTI systems, they can still be applied in the case of slow (sub-
audio rate) parameter variations to obtain useful information about the scheme
behaviour. In the process of creating the proposed dynamic grid method,
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(@ N™ = 15 — 20, without displacement (b) N = 20 — 15, with displacement cor-
correction. rection.

Fig. 12.3: Output spectra of an implementation of the dynamic grid.

modal analysis was indeed a key component in determining whether the
method yielded satisfactory results.

One can perform a modal analysis on the scheme by writing Eq. (12.33) in
a one-step form (see Section 3.5.1),

n+1 n\—1lpn n\—1n n
{uu" ] B [(AI)WB “ )0 © ] [uunl], (12.35)

Qn

where 0 is a M™ x M™ matrix of zeros. °

Figure 12.2 shows the result of a modal analysis performed on the one-
step form shown in Eq. (12.35) according to Section 3.5.1. The split of the
original system is done as close to the right boundary as possible, such that
the number of intervals M"™ and M} are calculated using Eq. (12.19). For
a simulation lasting n.ng samples, the wave speed is varied linearly between
® = 2940, corresponding to ¥ = 15, and ¢ = 2205, corresponding to
N7end = 20.

Figure 12.3 shows the output spectra of an implementation of the dynamic
grid with the same parameter variation as used for the modal analysis. Figure
12.3a presents the spectral output of an implementation, where N' = 20 —
15 without displacement correction, and shows that the modes follow the
pattern predicted by the analysis. Figure 12.3b presents the spectral output
where N = 15 — 20 with displacement correction activated. Although high-
frequency modes get damped by the displacement correction, no artefacts are
visible when changing grid configurations. Furthermore, the modes follow
the pattern predicted by the modal analysis in reverse (as expected).

Notice that, in the definitions for A™ and C", § can go to infinity, when o = ¢ = 0 through
Eq. (12.25). In this case, ¢ is set to a tiny non-zero value to avoid undefined results.
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12.2.7 Discussion and conclusion

Overall, the method satisfies the requirements detailed in the paper. The
fundamental frequency of the system follows Eq. (2.40) with only very small
deviations, as desired. Although larger deviations occur for higher frequency
modes, these are not substantial. Looking at Figure 12.3b, the displacement
correction seems to successfully prevent artefacts, but proper listening tests
will need to be carried out to confirm this.

The results show that drawbacks of the method, such as frequency devi-
ations and damping due to the displacement correction, mainly happen in
higher frequency regions. As these are less relevant than lower frequencies
due to the reasons presented in [G], the method can be concluded to work
satisfactory. A more detailed discussion of the results can be found in the
paper.

One important aspect that is still missing from the presented method, is
under what conditions it is stable. As stated in [21], stability for time-varying
schemes are difficult to show using the current energy analysis framework
(presented in Section 3.4). The first step would be to perform a frozen coefficient
analysis [59]. In the case of this method, this means to fix ¢ at different values
and prove stability in those cases. Finding these conditions has been left
for future work, but would be a logical next step in the development of the
dynamic grid method.

Other future work includes to extend the method to other systems, such
as stiff strings (Chapter 4) or even 2D systems such as membranes and plates
(Chapter 6). An interesting use case for this method is that of nonlinear
systems, such as the Kirchhoff-Carrier string model [111] where parameters
are varied based on the state of the system.

12.3 Interpolation experiments

This section presents the results of experiments using different orders of in-
terpolation to calculate the virtual grid points at the inner boundaries of the
system, and aims to provide insight as to why quadratic interpolation has been
chosen in the end.

Four different Lagrangian interpolators are presented, ranging from lin-
ear to quartic (fourth order), and are made using the Lagrange interpolation
formula in Eq. (12.12). Different orders of interpolation are included in the
method by changing the definitions of the virtual grid points given in Eq.
(12.11), and thereby the definition of the B™ matrix in Eq. (12.32). As the effect
of the displacement correction on the modal frequencies is negligible, this is
excluded for clarity. Equation (12.33) can then be rewritten to

Ut =B"U" -y (12.36)
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and, using a test solution U™ = 2" ¢ (following Section 3.5), the eigenfrequen-
cies can be calculated according to (using trigonometric identity (3.21b))

[ =s—cos™! (;eigp(B”)> . (12.37)

In the following, results will be shown for a varying wave speed corre-
sponding N = 15 — 20, as was done in Section 12.2.6, but using Eq. (12.37).
For each interpolator, the case where the original system is split in the mid-
dle using Eq. (12.16), and where the split is at the right boundary using Eq.
(12.20), are considered. The black and red colours used in the figures do not
carry extra meaning, and are only used for clarity of the plots. The results will
be discussed at the end of this section.

Linear interpolation

One can implement linear interpolation by changing the definitions in Eq.
(12.11) to

Uy = owy + (1 — a)wy, (12.38a)

why = (1 — a)ulym_q + aulym, (12.38b)

such that the value of the virtual grid points of one system are fully defined
by values of the other.
The B matrix in Eq. (12.32) can be changed to

B" = (12.39)

(1—-a)

0

and results are shown in Figure 12.4.

Quadratic interpolation

As quadratic interpolation is what the dynamic grid method is based on, no
new definitions for Eqgs. (12.11) and (12.32) have to be given. Results of the
modal analysis using Eq. (12.37) are shown in Figure 12.5.
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Fig. 12.4: Results of modal analysis for linear interpolation.

x10* Modal Analysis N = 15 — 20 x10% Modal Analysis N = 15 — 20
= ———
’ \ 2 \
) \ =)

g \ g 1 \
R S N — e e S ——
e « : \
U e LI — osfp____—

0 0

15 16 17 v 15 19 15 16 17 IV 15 19
(a) Split is in middle. (b) Split is close to the boundary.

Fig. 12.5: Results of modal analysis for quadratic interpolation.

Cubic interpolation

A cubic interpolator, using two points at either side of the virtual grid point,
can be created using the Lagrangian interpolation formula in Eq. (12.12). The
locations to calculate upsn 11 will be set to

Lo = Zupym = 07

T1 = Ty = O,

(12.40)
Ty = Ty, = O+ 1,
T3 = Ty, = @+ 2,
and the virtual grid point is at
T=Tyynt1 =1L (12.41)
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The definitions for the virtual grid points can then be shown to be

a—1 a+1 ala—1)
’U/}\L/[n+1 = mu%n + ng + (1 — O[)w? + mwg7 (12423)
n OL(CY _ n n a+1 n a—1 n
w_, = WUMTL_Q + (1 - a)uMn_l + TUMTL + mwo, (1242]9)

and the B" matrix can be set accordingly.

If Eq. (12.19) is used, and the split is placed close to the right boundary,
the Dirichlet condition at this boundary needs to be extended to be simply
supported, such that wy = —wg. As the value at the boundary remains 0, i.e.,
wy = 0, this alters Egs. (12.42) to be

a—1 a+1 ala—1
UT;\I/In_‘_l = 771%1” +< - ( ))U)g

a+2 2 2(a+2)
w"lzwuﬁ/]n 5+ (1 —a)ulyn 1—|—a+1u’j\‘4n.
T 2(at2) M - 2

The results are shown in Figure 12.6.
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(a) Split is in middle. (b) Split is close to the boundary.

Fig. 12.6: Results of modal analysis for cubic interpolation.

Quartic interpolation

Finally, a quartic interpolator can be created from Eq. (12.12). At the boundary,
it can be implemented similar to the cubic interpolator. Results of a quartic
interpolator can be found in Figure 12.7.
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(a) Split is in middle. (b) Split is close to the boundary.

Fig. 12.7: Results of modal analysis for quartic (fourth-order) interpolation.

12.3.1 Discussion

The results show a large behavioural difference between odd-ordered (linear,
cubic) interpolators and even-ordered (quadratic, quartic) interpolators.

Figure 12.4 shows that for linear interpolation, modes with frequencies
below f;/4 Hz (1/2 the Nyquist frequency) move downwards as N increases,
as expected, but modes above this frequency generally move upwards. If
the split is in the middle, ‘modal crossings’ appear for even values of |[N"],
but they do not occur when the split is close the boundary. Similar behaviour
occurs for cubic interpolation in Figure 12.6, but the splithappens around 3 /8 f;
Hz (3/4 the Nyquist frequency). Again, adding points close to the boundary
resolves the modal crossings.

The modal patterns created by even-ordered interpolators, exhibit be-
haviour closer to what is desired (see Figures 12.5 and 12.7). All modal
frequencies move down and no modal crossings occur. Interestingly, the even-
ordered interpolators show no differences in their modal behaviour when the
split is in the middle of the original system versus close to the boundary (the
differences are within machine precision).

Frequency deviations happen to a lesser degree for the quartic interpolator
than for the quadratic interpolator, and continue to decrease for higher-ordered
(even) interpolators. The differences have been found negligible and as flex-
ibility of the method decreases as the interpolation order increases (as more
grid points are required for the virtual grid point calculation), the quadratic
interpolator has been chosen in the eventual method.
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12.4 Examples of use cases

This section provides several examples of instruments using dynamic param-
eter variations and can be used as inspiration for future work. As mentioned
in paper [G], the interest lies in dynamic changes in the defining parameters of
the resonator, as opposed to a pitch change using a fretting finger, for example.

1D systems

A defining property that can physically be changed in strings is the tension.
There are various ways to smoothly change the pitch by changing the tension
in the string. A straightforward way to do this would be to move the fretting
finger perpendicular to the string while pressing down to create a pitch bend.
Other, less common ways are to modulate the tension by pressing down on the
small length of string between the tuning peg and the nut®, or turn the tuning
pegs directly while playing.”-8

The hammered dulcimer is another example where the strings are placed
over a bridge, where one can play the string at one side of the bridge, while
pushing down on the same string on the other side.’

Apart from strings, acoustic tubes also lend themselves to applications of
the dynamic grid. The main example is the trombone as published in [H],
where the method presented in this chapter is used. The slide whistle falls in
the same category.

2D systems

One could potentially extend the dynamic grid method presented here to 2D,
and model physical tension changes in membranes. The membrane tension
in timpani, for example, can be changed using a footpedal. The Bodhran
is a membranophone where the player hits the membrane on one side and
can change the pitch by pressing on the other side.’® The pitch of a talking
drum (hourglass drum) can be changed be squeezing the laces attached to the
membrane.’ An example of a pitch-modulated thin plate is the musical saw,
where the curvature of the saw is changed to create different pitches.?

¢John Mayer - Gravity (Live in L.A.): https://youtu.be/dBFW80vciIU?t=284

’Jon Gomm - Passionflower: https://youtu.be/nY7GnAg6Znw?2t=49

8grdyhound - servo bender: https://youtu.be/£SQ9Dg65EF0

°Amazing Hammered Dulcimer Musician - Joshua Messick: https://youtu.be/
veuGTnzgNRU?t=215

OJohn Joe Kelly Bodhran Solo - Christ church Dublin 2012: https://youtu.be/
b9HYB5yNS1A?t=146

Ayan Bisi Adeleke - Master talking drummer - drum talks: https://youtu.be/
B40QJZ2TEVI?t=9

2Musical Saw performance by Sakita Hajime: https://youtu.be/-6nv0iDrAis
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Chapter 13

Real-Time Implementation
and Control

“The real problem is that programmers have spent far too much time worrying
about efficiency in the wrong places and at the wrong times; premature
optimization is the root of all evil (or at least most of it) in programming.”

- Donald E. Knuth

A large contribution of this PhD project has been to implement novel combi-
nations of existing FD schemes in real time. As opposed to many FDTD-based
musical instruments found in the literature, those presented in this work allow
for real-time control such that the virtual instrument can be played. Here, an
interactive application is considered real-time when control of the application
generates or manipulates audio with no noticeable latency.

For human-computer interaction, the task at hand greatly determines how
much latency is acceptable. Wessel and Wright [112] place the upper limit
of latency when interacting with computers for musical purposes at 10 ms.
Moreover, they place the limit on the jitter, the variation of the latency, at 1 ms.
It is thus important to keep the CPU usage at a fixed level as much as possible,
and different ways of controlling and interacting with the application should
not influence the number of computations much.

Until now, this thesis has made several references to implementations of
FD schemes in the MATLAB programming language. Although MATLAB is a
great tool for prototyping, it is a high-level programming language (i.e., has
a high level of abstraction). Generally, higher-level programming languages
are easier to program, but more control — and speed — is gained by using a
lower-level programming language such as C++.

A great tool for real-time audio programming, which has extensively been
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used in this project, is the JUCE Framework.! This framework, written in C++,
is specifically developed for programming audio applications and plug-ins.
The framework provides the back end of an audio application that handles the
audio and graphics threads, and ensures that they can run simultaneously with
minimal interference. All real-time physical models that were made over the
course of this PhD project have been implemented using the JUCE framework.

This chapter can be considered as a general contribution that can be applied
to all papers in Part VII (except paper [G]). Firstly, details on the structure
of a class implementing a FD scheme will be provided, using the damped
stiff string as an example. Secondly, an overall code structure is given that
can be applied to many of the applications created during this PhD project.
Finally, this chapter will present the Sensel Morph and the PHANTOM Omni,
two hardware devices which have been used to control the physical models
presented in papers [A], [B], [C], [D] and [E]. Some additional considerations
on programming real-time FD schemes can be found in Appendix E.

13.1 Real-time FD schemes

Until now, this thesis has presented many resonators in matrix form (see e.g.
Egs. (4.19) and (6.46)) for a compact implementation in MATLAB. Although
libraries for handling matrices in C++ exist (see e.g. Eigen [113]), the highest
algorithm speed is obtained by calculating the update equations directly.

In any of the real-time applications created during this project, the update
equation implementing a FD scheme is always the most computationally ex-
pensive part (given a low refresh-rate for the graphics). This algorithm needs
to run at a rate of 44100 Hz, whereas the rest of the implementation can run
at a much lower rate. This section provides details and considerations on
the real-time implementation of FD schemes in C++ during this project. The
damped stiff string presented in Chapter 4 will be used an example. The full
implementation can be found online and parts will be presented here to aid
the explanation.? The FD scheme is implemented in a separate class called
SimpleString, and will be used in the following.

13.1.1 System states and pointer switches

In any FD scheme implementation, at the end of every iteration, the system
states must be updated, i.e., the following operations must be performed:

n—1 n

u =u" and u":=u"tl.

Thttps://juce.com/
2https://github.com/SilvinWillemsen/SimpleStringApp/ (using JUCE v6.0.8)
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In MATLAB, one would simply perform these operations according to

for n = 1l:lengthSound

uPrev = u;
u = uNext;
end

In C++, however, one has the ability to perform a pointer switch to update the
system states. For a 1D FD scheme with N 41 grid points, the number of copy-
operations it takes to update the system states manually would be 2(N + 1), as
shown in Figure 13.1a. A pointer switch, as shown in Figure 13.1b, only needs
4 copy-operations per iteration and can be carried out in C++ as follows:

double SimpleString::updateStates ()
{

double* uTmp = ul2];

ul2] = ull];
ull] = ul0];
ul[0] = uTmp;

Here, u is a vector containing 3 pointers, each of which points a state vector at
a certain time step:

ul0] - u™ u[l] - u", and u[2] - u™ !l
A temporary pointer is assigned to the memory location that u[2] points at,
to be able to assign that location in memory to u[0] in the end. The values
of that vector will be overwritten by the update equation in the next iteration
(see Section 13.1.3 and Figure 13.1).

The state vectors themselves are stored in a matrix (which is a “vector of
vectors’ in C++). This matrix will have 3 columns related to the 3 time steps
required to calculate the FD scheme, and IV + 1 rows, which corresponds to
the number of grid points.®> The matrix is initialised as follows

//// In the constructor of SimpleString ////

// initialise vectors
uStates = std::vector<std::vector<double>> (3,
std::vector<double> (N+1, 0));

Next, the aforementioned pointers are initialised such that they contain the
memory addresses of the start of the three state vectors in the matrix.

3These are not actual rows and columns as in a matrix, but these terms are used here for ease
of explanation.
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(b) Pointer switch: 4 operations per iteration.

Fig. 13.1: Updating the state vectors by (a) copying all values individually, or (b) performing a
pointer switch. Non-zero values are highlighted in green for clarity. The values of the red vector
will be overwritten by the update of the scheme in the next iteration.

//// In the constructor of SimpleString ////

// Initialise pointer vector
u.resize (3, nullptr);

// Make set memory addresses to first index of the state vectors.
for (int 1 = 0; 1 < 3; ++1i)
ul[i] = &uStates[i] [0];

One will then be able to work with the pointers directly in the eventual update
equation (see Section 13.1.3).

13.1.2 Pre-calculation of coefficients

To prevent extra computations in the FD scheme, it is useful to calculate as
many of the coefficients as possible beforehand (provided that these do not
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vary over time). Recalling the update equation for a stiff string in Eq. (4.10),
one can write this as

Agvup ™ = Biup + Ba(up'yy +ui'y) + Bs(uf'ys + up'5)

_ _ - (13.1)
+ Crup ™+ Ca(up ! +up ),
where
do1k 201k
gy =1+00k, Bo=2-2\ 6% = 05 Bi= X du? + 0,
do1k 201k
By =—p®, Co=—1+o00k+ h; , and C;=— h;

All of these coefficients can be calculated in the constructor of the stiff string
class. One can also already divide the B and C coefficients by Ag;y, as done in
the code below.

//// In the constructor of SimpleString ////

// Coefficients used for damping
SO = sigmal0 * k;
S1 = (2.0 % sigmal * k) / (h x h);

// Scheme coefficients
BO = 2.0 - 2.0 » lambdaSqg - 6.0 * muSqg - 2.0 = S1; // u_l1"n

Bl = lambdaSg + 4.0 % muSqg + S1; // u_{1+-1}"n

B2 = -muSg; // u_{1+-2}"n

CO = -1.0 + S1 + 2.0 * S2; // u_1"{n-1}

Cl = -S51; // u_{1l+-1}"{n-1}
Adiv = 1.0 / (1.0 + S0); // u_l1"{n+1}

// Divide by u_l1"{n+l} term
BO %= Adiv;
Bl x= Adiv;
B2 *= Adiv;
CO x= Adiv;
Cl %= Adiv;
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13.1.3 Update equation

With all the above set up, the update equation can be implemented as follows:

void SimpleString::calculateScheme ()

{

for (int 1 = 2; 1 < N-1; ++1) // clamped boundaries
ul0][1] = Bl * u[l]([1l] + B2 * (u[l][l + 1] + ufl]([l - 1])
+ B3 x (u[l][l + 2] + ull][l - 2])
+ Cl x uf2][1] + C2 % (u[2][1l + 1] + ul2][1 - 11);

This function and the pointer switch in Section 13.1.1 (in that order) will then
have to be called once per sample.

13.1.4 Acceleration strategies

Apart from implementing the physical models in C++ rather than MATLAB,
additional acceleration strategies can be used for even faster algorithms. FD
schemes, especially explicit schemes, are highly parallelisable, i.e., many of the
operations done are identical and can run simultaneously. A great overview
is given in [43] and provides advantages and disadvantages of using the GPU,
multicore processing and vector instructions (SIMD, AVX). An in-depth evalua-
tion of FD schemes (both 1D and 2D), implemented using multicore processing
and AVX instructions, has been carried out in [64].

For this project, none of these acceleration strategies have been used, but
could be investigated in the future. Occasionally, the quality of 2D systems
has been lowered to allow for a real-time implementation (see papers [A] and
[D]). However, as strings were used as the main resonators of many of the
implementations, these decreases in quality were deemed unimportant for the
eventual output sound of the simulation.

13.2 Code structure

This section presents the general code structure used for the real-time appli-
cations created in this project. As an example, consider a simple instrument
consisting of one string and one plate, and a connection between them as
presented in Section 11.5. The string is excited using the Sensel Morph (see
Section 13.3.1). This is a simplified case of the contribution made in papers [A]
and [B].

The structure of the code is visualised in Figure 13.2. The white boxes de-
note various classes or components of the application, which will be described
in detail shortly. The black arrows indicate instructions, and hollow arrows
indicate data flows. All arrows are accompanied by a box denoting the type
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Fig. 13.2: The structure of a real-time implementation of a physical model. Boxes with “u & o’ refer
to ‘update and output’ and ‘Inter.” is short for ‘Interaction’. A detailed description of the figure is
given in Section 13.2.

of instruction / dataflow and the colour of the box denotes at what rate this
happens.

Threads

The application contains three different threads, all handled by the JUCE back
end. The highest priority thread is the audio thread, which is denoted by
orange blocks. It runs at 44100 Hz and handles the calculations of the FD
schemes. Denoted by blue, is the control thread, which runs at 150 Hz. The
input from the Sensel will be applied to the application at this rate. This rate
corresponds to a maximum control latency of ~7 ms, which is below the upper
limit for latency in musical applications proposed in [112]. Finally, the thread
updating the graphical user interface (GUI) is set to run at 15 Hz, which is a
value that was heuristically found to be a good balance between good visuals
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and a fast application. Papers [A], [C], and [H], contain a comparison between
the speed of the application with and without the graphics. In all cases,
results showed that the graphics take up a large part of the computational
power available.

String and Plate

The String and Plate classes implement the FD schemes of the stiff string
and thin plate resonators respectively.# See Section 13.1 for an example of an
implementation of the stiff string; a similar code structure can be used for the
Plate class. As this section follows Section 11.5, the states of the string and the
plate will be denoted by u and w, respectively.

For the resonators to work in isolation, both classes require a function
that calculates the scheme, and a function that updates their system states (see
Section 13.1). The interactions between the classes is handled by the Instrument
class (see below). Therefore, both classes require additional functions that
return u* and w*, as well as a function that adds the interaction force f to the
schemes. A final function returns the output of the resonators.

Lastly, the classes contain a paint function which is used to draw the state
of the system on the screen. This function is called by the JUCE back end at
the rate that the graphics thread is set to.

Instrument

The Instrument class contains instances of the individual String and Plate
resonators. Rather than performing the calculations of the FD schemes, the
Instrument class handles all interactions between the individual resonators. In
Figure 13.2, this is denoted by the ‘Inter.” block and it follows a similar process
to Section 11.5.4 (albeit not in matrix-vector form):

1. The Instrument class instructs the resonators to calculate their respective
schemes without the connection force (Eq. (11.52)).

2. The intermediate states at the connection location, v* and w*, are re-
trieved (Eq. (11.53)).

3. The connection force f™ is calculated using Eq. (11.51).

4. The force is added to the scheme (Eq. (11.54)).

“Note that the class can not actually be called ‘String’ as this is already an existing variable

type.
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Main Application and Control

The Main Application (also called MainComponent in JUCE), is the top-level
class of the application that handles control input and audio and graphics
output.® The Main Application contains an instance of the Instrument class
and instructs it to calculate the schemes and their interactions once per sample.
Furthermore, it retrieves the output from the Instrument and sends this to the
audio device at the same rate.

Finally, the application is controlled by the Sensel Morph. The Main Ap-
plication checks the state of the Sensel at a rate of 150 Hz and maps this to
control parameters used by the scheme.

13.3 Hardware devices

Throughout this project, two hardware devices to expressively control the
simulated instruments have been investigated. These are the Sensel Morph
and the PHANTOM Omni, both of which will be briefly described here. The
mapping of these controllers to the various instrument simulations can be
found in the respective papers described below.

13.3.1 Sensel Morph

The Sensel Morph, or Sensel for short, is a high-accuracy pressure sensitive
touch controller, containing ~20,000 pressure-sensitive sensors that allow for
high-fidelity control (see Figure 13.3) [47]. Above the touch-sensitive area, the
controller contains an array of 24 LEDs that can be programmed and used to
provide information to the user.

Papers [A] and [B] were the first scientific papers to use the Sensel to control
amusical instrument simulation. Afterwards, the controller was used for other
applications in the Sound and Music Computing field [114, 115, 116].

For this project, the Sensel has mainly been used to control the bow to excite
stiff strings in papers [A], [B], [C] and [D]. Additionally, it is used to excite
strings using simple pluck and hammer excitations as described in Section 7.2.
Details on the mapping of the Sensel to the various implementations can be
found in the respective papers.

13.3.2 PHANTOM Omni

The PHANTOM Omni, or Omni for short, by SenseAble Technologies (now
3D Systems), is a six-degrees-of-freedom (6-DoF) device that provides force
and vibrotactile feedback (see Figure 13.4) [117]. Moreover, it allows for highly

5This section assumes that the JUCE Audio Application template has been chosen — not the
Audio Plug-in template.
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Fig. 13.3: The Sensel Morph.

accurate tracking in a 3D application, and has been used in paper [E] to control
the bow of the tromba marina.

Other work using the Omni in a musical context, specifically for plucking
a virtual guitar string, was done by Passalenti et al. in [118, 119] and Fontana
et al. in [120].

Fig. 13.4: The PHANTOM Omni haptic device. The device has six axes of rotation (6-DoF), three
of which provide force feedback (A1-3), and three that only track position (B1-3). (Adapted from
paper [E].)
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Large Scale Modular Physical
Models

This chapter provides an extended summary for the work presented in the
papers “Real-Time Control of Large-Scale Modular Physical Models using the
Sensel Morph” [A] and “Physical Models and Real-Time Control with the
Sensel Morph” [B]. Paper [A] presents the work done on various physical
models connected by nonlinear springs using three instruments as case stud-
ies: the esraj (bowed sitar), the hammered dulcimer and the hurdy gurdy.
The implementations and a video showcasing the hurdy gurdy can be found
online.»2 Paper [A] follows [21] and [54] and uses ‘scaling’ (see Section 2.4.1).
To relate the paper to the theory presented in this thesis, this chapter presents
the models in a non-scaled, dimensional form. The eventual implementation
of the models is equivalent. Then, a summary of the remaining parts of the
paper is provided, including descriptions of the instruments.

14.1 Physical models

All instruments use multiple instances of the stiff string presented in Chapter
4 and one instance of the thin plate presented in Section 6.3. The latter was
used as a simplified instrument body for the resulting simulations (see Section
14.2.1). Theory on connections can be found in Chapter 11, and information
on the string-plate connection specifically, is presented in Section 11.5.
Consider a set of strings, where the transverse displacement of string s is
described by us = us(xs,t) (in m) defined for ¢t > 0 and x; € D, for domain
Ds = [0, L,] and length L, (in m). Notice that every string is defined for a

Thttps://github.com/SMC-AAU-CPH/ConnectedElements/releases/tag/v5.0
2https://youtu.be/BkxLji2aplw
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separate coordinate system x,. In the following, spatial derivatives 0, are
the same as those described in Section 2.2.2, but with respect to coordinate x
(similar to Chapter 11). The PDE of string s with an external connection force
is defined as

8752’“5 = 038)2(5 Us — Hg@is Us — 2O'O,satus + 20‘1758)2(3115 - 6(Xs - Xs,c)pfiZa (14.1)

S S
where spatial Dirac delta function §(xs — xs,c) (inm~!) localises the connection
force between the string s and the plate to connection location y;.. Other
parameters are as defined in Eq. (4.3) but have a subscript s to denote that they
can be different for each string.
As all connections in the implementation are between an individual string

and the plate, the PDE of the thin plate in Eq. (6.37) can be extended to

Ofw = —nf,AAw—2007p8tw+2017p8t82w —|—Z dr—2xcs, y_yC’S)pﬁ{’ (14.2)
where 2D spatial Dirac delta function §(zs — 2s.¢, ys — ys.c) (in m~2) localises
the connection force of between the plate and string s to coordinate (z,,y,) on
the plate. Other parameters are as defined in Eq. (6.37).

Finally, the connection force between the plate and string s is defined as a
nonlinear damped spring (see Eq. (11.41))

fs - Klns + KBHZ) + Rﬁs» (143)

where
Ns = Us (Xc,sa t) - w(IC,Sv Ye,ss t) (14.4)

is the relative displacement between string s and the plate at their respective
connection locations. Notice that the plate is placed below the strings such
that the sign of the force term is negative for the strings and positive for the
plate.

14.1.1 Implementation

Here, some considerations for implementing the above models are provided.
Details on discretisation of the models and how to solve for the connection
forces f;, are presented in Section 11.5 and are not given here.

The spatial Dirac delta functions are discretised using 0'-order spread-
ing operators for simplicity (see Section 8.2 (1D) and Section 11.1 (2D)). Fur-
thermore, the connection locations on the plate are implemented to be non-
overlapping. Overlaps would require to solve a system of linear equations
to obtain the connection forces (see e.g. [54]). Looking towards real-time
implementation, an explicit solution for each connection is desired.
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14.2 Summary

This section provides a summary of the instrument simulations presented in
paper [A]. All instruments were implemented in real-time in C++ using the
JUCE framework (see Chapter 13). Finally, a summary of the results and the
conclusion will be given.

14.2.1 Instruments

Using the setup presented in Section 14.1, various configurations inspired by
real instruments were made. The choices of simulated instruments were aimed
at those containing many (sympathetic) strings.?> Another condition was that
no FDTD-based physical models of these instruments existed in the literature
at the time of writing the papers.

Three implementations inspired by real-life instruments were created and
their setups are presented here. The implementations were controlled by a
pair of Sensel Morph controllers (see Section 13.3.1). The mapping between
the controllers and the instruments is explained in papers [A] and [B].

Esraj: bowed sitar

The first instrument simulation was inspired by the esraj: the bowed sitar.
This instrument uses many strings, some of which are bowed and others are
sympathetic strings that resonate when the instrument is played. As one can
also interact with the latter, several strings in the implementation could be
plucked as well.

In total, 20 strings were implemented, all connected to a thin plate: 2 strings
could be bowed, 5 strings could be plucked, and 13 strings are sympathetic.
The bow was implemented using the static friction model presented in Section
8.4 and the pluck was modelled as a time-varying raised cosine found in Section
7.2.1.

Hammered dulcimer

The hammered dulcimer, or santur, can be seen as an ‘open piano” where the
player hammers several strings at once. In the implementation, 20 pairs of
strings were implemented, and one in each pair was connected to the plate.
This caused a slight detuning between the strings, resulting in a characteristic
‘chorus’ effect exhibited by the instrument. To excite the strings, the time-
varying strike presented in Section 7.2.1 was used.

3Sympathetic strings — apart from being friendly — are strings that add resonances to the
instrument without being excited directly.
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Hurdy gurdy

The hurdy gurdy is a bowed string instrument, that also uses sympathetic
strings. Rather than a bow, the instrument uses a rosined wheel attached to a
crank that bows the strings as it is turned. As for the esraj, the static friction
model presented in Section 8.4 was used to implement the wheel.

The instrument simulation consisted of 5 bowed strings and 13 sympathetic
strings, all connected to a plate.

14.2.2 Results and conclusion

All instrument simulations were able to run in real time on a MacBook Pro
with a 2.2 GHz Intel i7 processor. Interaction with the implementations shows
that when exciting one string, the connections with the plate cause other
(sympathetic) strings to vibrate as well. Specifically, strings tuned to one of
the harmonic partials of the excited string were found to resonate to a high
degree. This phenomenon is consistent to real-world processes.

Finally, informal evaluations of the instruments were carried out on ex-
perts in the sound and music computing field, and showed that the mapping
between the Sensels and the instruments, specifically the bowing interaction,
was considered to be intuitive.
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Chapter 15

The Tromba Marina

This chapter provides an extended summary for the paper “Real-time Im-
plementation of a Physical Model of the Tromba Marina” [D] and the paper
“Resurrecting the Tromba Marina: A Bowed Virtual Reality Instrument us-
ing Haptic Feedback and Accurate Physical Modelling” [E]. After a general
summary of these papers, the physical model will be summarised, with refer-
ence to the theory explained in the previous parts of this thesis. Finally, this
chapter extends the contents of paper [D] by providing more details on the
implementation and provides an energy analysis.

151 Summary

The tromba marina is a bowed monochord instrument from medieval Europe
(see Figure 1 in paper [D]). It has a long quasi-trapezoidal body and is unique
due toits oddly-shaped bridge that the string rests on. The bridge is often called
a ‘shoe’ due to its shape and is free to rattle against the body in sympathy with
the movement of the vibrating string (see Figure 2 in paper [D]). This rattling
causes a sound with brass or trumpet-like qualities, hence the name tromba
which stems from the Italian word trumpet. The rarity of the instrument as
well as its interesting physics makes it an ideal case for a physical modelling
implementation.

Real-time implementation and control

Paper [D] presents a physical model of the tromba marina and its real-time
implementation in C++ using the JUCE framework (see Chapter 13). The
application and a video showcasing it can be found online.'2 The paper uses

Thttps://github.com/SilvinWillemsen/TrombaMarina/releases/tag/2.0
2https://youtu.be/x72Xh-nUoVc
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the Sensel morph for control of the algorithm. See Section 13.3.1 for more
information on this controller. To approach the interaction paradigm of the
real-life instrument, a virtual reality (VR) application was made from where
the algorithm could be controlled. To this end, the PHANTOM Omni haptic
device was used to control the implementation and presented in paper [E]. See
Section 13.3.2 for more details on this device. A demo of the VR application
can be found online.> The VR implementation has been evaluated and the
results will be summarised below.

Evaluation and results

The VR implementation of the tromba marina was evaluated on 14 participants.
The goals of the evaluation was to determine the general experience of bowing
in a VR environment, and to evaluate the playability of a VR monochord
instrument. The data was collected using a combination of qualitative and
quantitative methods as detailed in paper [E]. The questions asked in the
quantitative part of the evaluation were divided into haptics, visuals, audio,
and overall experience of the application.

The results show that the various modalities (visuals, audio and haptics)
seemed to reinforce each other and that the haptic feedback provided by the
PHANTOM Omni was deemed “realistic” and “natural”. Many considered
the instrument “hard to play”, but this is what could be expected when one
starts. The overall playability of the instrument was thus concluded to be
satisfactory, though improvements could be made.

15.2 Physical model

This section presents the physical model of the tromba marina with reference
to the theory presented in Parts II, IIl and IV. As much as possible, this chapter
follows the notation of paper [D], as long as itis coherent with what has already
been presented in this thesis. Any discrepancies between this chapter and the
paper will be clearly highlighted.

15.2.1 Continuous time

The full musical instrument has been divided into three parts: the string,
the bridge and the body, each of which will briefly be presented here. Each
resonator in isolation is of the form

Lg=0 (15.1)

Shttps://www.youtube.com/watch?v=S1HgvaaPCyU

262


https://www.youtube.com/watch?v=SlHqvaaPCyU

15.2. Physical model

where L is a linear (partial) differential operator and ¢(x, t) describes the state
of the component in isolation. ¢ is defined for time ¢ > 0 and spatial coordinate
« € D where the dimensions of domain D depend on the dimensions of the
system at hand. Using the form in Eq. (15.1) allows for a much more compact
notation later on. In the following, subscripts ‘s’, ‘m” and ‘p” will be used to
denote the ‘string’, ‘bridge’ (mass), and ‘body’ (plate) respectively.

String

The string of the tromba marina is modelled as a damped stiff string of length
L (in m) (see Chapter 4). With reference to the form in (15.1), its transverse
displacement is described by ¢ = u(x,t) (in m) and is defined for x € D;
where domain Ds = [0, L].* Using partial differential operator £ = L, the
PDE describing its motion is defined as

Lsu =0, (15.2)
where (see Eq. (4.3))
Ly = psAD; — T + E10;, + 2ps Ao 50y — 2ps Aoy 50,07 .

The parameters are as defined for Eq. (4.3) with the possible addition of
the ‘s’ subscript. Compared to the schemes presented in previous chapters,
using a partial differential operator to combine all operators like this, is solely
different from a notational point of view, and does not change the behaviour
of the system. If Eq. (15.2) is expanded and all terms except for ps A9?u are
moved to the right-hand side, one arrives at the damped stiff string PDE in Eq.
(4.3) again.
As the string is bowed, one can extend the PDE in (15.2) to

Lsu = —0(x — xB) FBP(vre1), (15.3)

with bow position xg = x8(t) € Ds (in m), bow force Fg = Fg(t) and relative
velocity between the bow and the string vye; = vrel(¢). The static friction model
in Eq. (8.16) has been chosen for simplicity. For more details on this bow
model, see Section 8.4.

Bridge

The bridge is modelled using a mass-spring-damper system (see Section 9.1).
With reference to Eq. (15.1), the transverse displacement of the mass is de-
scribed by ¢ = w(t) (in m) and using differential operator £ = Ly, its PDE

*Notice that x rather than x is used here. As = will be used as a spatial coordinate for the body
later on, a different symbol is used for the string to differentiate between two coordinate-systems.
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is
Lnw =0, (15.4)
where (see Eq. (9.1))
d? 9 d

Here, wy = /K/M (ins™') and oy = R/M (in s7!) and other parameters are
asin Eq. (9.1).5

Notice that when using a differential operator for an ODE, the dots to denote
a temporal derivative (as e.g. Eq. (9.1)) need to be written in an operator form.
Here, Leibniz’s notation is chosen (see Section 2.1).

Body

The body of the instrument is simplified to a damped rectangular thin plate
of side lengths L, and L, (in m) (see Section 6.3). Again, with reference to
Eq. (15.1), its transverse displacement is described by ¢ = z(z,y,t) (in m) and
is defined for (x,y) € Dp where domain D, = [0, L,] x [0, L,]. Using partial
differential operator £ = L, the PDE describing the motion of the body is

Loz =0, (15.5)
where (see Eq. (6.37))
Ly = ppHO} + DAA + 2p, Hoo ,0; — 2ppHoy p 0, A,

with D = E, H?/12(1 — v?). Again, parameters are as defined in Eq. (6.37).

Interactions

The three components interact using the non-iterative collision methods pre-
sented in Chapter 10. Recalling the importance of the relative location of the
various objects (see Section 10.1), the string is placed above the bridge, which
is placed above the body. This arrangement will, in turn, determine the def-
initions of 1 and the directions of the forces in the eventual system. In the
following, subscripts ‘sm” and ‘mp’ are used to denote a ‘string-mass’ and
‘mass-plate’ interaction respectively.

The bridge-body interaction is modelled using the collision-potential in Eq.
(10.1):

Km amp+1

ol = o el (15.6)

5In paper [D], the symbol R is used for the damping coefficient, but for coherence in this work,
om is used instead.
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where 1mp = Nmp () = w(t) — 2(Zmp, Ymp, t) and the location on the plate where
the bridge collides is (Tmp, Ymp) € Dp.

The string interacts with the bridge using the two-sided collision potential
presented in Eq. (10.34):

(Nsm) = Oés]rjs-n; |775m|asm+1a (15.7)
which acts as a connection. Here, sm = 7sm () = v(Xsm,t) — w(t) (in m) and
the location of where the bridge is connected along the string is ysm € Ds.

Recalling the process of writing the collision potential in quadratic form in
Eq. (10.4)
(4
7~7 9

¢'(n) =4y where ¢ =1/2¢ and ¢ = (15.8)

the complete system can be written next.

Complete system

Looking towards discretisation, the separate variables gsm = 9%,, and Imp =
Ymp are used and the full system can be written as

Lou = —6(x — x8)FB + 0(X — Xsm)VsmYsm> (15.9a)
L = ~PsmGsm + YmpJmp; (15.9b)
£Pz = —6(x — Tmp, Y — ymp)¢mp9mp7 (15.9¢)
Ysm = GsmTlsm, (15.9d)
w.mp = YmpImp; (15.9¢)
Msm(t) = w(t) — u(Xem, ), (15.9f)
Ninp (1) = 2(Tmp, Ymp, 1) — w(t). (15.9g)

See Figure 15.1 for a visual overview of system (15.9). Notice that when
compared to the system presented in paper [D], Egs. (15.9d) and (15.9¢) have
been added for coherence with the theory presented in Chapter 10, as well as
the introduction of gsm and gmp already in the continuous system.

15.2.2 Discrete time

Using the process explained in Section 10.1.2 for discretising the collision terms
and introducing®

en = g GO+ 12 (15.10)

¢The definition for {” was wrong in paper [D], where "~ 1/2 was subtracted rather than
added. It has been corrected here and included in Appendix A.
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-

w
4
Xsm
Woff -
77mp
I mp» ymp

Fig. 15.1: A visualisation of system (15.9) with various important coordinates highlighted. The
figure includes the offset and the damping finger described in paper [D]. Note that 7sm (Eq. (15.91))
is not shown as it is close to 0 at all times. (Figure taken from [D].)

N, 0

for brevity, system (15.9) can be discretised as follows:”

bsup = —J13(x8) B + J1,0(Xsm)EemYems (15.11a)
lnw™ = —E5n9im T SmpYImps (15.11b)

Co 2 = = J(1,m),0(Tmp; Ymp ) Smp Yrmp- (15.11c)
St M = g s, (15.11d)
S tbimp % = GOt e, (15.11e)
Nem = W" — ugy, (15.11f)

Np = Zpr — W' (15.11g)

where the discrete linear (partial) differential operators ¢ are the discrete coun-
terparts of £ in system (15.9) and are discretised as shown in their respective
chapters as

Es = psA(Stt - T5XX + EI5XXXX + 2p5A0'0755t. - 2pSA0'1785t—5XX7 (1512a)
by = My + Mw2 + Mowd:., (15.12b)
gp = ppH(Stt + D(SA(SA + 2ppHUO,p5t- — 2ppHol,p5t75A~ (1512C)

Furthermore, the definitions for ¢, and 9mp can be found in Eq. (10.15)8

and J;o(xsm) and J; 3(xg) are the 0th-order and cubic spreading operators
respectively, as defined in Section 8.2 and J(; ,,),0(Zmp, Ymp) is @ 0th-order 2D

"Notice that subscript ! is used as a spatial index for both the string and the plate for coherency
with the paper, but are used as an index for different coordinate systems.
8Paper [D] still uses the old definition of g™ in Eq. (10.13).
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spreading operator as defined in Section 11.1.

As 0%™-order spreading operators are used for the collision terms in the
string and body FD schemes, the definitions of Egs. (15.11f) and (15.11g) do not
use interpolation operators to obtain the string and plate values. Instead, for
brevity, ujl. = u’ with lsn = [xsm/hs| and 2], = I with (Imp, Mmp) =
(|zmp/hp| » |ymp/hp|) are introduced for the string and the plate respectively.
Here hs is the grid spacing for the string and h,, that for the plate.

There are a few components presented in paper [D] that the system does
not include here. These are the offset woi between the mass and the plate
as well as the damping finger that interacts with the string to play different
pitches. As the focus of this chapter is on the process of solving the system at
the bridge for which these two components are not important, these will be
ignored to avoid additional complexity. Further details on these components
are provided in the paper.

15.3 Implementation details

This section extends paper [D] by providing more details on the solution of
the string-bridge-body interaction.

Following Section 10.2 one could expand Egs. (15.11a), (15.11b) and (15.11c)
and treat these as a system of linear equations (see Section B.3). This would
require an inversion of a 3 x 3 matrix each iteration. To simplify things slightly,
and looking towards real-time implementation, one could instead solve for
01-Mgm and 6.7y, directly, which would require a 2 x 2 matrix inversion each
iteration and requires much fewer operations (at best, less than half).

As it is assumed that one will not bow the bridge, i.e. XxB # Xsm, the
bowing term will be disregarded when calculating the interaction between the
components.

Recalling (15.11f) and (15.11g), one can write the following:

O Mg = 0. (W" —uf,) and Ot-Mmp = O (2 — wW™),

and expanding the right-hand sides yields

w7z+1 _ ,wn—l _ unJrl + unfl
O Mo = 5% br br and
gl =l bt | nt (15.13)
S,m . = br br
t'nmp 2]{,‘

To solve the system, inner product of Egs. (15.11a) and (15.11c) are taken with
J1,0(Xsm) and J( ), 0(Zmp, Ymp) respectively. As oth-order spreading operators
are used, their norms over discrete string domain ds and discrete plate domain
dp, respectively, reduce as follows (also see Eq. (11.16)): ||.Jio(xsm)lI7. = 1/hs
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and [|J(1,m),0(Zmp, ymp)HZP = 1/h. This yields the following updates for Egs.
(15.11a), (15.11b) and (15.11c) at the locations of interaction

n * k2 gn 2k n n— n
uh =t psA(L + oo5k) <( snzl) Bt + v sm)  (1Bl4)
sfs ,S
n k2 (gn )2k n n— n
S VT (e ( Ol + VGl (15.14b)

k2 ( (gmo)?

+ két-n" + s gn
M (14 2%) 2 mo e e )

k? (9ip) K _
n+1l __ mp n n—1/2 n
e = thpH(l + o0,pk) ( 2 Ot-Thmp + Ymp""“Gmp | » (15.14¢)

where the update equations of the components in isolation (without the colli-
sion terms) at their respective interaction locations are

n—1 21.2 21.2 n—1 2
* 2utT)Lr_ubr +ck 6XXutY>Lr_"isk 6XXXXugr+Uovskubr +20175k (St—(SXXugr

U/b =
r 14+ UO,sk ’
o — 2w — ,wn—l o kagwn + U%k,wn—l
- omk ’
1+ 5=
221 — 2L L R2E25 A GA 2" + 00 pka T + 201 pk20,_ Oz
L+ Zfbr T b p" VA9A L, 0,p"“br Lph Ot—O9A<p,
br 1+0_07pk K

with ¢ = \/T/psA, ks = \/EsI /psAand kp, = \/D/ppH.
The definitions in Egs. (15.14) can then be inserted into Eqs. (15.13) and

solved for 6;.mg, and 5t.nr’}1p. This can be treated as a system of linear equations
and be solved according to

525. n _
{5 sm | _ A-ly, (15.15)
t-nmp
where
n \27,2 n \21.2 n 2k2
| 4 ) (95, o
A — 2M (2+omk) 4psAhs(14-00 k) s 22M(2+amk) .
(gh)*k? 14 (gmp) K i (9mp) K ’
2M (2+0omk) 2M(2+omk) | 4hZp,H(1+00 oK)
w*—w"il—ugr-‘ru;;fl - k(ng;’l/zg!?n—ib;ﬁ;l/zgﬁp) _ wﬁ;l/zgs’;k
v = 2k M(24+omk) 2ps Ahs(14-00 sk)
T s b R e s Y Pame) s Pk
2k M(2Fomk) 2h2p, H(1+00 pk)

The solutions obtained for ;.75 and 6.7y, can then be used directly in £,

and {mp In Egs. (15.11a), (15.11b) and (15.11¢) to calculate uf“, w™t! and zzti)
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respectively. They can also be used directly to calculate Po/? and 1/)"+1/ %

Egs. (15.11d) and (15.11e) respectively.

Figure 15.2 shows three consecutive plots of the system excited with a raised
cosine. The bow is not used here, to highlight the collision behaviour. One can
observe that the string pulls the mass downwards through their connection,
causing the latter to collide with the plate.

x10~* n=1 x1074 n =21 _ %1074 n =41
5 5 5
E
Z 0 - 0 0 -
Q
£
o
8 .
Eh ul -5 ' S5 —wy
‘5 w" -owh -ow”
- B . -} .
-10 -10 -10
0 ) N 0 . N 0 ! N

Fig. 15.2: The string of the tromba marina (red) excited using a raised cosine. The string-mass
interaction forces the mass (blue) downwards, which collides with the plate (green).

15.3.1 Energy analysis

Using the energy analysis techniques presented in Section 3.4, the total energy
of the system can be shown to be of the following form:

6t+ (hs +bm + hp + bsm + bmp) —0s — qm — 9p — qB — PB- (1516)
Here, the total energy of the string is (Eq. (4.29)),

EJ
(Ox+ui’s et—5x+u?>§ + 7s<5xxu?a et_5XXU?>£,

psA n
T 5

2
the total energy of the mass is (Eq. (9.5))
M K
bm = ?(6,5,’[1]”)2 + Ew”et,w”,
and the total energy of the plate is (Eq. (6.51))

ppH D, n n
bp = =5 |10 ZZde 5 (0a2m, €t-0a2im) g
The energy of the string-mass connection and the mass-plate collision are (Eq.

(10.23))
( n71/2)2

sm

2 ?

(e *)?

bsm = 9 )

and  byp =

respectively.
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The damping terms are defined for the string as (Eq. (4.28))
05 = 200,5psAll0eu} |3, — 201,5psA{Gr.uf', 8-Sy uf') .

for the mass as (Eq. (9.6))
Im = R (5t~wn)2

and for the plate as (Eq. (6.50))
Gp = 200ppH||(5t.zl’me§p — 201ppH<5t‘zl’fm, 5t_5Az[fm>dp.

Finally, the power dissipated and supplied by the bow are defined as (Eq.
(8.27))

a5 = f5P(ve)vre and  pp = f5'®(vre)vg,

respectively.

Figure 15.3 shows the plots of the energy for an implementation of the
tromba marina presented in this chapter without losses. The system is excited
with a raised cosine for clarity of the figures and plots correspond to the system
states shown in Figure 15.2.

8 x107% x1077 x 1071

Btot . 10 Omp Be (1) ,./\\
b \

AY
bm ! 5 f -1 R
by 2 -2 \’\Nﬂ
0|— 0 3
0 50 100 150 0 50 100 150 0 50 100 150
n n n

Fig. 15.3: The energy of the tromba marina excited with a raised cosine (see Figure 15.2). The left
panel shows the total energy (black) present in the system as well as the energy of the string (red),
mass (blue) and plate (green) respectively. The second panel shows the energy of the mass-plate
(magenta) and string-mass (orange) interactions and the right panel shows the normalised energy
(according to Eq. (3.37)) and shows that the deviation of the energy is within machine precision.
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Chapter 16

The Trombone

This chapter provides an extended summary for the paper “A Physical Model
of the Trombone using Dynamic Grids for Finite-Difference Schemes” [H].

The trombone is an extremely interesting instrument from a simulation
perspective, due to the time-varying length of the acoustic tube. In FDTD-
based simulations, the trombone poses a challenge due to issues regarding
adding and removing points to the grid, or simulation quality, as also pointed
out by Harrison in [62]. As the dynamic grid method presented in paper
[G] (also see Chapter 12) attempts to resolve these issues, the trombone is an
excellent use case for this method to be applied to.

The air propagation in the trombone has been modelled using a coupled
system of two first-order PDEs, presented in Section 5.2. Although Webster’s
equation presented in Section 5.1) could have been used, the state-of-the-
art models for brass instruments using FDTD methods use first-order PDEs
[73, 62]. Some extensions, such as the Levine and Schwinger radiation model
presented in 5.2.5 and used in [62] and viscothermal losses in [73], could then
easily be added, although the latter has been left for future work.

This chapter first presents a short summary of paper [H] that relates its
contents to the rest of this thesis. Then, as the process of applying the dynamic
grid method to the trombone is not straightforward, several considerations
made during this process will be given. Finally, the collision method from
Chapter 10 is applied to the lip reed presented in Chapter 9, and details on the
implementation will be given.

16.1 Summary
The paper presents a real-time implementation of the trombone based on

FDTD methods, and using the dynamic grid method presented in Chapter
12. The acoustic tube has been modelled using a system of coupled first-order
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equations as described in Section 5.2. The lip reed has been modelled using
the 1-DoF mass spring system presented in Chapter 9, and has been extended
using the collision method described in Chapter 10, details of which will be
given in Section 16.3.

The physical model of the trombone was implemented in real time in C++
using the JUCE framework (see Chapter 13). The application can be found
online, as well as a demo showcasing it.!-2

The implementation allowed for the total range of the tube length (2.593-
3.653 m) to be traversed in 0.06 s (corresponding to 20 samples between grid
configurations). An informal evaluation by the authors showed that no no-
ticeable artefacts were observed, but naturally, proper listening tests need to
confirm this. It must be noted that to ensure stability, especially at fast changes
between grid configurations, the Courant number has been set slightly lower
than the stability condition (A = 0.999). This decrease in A does cause a small,
butnegligible decrease in simulation quality and bandwidth (see Section 2.4.4).

Future work includes to add viscothermal losses [73] and nonlinear effects
[121], as well as investigating intuitive mapping to control the simulation.

16.2 Dynamic grid considerations

The main contribution of the paper is the use of the dynamic grid method to
implement the time-varying acoustic tube. As paper [H] provides extensive
details on the implementation of the dynamic grid method applied to the case
of the trombone, these will not be given here. Instead, this section presents
several considerations that needed to be taken into account in order to use the
dynamic grid method in the case of the acoustic tube.

First-order system

The dynamic grid method presented in paper [G] uses the 1D wave equation
as a test case. Although this is not used to model the trombone, the underlying
behaviour is the same for a cylindrical tube. Section 5.2.1 shows that the first-
order system in Eq. (5.37) can be reduced to Webster’s equation, which — for a
cylindrical tube — reduces to the 1D wave equation. It was therefore concluded,
that the dynamic grid method could be applied to the acoustic tube, under the
condition that its cross-section does not vary at the location where the method
is applied. In other words, as long as the system locally reduces to the 1D wave
equation (at the location of the split) the method can be applied in a similar
fashion.

Thttps://github.com/SilvinWillemsen/cppBrass/releases/
2https://youtu.be/Ht5gVNrshYo
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16.3. Lip-reed with collision

As the state of the pressure variable in Eq. (5.37a) is discretised to the
non-interleaved grid, it was chosen to apply the dynamic grid method to
the pressure grid, rather than that of the particle velocity. That said, if the
aforementioned constraint regarding a constant cross-section is kept, applying
the method to the velocity grid should work just as well.

Location of split

It was chosen to split the system in the middle of the slide crook of the trom-
bone, i.e., at the far end of the trombone slide. First of all, it could be reasonable
to assume that the air in the tube would “go away from” or “go towards” that
point, while the slide extends or contracts. Secondly, the cross-sectional area
is constant at this location, and satisfies the aforementioned condition.

Time-varying length

In paper [G], the time-varying parameter is the wave speed ¢, whereas the
trombone has a time-varying length L. As stated in paper [G], c and L are
linked by the fundamental frequency in Eq. (2.40) and a change in one yields
identical behaviour as an inverse change in the other. The length could thus be
made time-varying in a straightforward manner, and the resulting equations
could consequently be applied to the acoustic tube.

16.3 Lip-reed with collision

To excite the trombone, the lip reed model presented in Chapter 9 was used,
and extended using the collision method presented in Chapter 10. This section
provides details on this combination and the implementation and follows the
notation of the thesis for consistency.

16.3.1 Continuous time

In continuous time, a collision can be added to Eq. (9.7) in the same way as for
the mass-barrier collision presented in Section 10.1 as

Mij = —Ky — Rj + S:Ap + g (16.1)

where g = ¢’ and ¢ and ¢’ are as defined in Eq. (10.4).% In the implementation,
the frequency of the lip reed is made to be time varying and causes K = K ()
to be time-dependent. Other parameters are the same as in Eq. (9.7).

3Notice that, as y is the displacement of the upper lip, the ‘barrier’ modelling the lower lip is
placed below, resulting in a positive collision force on .

273



Chapter 16. The Trombone

16.3.2 Discrete time

The discretisation follows Section 10.1 for the collision and Section 9.3 for the
lip reed.
As the lip reed is discretised on the interleaved (temporal) grid, the collision

term needs to be as well. Dividing all terms by M, and using wy = w( T2

VK12 /M and o, = R/M, yields*

Sy T2 = —wg,ut.y”“/Q — oy 2 4 %Ap”“/2 + W (16.2)
Here,
g2 = 53;15/2 7 (16.3)
and the distance between the lips
g2 =y — 2 (16.4)

with static equilibrium separation Hy. Here —Hj can be interpreted as the
location of the lower lip. Using ;4 1™ = 1" *1/2 (which is Eq. (10.7) shifted to
the interleaved grid), Eq. (16.2) can be rewritten to

n+1/2 4 S Apr /2 4 (Mt+¢n)gn+1/2.

n+1/2 — T
M M

Sty ~wRpy"t? — oy

In the following, the superscript n + 1/2 is suppressed for y, Ap, g and 7 for
brevity. Rewriting Eq. (16.3) to

Or4 " = gou.m (16.5)

and using identity (2.27c), one arrives at

oy = —Wihey — 0x0ry + %AP + <§95t.n + w") %~ (16.6)
As the barrier is static and placed below y, this implies that
6e.m = —0¢.y, (16.7)
and a solution for ™*3/2 can be obtained:
agy" T2 = dy" 2 4 By 4 G A+ g, (16.8)

*Note that the paper uses w; and M, instead of wg and M.
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with
_ 21.2 _ 21,2
ar—2+wok + ork + g, ﬁr—o'rk_2_wok + 97,

25,k g
é‘r = M , and Y = m .

To be able to calculate y"13/2, definitions for ¢”*1/2 and Ap"*1/2 need to be
found.

Calculating g"*1/2

Following Chapter 10, g can be calculated using (Eq. (10.15) shifted to the

interleaved grid)

Kc(Oéc + 1) . (nn+1/2)a%1, if 7771—5—1/2 > (),

2
gn+1/2 — wn
22—, if " *t1/2 <0 and n* #n"1/2,
n* —nn- /
0, if p"*t1/2 <0 and n* =n""1/2,
where parameters are as in Eq. (10.15). Furthermore, n* = —H(y — y* where
4 *
gt = Ay Bl S e (16.10)
al‘ ar T

is the update equation of the system without the effect of the collision and
oaf =2+ wik* + ok, and B = ok —2— wik?,

are the coefficients in Eq. (16.8) without the collision terms (as found in Eq.
(9.15)).> Finally, Ap* is the pressure difference calculated using Eq. (9.27), i.e.,
without the effect of the collision. Once ¢"'/2 is calculated, Ap™t'/2 can be
obtained.

Calculating Ap"+1/2

Following Section 9.3.1, to calculate Ap"t1/2 one starts by rewriting the
scheme in Eq. (16.6) to

2 S, k
E((st' — 0 )y = *Wg(kfst- +e)y —ondry + MrAP + <295t~y + 1/)n> %7
a?ﬂ/zét.y — asAp — agﬂ/z =0,

5Notice that &, is unchanged.
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with )
2 k S
n+1/2 9
aq / :%—i—wgk—i—or—i—mzo, QQZMrZO,
nt1/2 2 9 g n
and ag = Eét, —wher— |y + Mw .
Note that aTH/ ? is now time-dependent through g and wy but remains non-

negative. The rest of the variables and process in Section 9.3.1 are unchanged.
Notice that the calculation for Ap™*'/2 has to be performed twice: once to
obtain the pressure difference without the collision effect Ap*, and once to
obtain the final pressure difference Ap™*+1/2.

Last steps

After the definitions for g and Ap are found using the steps above, and y"*3/2
is calculated using Eq. (16.8), "' can be calculated by expanding Eq. (16.5)
and substituting Eq. (16.7) according to

Y g % (yn+3/2 _ yn—1/2) _ (16.11)

16.3.3 Energy analysis

The energy analysis for the lip reed shown in Section 9.4 can be extended to
contain the collision. Equation (9.31) can be extended to

5 n
Or (Bt br) = —dr — pr + (m#"@ﬁifuz@y““/ %)

which, using Eq. (16.7), yields

6t+(ht + hr) = —qr — pr — (Ut-i—z/)n)((gt-i-wn)a

with
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Chapter 17

Conclusions and Perspectives

This chapter concludes this work by providing a summary of the thesis. Fur-
thermore, perspectives for the future and possible continuations of this project
will be given.

17.1 Summary

This thesis presents the result of a PhD project on physical modelling of musical
instruments using FDTD methods. Part I provided an introduction to the field
of physical modelling, after which the basics of FDTD methods and analysis
techniques were described in a tutorial-like fashion. Part II provided detailed
information about the resonators used for the contributions in this PhD project,
and Part III did the same for the exciters. Part IV presented collisions and
connections as various ways in which the resonators could interact. Part V
summarised most papers included in Part VII and related the contributions to
the theory presented in the parts before. Part V is summarised below.

Contributions

Chapter 12 summarised paper [G], which presents a novel method to dynami-
cally vary grid configurations in FDTD-based musical instrument simulations.
The chapter extended the paper by providing information on experiments
done, which substantiate choices made in the paper. Chapter 13 presented
considerations on the real-time implementation of FD schemes as well as their
control. Chapter 14 summarised papers [A] and [B], which present the real-
time implementation and control of a large-scale modular environment using
the esraj, the hammered dulcimer and the hurdy gurdy as instrument test-
cases. Chapter 15 summarised papers [D] and [E], which present the real-
time implementation of the tromba marina using the Sensel Morph and the
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PHANTOM Omni as controllers respectively. The chapter extended on the
papers by providing more details on the implementation. Finally, Chapter
16 summarised paper [H], which presents a real-time implementation of the
trombone using the dynamic grid method, and provided additional design
considerations and implementation details.

17.2 Perspectives and future work

Both an advantage and a disadvantage of the field of physical modelling musi-
cal instruments, is that one is never done. There are always more instruments
to model or existing models to improve. This section contains several possi-
bilities for continuations of this work and some perspectives on how to move
forward.

17.2.1 Parameter design

One could argue that the sound produced by musical instrument simulations
depends in equal parts on the model describing the system and the parameters
used. Parameter design and tuning is therefore an extremely important aspect
in creating physical models that sound good.

Some models might contain many parameters that are nonlinearly inter-
connected, such as the elasto-plastic friction model presented in paper [C],
causing the tuning of the parameters to become extremely time-consuming. A
possible solution for this, could be to tune the parameters based on a recording
of the physical system one tries to model. One could automate this process
using machine learning methods and a ‘gray-box” approach where the model
is known, but the parameters are fitted to the input. This was done for virtual
analog models in e.g. [122, 123].

For parameters controlling the exciter, such as force, velocity, and posi-
tion of a bow, a real-time implementation can be extremely helpful to judge
the sound qualities of the simulation. Several times during this project, the
simulation did not sound good, due to the use of static control parameters in
MATLAB. The real-time implementation, where the control parameters were
varied using human control, sounded much better and more natural. Param-
eters of the resonator could also be exposed and tuned in real-time, but this
causes stability concerns in FDTD-based instrument simulations.’

10ne could always set the states of the system to 0 when a parameter is changed, and re-
initialise the system based on the new parameter. Alternatively, one could use the dynamic grid
method from paper [G], but this might be a slightly overkill to implement only for parameter
tuning.
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17.2.2 Realism

The focus of this project was to create real-time simulations of musical instru-
ments. Although a natural or realistic sound was, of course, desired, this was
not the main focus, and more work could be done to achieve this.

If the goal is to create an extremely realistic musical instrument simulation,
one would have to spend much time tuning the model parameters (see Section
17.2.1) and use more accurate and complex models. It is safe to say, that at
the time of writing, accurately simulating the complete physics of a musical
instrument in 3D, including nonlinear effects, is not something that personal
computers will be able to do any time soon.

That said, simulations using simplified models, which are able to run in real
time (such as those presented in this work), can already sound quite realistic.
From a perceptual point of view, using more complex models might thus be
unnecessary. Furthermore, various components, such as the instrument body
or the room it is played in, could be included as an impulse response, either
obtained from a recording or generated using a highly-accurate (non-real-time)
physical model. Comparisons to real instruments and perceptual evaluations
could then be used to verify the realism of the sound produced by the physical
model.

It must be said that realistic-sounding implementations do not have to be
the goal of physical modelling. Another angle, rather than trying to recreate
traditional musical instruments, is to make completely new instruments. As
mentioned several times throughout this thesis (see Section 1.4.3 and Chapter
12), one could even create physically impossible instruments, where realism is
the opposite of what one aims for.

17.2.3 Control

Much work could still be done on investigating natural and intuitive control
of the physical models. This PhD project explored two ways of controlling the
musical instrument simulations.

Firstly, the Sensel Morph (see Section 13.3.1) was used for bowing, striking
and plucking strings. Even though, bowing strings using this controller does
not resemble the act of bowing a string in the physical world, the interaction
could be deemed intuitive, as shown in paper [A].

Secondly, the PHANTOM Omni (see Section 13.3.2) was used to control the
bow in a way that more closely resembled physical bowing. The evaluation in
paper [E] shows that the interaction with the instrument, especially the haptic
feedback, was “realistic” and “natural”. Other aspects of the instrument, such
as pitch control were deemed less natural, as one did not physically interact
with a string.

Future work includes exploring other hardware to control musical instru-
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ment simulations, or even building new ones. Custom controllers could be
made to control physical models of traditional musical instruments. These
could either be inspired by their real-life counterpart, similar to what a digital
keyboard is to a piano, or be made completely different, as the sound of the
instrument is no longer coupled to its shape or form.

17.2.4 Evaluation

There are various ways to evaluate real-time implementations of musical in-
strument simulations. Throughout the PhD project, the main focus was on
technical evaluations and revolved around the analysis techniques presented
in Chapter 3 and the computational speed of the algorithm. Together with
informal evaluations (by the authors of the respective paper) about the sound
quality and the interaction mapping, these formed the success criteria for most
of the published work.

Although user-evaluation of the real-time instrument simulations was not
a large part of this project, it is an important aspect in all of the aforementioned
future work. Evaluations can, for example, be used as a part of an iterative
design process, and aimed at parameter tuning (either for realism or not) or
intuitive instrument control.

The most elaborate user evaluation performed during this project is pre-
sented in paper [E] and tested the playability of the tromba marina using
the PHANTOM Omni device. As this instrument was also controlled by the
Sensel Morph in paper [D], an evaluation that compares the two controllers
could be made in the future. Apart from evaluating the differences in natural
or intuitive control, one could investigate cross-modal effects between control
(haptics) and audio, where one could investigate whether the way that the
simulation is controlled has an influence on sound perception.

One interesting observation, shown in paper [E], was that players found
the virtual tromba marina hard to play. This could indeed be expected, as
no participant ever played the instrument before, neither the virtual one, nor
the physical one. For other unknown instruments, including completely novel
ones, this shows that their evaluation is challenging. Like a real instrument,
it might take months, or even years of practice to produce well-sounding
auditory results, or to determine whether the chosen mapping is satisfactory.

17.2.5 Dynamic grid

Finally, where the author personally sees most potential for continuations of
this work, is the further development of the dynamic grid method presented
in paper [G]. During this project, only the cases of the 1D wave equation and
the acoustic tube have been explored. Section 12.4 provides many real-world
examples that the method could be applied to. These consist 1D systems, such
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as stiff strings, but also 2D systems, such as the musical saw and the talking
drum. Furthermore, finding conditions under which the method is stable will
allow the method to be safely integrated into other applications.

283



Chapter 17. Conclusions and Perspectives

284



References

[1] N. H. Fletcher and T. D. Rossing, The Physics of Musical Instruments.
Springer, 1998.

[2] M. Puckette, “Max at seventeen,” Computer Music Journal, vol. 26, pp.
31-43, 2002.

[3] C. Roads, The Computer Music Tutorial. = MIT Press, Cambridge, Mas-
sachusetts, 1996.

[4] ]J. Chowning, “The synthesis of complex audio spectra by means of fre-
quency modulation,” Journal of the Audio Engineering Society, vol. 21,
no. 7, 526-534.

[5] M. L. Lavengood, “What makes it sound '80s?: The Yamaha DX7 electric
piano sound,” Journal of Popular Music Studies, vol. 31, pp. 73-94, 2019.

[6] J. O.Smith, “Virtual acoustic musical instruments: Review and update,”
Center for computer research in music and acoustics (CCRMA), 2010.

[7] J. Kelly and C. Lochbaum., “Speech synthesis,” in Proceedings of the Fourth
International Congress on Acoustics, 1962, pp. 1-4.

[8] P. Ruiz, “A technique for simulating the vibrations of strings with a
digital computer,” Master’s thesis, University of Illinois, 1969.

[9] L. Hiller and P. Ruiz, “Synthesizing musical sounds by solving the wave
equation for vibrating objects: Part I,” Journal of the Audio Engineering
Society (JASA), vol. 19, no. 6, pp. 462—470, 1971.

[10] ——, “Synthesizing musical sounds by solving the wave equation for
vibrating objects: Part II,” Journal of the Audio Engineering Society (JASA),
vol. 19, no. 7, pp. 542-550, 1971.

[11] C. Cadoz, A. Luciani, and J.-L. Florens, “Responsive input devices
and sound synthesis by simulation of instrumental mechanisms: the
CORDIS system,” Computer Music Journal, vol. 8, no. 3, pp. 60-73, 1983.

285



References

[12] M. McIntyre, R. Schumacher, and J. Woodhouse, “On the oscillations of
musical instruments,” Journal of the Acoustical Society of America, vol. 74,
no. 5, pp. 1325-1345, 1983.

[13] K.Karplusand A. Strong, “Digital synthesis of plucked-string and drum
timbres,” Computer Music Journal, vol. 7, pp. 43-55, 1983.

[14] J. O. Smith, “Music applications of digital waveguides,” Technical Re-
port, CCRMA Stanford University, 1987.

[15] ——, “Physical modeling using digital waveguides,” Computer Music
Journal, vol. 16, no. 4, pp. 74-91, 1992.

[16] ——, “Physical audio signal processing (online book),” 2010. [Online].
Available: http:/ /ccrma.stanford.edu/~jos/pasp/

[17] J.-M. Adrien, “The missing link: Modal synthesis,” in Representations of
Musical Signals, G. De Poli, A. Picalli, and C. Roads, Eds. MIT Press,
1991, pp. 269-298.

[18] J. D. Morrison and J.-M. Adrien, “Mosaic: A framework for modal syn-
thesis,” Computer Music Journal, vol. 17, no. 1, pp. 45-56, 1993.

[19] G. Borin, G. De Poli, and A. Sarti, “A modular approach to excitator-
resonator interaction in physical models syntheses,” Proceedings of the
International Computer Music Conference, 1989.

[20] G. De Poli and D. Rocchesso, “Physically based sound modelling,” Or-
ganised Sound, vol. 3, no. 1, pp. 61-76, 1998.

[21] S. Bilbao, Numerical Sound Synthesis: Finite Difference Schemes and Simula-
tion in Musical Acoustics. John Wiley & Sons, 2009.

[22] V. Vélimaéki, J. Pakarinen, C. Erkut, and M. Karjalainen, “Discrete-time
modelling of musical instruments,” Institute of Physics Publishing, 2006.

[23] S. Bilbao, B. Hamilton, R. L. Harrison, and A. Torin, “Finite-difference
schemes in musical acoustics: A tutorial.” Springer handbook of systematic
musicology, pp. 349-384, 2018.

[24] R. Michon, S. Martin, and J. O. Smith, “MESH2FAUST: a modal physical
model generator for the faust programming language - application to
bell modeling,” in Proceedings of the 2017 International Computer Music
Conference, ICMC, 2017.

[25] A. Chaigne, “On the use of finite differences for musical synthesis. Ap-
plication to plucked stringed instruments,” Journal d’Acoustique, vol. 5,
no. 2, pp. 181-211, 1992.

286


http://ccrma.stanford.edu/~jos/pasp/

References

[26] A. Chaigne and A. Askenfelt, “Numerical simulations of struck strings.
L. A physical model for a struck string using finite difference methods,”
Journal of Acoustical Society of America, vol. 95, no. 2, pp. 1112-1118, 1994.

[27] S. A.van Duyne and ]. O. Smith, “Physical modeling with the 2-D digital
waveguide mesh,” in ICMC Proceedings, 1993.

[28] C.Erkutand M. Karjalainen, “Finite difference method vs. digital waveg-
uide method in string instrument modeling and synthesis,” International
Symposium on Musical Acoustics, 2002.

[29] E. Maestre, C. Spa, and ]. O. Smith, “A bowed string physical model
including finite-width thermal friction and hair dynamics,” Proceedings
ICMC|SMC 2014, pp. 1305-1311, 2014.

[30] C.Cadoz, “Synthése sonore par simulation de mécanismes vibratoires,”
1979, These de Docteur Ingénieur, LN.P.G. Grenoble, France.

[31] C. Cadoz, A. Luciani, and J.-L. Florens, “CORDIS-ANIMA: a model-
ing and simulation system for sound and image synthesis: the general
formalism,” Computer Music Journal, vol. 17, no. 1, pp. 19-29, 1993.

[32] J. Villeneuve and ]. Leonard, “Mass-interaction physical models for
sound and multi-sensory creation: Starting anew,” in Proceedings of the
16th Sound and Music Computing Conference, 2019.

[33] J. Leonard and J. Villeneuve, “MI-GEN~: An efficient and accessible
mass interaction sound synthesis toolbox,” Proceedings of the 16th Sound
and Music Computing Conference (SMC), 2019.

[34] S. Bilbao, C. Desvages, M. Ducceschi, B. Hamilton, R. Harrison-Harsley,
A. Torin, and C. Webb, “Physical modeling, algorithms, and sound syn-
thesis: The NESS project,” Computer Music Journal, vol. 43, no. 2-3, pp.
15-30, 2019.

[35] G. E. Moore, “Cramming more components onto integrated circuits,”
Electronics, vol. 38, no. 8, pp. 114-117, 1965.

[36] M. Paradiso, “To save the sound of a stradivarius, a whole city must keep
quiet,” 2019. [Online]. Available: https://www.nytimes.com/2019/01/
17 /arts/music/stradivarius-sound-bank-recording-cremona.html

[37] C. Livesay, “An italian town fell silent so the sounds of
a stradivarius could be preserved,” 2019. [Online]. Available:
https:/ /www.npr.org/2019/02/17 /694056444 /

287


https://www.nytimes.com/2019/01/17/arts/music/stradivarius-sound-bank-recording-cremona.html
https://www.nytimes.com/2019/01/17/arts/music/stradivarius-sound-bank-recording-cremona.html
https://www.npr.org/2019/02/17/694056444/

References

[38] S. Mehes, M. van Walstijn, and P. Stapleton, “Towards a virtual-acoustic
string instrument,” Proceedings of the 13th Sound and Music Computing
Conference (SMC), 2016.

[39] F. Pfeifle and R. Bader, “Real-time finite difference physical models of
musical instruments on a field programmable gate array (FPGA),” Pro-
ceedings of the 15th International Conference on Digital Audio Effects (DAFx),
2012.

[40] ——, “Real-time finite-difference method physical modeling of musical
instruments using field-programmable gate array hardware,” Journal of
the Audio Engineering Society (JASA), vol. 63, no. 12, pp. 1001-1016, 2015.

[41] F. Pfeifle, “Real-time physical model of a wurlitzer and a rhodes electric
piano,” Proceedings of the 20th International Conference on Digital Audio
Effects (DAFx), 2017.

[42] ]J. Bybee, “COSM REVISITED,” Accessed June 28, 2021. [On-
line]. Available: https://www.boss.info/us/community/boss_users_
group/1319/

[43] S. Bilbao, J. Perry, P. Graham, A. Gray, K. Kavoussanakis, G. Delap,
T. Mudd, G. Sassoon, T. Wishart, and S. Young, “Large-scale physical
modeling synthesis, parallel computing, and musical experimentation:
The NESS project in practice,” Computer Music Journal, vol. 43, no. 2-3,
pp. 31-47, 2019.

[44] C.E. Shannon, “Communication in the presence of noise,” Proceedings of
the IRE, vol. 37, no. 1, pp. 10-21, 1949.

[45] S. Yantis and R. A. Abrams, Sensation and Perception, 2nd ed. ~Worth
Publishers, 2016.

[46] S. Willemsen, S. Serafin, and J. R. Jensen, “Virtual analog simulation and
extensions of plate reverberation,” in Proc. of the 14th Sound and Music
Computing Conference, 2017, pp. 314-319.

[47] Sensel Inc., “Sensel | Interaction Evolved,” 2021. [Online]. Available:
https:/ /sensel.com/

[48] 3D Systems, Inc, “3D Systems Touch Haptic Device,” 2021. [Online].
Available: https://www.3dsystems.com/haptics-devices/touch

[49] MATLAB version 9.9.0.1592791 (R2020b) Update 5, The Mathworks, Inc.,
Natick, Massachusetts, 2020.

288


https://www.boss.info/us/community/boss_users_group/1319/
https://www.boss.info/us/community/boss_users_group/1319/
https://sensel.com/
https://www.3dsystems.com/haptics-devices/touch

References

[50] B. Hamilton, “Finite difference and finite volume methods for wave-
based modelling of room acoustics,” Ph.D. dissertation, The University
of Edinburgh, 2016.

[61] C. G. M. Desvages, “Physical modelling of the bowed string and ap-
plications to sound synthesis,” Ph.D. dissertation, The University of
Edinburgh, 2018.

[52] C. Desvages and S. Bilbao, “Two-polarisation physical model of bowed
strings with nonlinear contact and friction forces, and application to
gesture-based sound synthesis,” Applied Sciences, vol. 6, no. 5, 2016.

[53] S. Bilbao and J. Parker, “A virtual model of spring reverberation,” IEEE
transactions on audio, speech, and language processing, vol. 18, pp. 799-808,
2009.

[54] S. Bilbao, “A modular percussion synthesis environment,” in Proceedings
of the 12th International Conference on Digital Audio Effects (DAFx-09), 2009.

[55] R. Courant, K. Friedrichs, and H. Lewy, “Uber die partiellen differen-
zengleichungen de mathematischen physik,” Mathematische Annalen, vol.
100, pp. 32-74, 1928.

[56] J. Sauveur, “Systeme général des intervalles des sons, et son application
a tous les systémes et a tous les instrumens de musique,” Histoire de
L'Académie Royale des Sciences. Année 1701, Mémoires de Mathematique & de
Physique, pp. 297-364, 1701.

[57] T. H. Park, Introduction To Digital Signal Processing: Computer Musically
Speaking. World Scientific Publishing Co. Pte. Ltd, 2010.

[58] J. G. Charney, R. Fjortoft, and J. V. Neumann, “Numerical integration of
the barotropic vorticity equation,” Tellus, vol. 2, no. 4, 1950.

[59] J. C. Strikwerda, Finite Difference Schemes and Partial Differential Equations.
Pacific Grove, California: Wadsworth and Brooks/Cole Advanced Books
and Software, 1989.

[60] R. Zucker, Handbook of Mathematical Functions with Formulas, Graphs, and
Mathematical Tables. National Bureau of Standards Applied Mathe-
matics Series 55, 1972, ch. 4: Elementary Transcendental Functions, pp.
65-226, Tenth Printing.

[61] B. Gustafsson, H.-O. Kreiss, and J. Oliger, Time-Dependent Problems and
Difference Methods, 2nd ed. John Wiley & Sons, 2013.

289



References

[62] R. L. Harrison-Harsley, “Physical modelling of brass instruments using
finite-difference time-domain methods,” Ph.D. dissertation, University
of Edinburgh, 2018.

[63] ]. Bensa, S. Bilbao, R. Kronland-Martinet, and J. O. Smith, “The simula-
tion of piano string vibration: From physical models to finite difference
schemes and digital waveguides,” Journal of the Acoustical Society of Amer-
ica (JASA), vol. 114, no. 2, pp. 1095-1107, 2003.

[64] C. Webb and S. Bilbao, “On the limits of real-time physical modelling
synthesis with a modular environment,” in Proceedings of the 18th Inter-
national Conference on Digital Audio Effects (DAFx), 2015.

[65] S. Bilbao, M. Ducceschi, and C. Webb, “Large-scale real-time modular
physical modeling sound synthesis,” in Proceedings of the 22th Interna-
tional Conference on Digital Audio Effects (DAFx-19), 2019.

[66] H. Fletcher, “Normal vibration frequencies of a stiff string,” Journal of the
Acoustical Society of America, vol. 36, no. 1, pp. 203-209, 1964.

[67] S. Willemsen, “stiffString.m,” 2021. [Online]. Available: https://gist.
github.com/SilvinWillemsen/58{7353103ab6930da6139ed08{68c8f

[68] Y. Saad, Iterative methods for sparse linear systems. Philadelphia: SIAM,
2003.

[69] J. A. Kemp, “Theoretical and experimental study of wave propagation
in brass musical instruments,” Ph.D. dissertation, The University of Ed-
inburgh, 2002.

[70] P.Eveno, J. P. Dalmont, R. Caussé, and J. Gilbert, “Wave propagation and
radiation in a horn: Comparisons between models and measurements,”
Acta Acustica united with Acustica, vol. 98, pp. 158-165, 2012.

[71] A. Webster, “Acoustical impedance, and the theory of horns and of the
phonograph,” in Proceedings of the National Academy of Sciences of the
United States of America, vol. 5, no. 7, 1919, pp. 275-282.

[72] M. Atig, J.-P. Dalmont, and J. Gilbert, “Termination impedance of open-
ended cylindrical tubes at high sound pressure level,” Comptes Rendus
Meécanique, vol. 332, pp. 299-304, 2004.

[73] S. Bilbao and R. Harrison, “Passive time-domain numerical models of
viscothermal wave propagation in acoustic tubes of variable cross sec-
tion,” The Journal of the Acoustical Society of America, vol. 140, pp. 728-740,
2016.

290


https://gist.github.com/SilvinWillemsen/58f7353103ab6930da6139ed08f68c8f
https://gist.github.com/SilvinWillemsen/58f7353103ab6930da6139ed08f68c8f

References

[74] H. Levine and J. Schwinger, “On the radiation of sound from an un-
flanged circular pipe,” Physical Review, vol. 73, no. 2, pp. 383-406, 1948.

[75] F. Silva, P. Guillemain, J. Kergomard, B. Mallaroni, and A. Norris, “Ap-
proximation formulae for the acoustic radiation impedance of a cylin-
drical pipe,” Journal of Sound and Vibration, vol. 322, pp. 255-263, 2009.

[76] S. Bilbao and J. Chick, “Finite difference time domain simulation for the
brass instrument bore,” Journal of the Acoustical Society of America, vol.
134, no. 6, pp. 3860-3871, 2013.

[77] R. A. Horn and C. R. Johnson, Topics in Matrix Analysis. ~Cambridge
University Press, 1991.

[78] P. Morse and U. Ingard., Theoretical Acoustics.  Princeton University
Press, 1968.

[79] V. Viliméki, S. Bilbao, J. O. Smith, J. S. Abel, J. Pakarinen, and D. Berners,
“Virtual analog effects,” in DAFX: Digital Audio Effects, 2nd ed., U. Zolzer,
Ed. John Wiley & Sons Ltd., 2011, pp. 473-522.

[80] O. Richards, “Investigation of the lip reed using computational mod-
elling and experimental studies with an artificial mouth,” Ph.D. disser-
tation, The University of Edinburgh, 2003.

[81] F. P. Bowden and L. Leben, “The nature of sliding and the analysis of
friction,” in Proceedings of the Royal Society of London, vol. 169, 1939.

[82] H. L. F. von Helmholtz, On the Sensations of Tone as a Physiological Basis
for the Theory of Music. Dover Publications, 1954, english translation of
1863 (German) edition by A. J. Ellis.

[83] J. O. Smith, “Efficient simulation of the reed bore and bow string me-
chanics,” ICMC 86, pp. 275-280, 1986.

[84] J.-L. Florens, A. Razafindrakoto, A. Luciani, and C. Cadoz, “Optimized
real time simulation of objects for musical synthesis and animated image
synthesis,” ICMC 86, pp. 65-70, 1986.

[85] P. Dupont, V. Hayward, B. Armstrong, and F. Altpeter, “Single state
elastoplastic friction models,” IEEE Transactions on Automatic Control,
vol. 47, no. 5, pp. 787-792, 2002.

[86] S.Serafin, F. Avanzini, and D. Rocchesso, “Bowed string simulation using
an elasto-plastic friction model,” SMAC 03, pp. 95-98, 2003.

[87] S. Serafin, “The sound of friction: Real-time models, playability and
musical applications,” Ph.D. dissertation, CCRMA, 2004.

291



References

[88] R. Pitteroff and J. Woodhouse, “Mechanics of the contact area between
a violin bow and a string. Part II: Simulating the bowed string,” Acta
Acustica united with Acustica, vol. 84, no. 4, pp. 744-757, 1998.

[89] J. Woodhouse, “Bowed string simulation using a thermal friction model,”
Acta Acustica united with Acustica, vol. 89, pp. 355-368, 2003.

[90] C. A. Coulomb, “Sur une application des régles de maximis et minimis a
quelques problémes de statique, relatifs a I’architecture [On maximums
and minimums of rules to some static problems relating to architecture],”
Meémoires de Mathematique de I’Académie Royale de Science, vol. 7, pp. 343
382,1773.

[91] A. Morin, “New friction experiments carried out at metz in 1831-1833,”
in Proceedings of the French Royal Academy of Sciences, 1833, pp. 1-128.

[92] O. Reynolds, “On the theory of lubrication and its application to Mr.
Beauchamp tower’s experiments, including an experimental determina-
tion of the viscosity of olive oil,” in Proceedings of the Royal Society of
London, vol. 40, 1886, pp. 191-203.

[93] R. Stribeck, “Die wesentlichen eigenschaften der gleit- und rollenlager
[The essential properties of sliding and roller bearings],” Zeitschrift des
Vereins Deutscher Ingenieure, vol. 46, no. (38,39), pp. 1342-48,1432-37,
1902.

[94] P. Dahl, “A solid friction model,” Technical report, The Aerospace Cor-
poration, 1968.

[95] C.Canudas de Wit, H. Olsson, K. J. Astrém, and P. Lischinsky, “Dynamic
friction models and control design,” Proceedings of the 1993 American
Control Conference, pp. 1920-1926, 1993.

[96] ——, “A new model for control of systems with friction,” IEEE Transac-
tions on Automatic Control, vol. 40, no. 3, pp. 419-425, 1995.

[97] E. Avanzini, S. Serafin, and D. Rocchesso, “Interactive simulation of
rigid body interaction with friction-induced sound generation,” IEEE
Transactions on Speech and Audio Processing, vol. 13, no. 5, pp. 1073-1080,
2005.

[98] H. Olsson, “Control systems with friction,” Ph.D. dissertation, Lund
University, 1996.

[99] M. G. Onofrei, “Real-time implementation of bowed instruments using
static and dynamic friction models,” Master’s thesis, Aalborg University,
2021.

292



References

[100] S. Bilbao, “Direct simulation of reed wind instruments,” Computer Music
Journal, vol. 33, no. 4, 2009.

[101] V. Chatziioannou and M. van Walstijn, “An energy conserving finite
difference scheme for simulation of collisions,” in Proceedings of the Sound
and Music Computing Conference 2013, 2013, pp. 584-591.

[102] S. Bilbao, A. Torin, and V. Chatziioannou, “Numerical modeling of col-
lisions in musical instruments,” Acta Acustica united with Acustica, vol.
101, no. 1, pp. 155-173, 2014.

[103] M. Ducceschi, S. Bilbao, S. Willemsen, and S. Serafin, “Linearly-implicit
schemes for collisions in musical acoustics based on energy quadrati-
sation,” Journal of the Acoustical Society of America (JASA), vol. 149, pp.
3502-3516, 2021.

[104] N. Lopes, T. Helie, and A. Falaize, “Explicit second-order accurate
method for the passive guaranteed simulation of port-hamiltonian sys-
tems,” in Proceedings of the 5th IFAC 2015, 2015, pp. 223-228.

[105] A. Falaize and T. Hélie, “Passive guaranteed simulation of analog audio
circuits: A port-hamiltonian approach,” Applied Sciences, vol. 6, p. 273,
2016.

[106] X. Yang, “Linear and unconditionally energy stable schemes for the
binary fluid-surfactant phase field model,” Computer Methods in Applied
Mechanics and Engineering, vol. 318, pp. 1005-1029, 2017.

[107] C. Jiang, W. Cai, and Y. Wang, “A linearly implicit and local energy-
preserving scheme for the sine-gordon equation based on the invariant
energy quadratization approach,” Journal of Scientific Computing, vol. 80,
2019.

[108] M. Ducceschi and S. Bilbao, “Non-iterative solvers for nonlinear prob-
lems: The case of collisions,” Proceedings of the 22th International Confer-
ence on Digital Audio Effects (DAFx-19), 2019.

[109] H. Hertz, “Uber die beriihrung fester elastischer korper,” Journal fiir die
Reine und Angewandte Mathematik, vol. 92, pp. 156-171, 1881.

[110] S. Willemsen, “connectedStringPlate.m,” 2021. [On-
line]. Available: https:/ / gist.github.com/SilvinWillemsen /
91d10f6279af7fd0da7fb65fbd7647da

[111] G.F. Carrier, “On the non-linear vibration problem of the elastic string,”
Quarterly of Applied Mathematics, vol. 3, pp. 157-165, 1945.

293


https://gist.github.com/SilvinWillemsen/91d10f6279af7fd0da7fb65fbd7647da
https://gist.github.com/SilvinWillemsen/91d10f6279af7fd0da7fb65fbd7647da

[112]

[113]

[114]

[115]

[116]

[117]

[118]

[119]

[120]

[121]

[122]

References

D. Wessel and M. Wright, “Problems and prospects for intimate musical
control of computers,” Computer Music Journal, vol. 26, no. 3, 2002.

G. Guennebaud, B. Jacob et al., “Eigen,” 2021. [Online]. Available:
http:/ /eigen.tuxfamily.org

R. Paisa and D. Overholt, “Enhancing the expressivity of the sensel
morph via audio-rate sensing,” in Proceedings of the New Interfaces for
Musical Expression conference, 2019.

L. Pardue, M. Ortiz, M. van Walstijn, P. Stapleton, and M. Rodger,
“Vodhran: collaborative design for evolving a physical model and in-
terface into a proto-instrument,” in New Interfaces for Musical Expression,
2020.

M. van Walstijn, A. Bhanuprakash, and P. Stapleton, “Finite-difference
simulation of linear plate vibration with dynamic distributed contact,”
in Proceedings of the 18th Sound and Music Computing (SMC) Conference,
2021.

3D  Systems Inc., “Openhaptics  unity  plugin  user
guide  (toolkit version  3.5.0),” 2018. [Online].  Avail-
able: http:/ /s3.amazonaws.com/dl.3dsystems.com /binaries/
Sensable/OH/3.5/OpenHaptics_Toolkit_ProgrammersGuide.pdf

A. Passalenti, R. Paisa, N. Nilsson, N. Andersson, F. Fontana, R. Nordahl,
and S. Serafin, “No strings attached: Force and vibrotactile feedback in a
virtual guitar simulation,” IEEE Conference on Virtual Reality and 3D User
Interfaces (VR), pp. 1116-1117, 2019.

——, “No strings attached: Force and vibrotactile feedback in a guitar
simulation,” Proceedings of the 16th Sound and Music Computing (SMC)
Conference, 2019.

F. Fontana, R. Paisa, R. Ranon, and S. Serafin, “Multisensory plucked
instrument modeling in Unity3D: From keytar to accurate string proto-
typing,” Applied Sciences, vol. 10, 2020.

R. Msallam, S. Dequidt, S. Tassart, and R. Causse, “Physical model of
the trombone including non-linear propagation effects,” in ISMA: Inter-
national Symposium of Music Acoustics, 1997.

F. Eichas, S. Moller, and U. Zélzer, “Block-oriented gray box modeling
of guitar amplifiers,” in Proceedings of the 20th International Conference on
Digital Audio Effects (DAFx-17),2017.

294


http://eigen.tuxfamily.org
http://s3.amazonaws.com/dl.3dsystems.com/binaries/Sensable/OH/3.5/OpenHaptics_Toolkit_ProgrammersGuide.pdf
http://s3.amazonaws.com/dl.3dsystems.com/binaries/Sensable/OH/3.5/OpenHaptics_Toolkit_ProgrammersGuide.pdf

References

[123] J. D. Parker, E. Esqueda, and A. Bergner, “Modelling of nonlinear state-
space systems using a deep neural network,” in Proceedings of the 22nd
International Conference on Digital Audio Effects (DAFx-19), 2019.

[124] D. E. Knuth, “Computer programming as an art,” Communications of the
ACM, vol. 17, no. 12, pp. 667-673, 1974.

[125] exception, “double - and how to use it,” 2008. [Online]. Available:
http:/ /www.cplusplus.com/articles/Nb07M4Gy /

295


http://www.cplusplus.com/articles/Nb07M4Gy/

References

296



Part VII

Papers

297






Paper A

Real-Time Control of Large-Scale Modular Physical
Models using the Sensel Morph

Silvin Willemsen, Nikolaj Andersson, Stefania Serafin
and Stefan Bilbao

The paper has been published in the
Proceedings of the 16th Sound and Music Computing (SMC) Conference, pp.
275-280, 2019.

©2019 Silvin Willemsen et al. This is an open-access article distributed under the terms of the Creative Commons
Attribution 3.0 Unported License, which permits unrestricted use, distribution, and reproduction in any medium, provided
the original author and source are credited. The layout has been revised.



Abstract

In this paper, implementation, instrument design and control issues surrounding a
modular physical modelling synthesis environment are described. The environment
is constructed as a network of stiff strings and a resonant plate, accompanied by
user-defined connections and excitation models. The bow, in particular, is a novel
feature in this setting. The system as a whole is simulated using finite difference (FD)
methods. The mathematical formulation of these models is presented, alongside several
new instrument designs, together with a real-time implementation in JUCE using FD
methods. Control is through the Sensel Morph.

1 Introduction

Physical models for sound synthesis have been researched for several decades
to mathematically simulate the sonic behaviour of musical instruments and
everyday sounds. Various techniques and methodologies have developed,
ranging from mass-spring models [1, 2, 3] to modal synthesis [4] and waveg-
uide based models [5]. The latter two techniques may be viewed as numerical
simulation techniques applied to the systems of partial differential equations
(PDEs). These equations define the dynamics of a musical instrument, either
real or imagined.

Mainstream time-domain simulation techniques, such as finite difference
(FD) methods, were first applied to the case of string vibration by Ruiz [6]
and Hiller and Ruiz [7, 8], and then later by other authors [9] including, most
notably Chaigne [10] and Chaigne and Askenfelt [11]. The general use of finite-
difference schemes (FDSs) in sound synthesis is described in [12]. Modularized
physical modelling sound synthesis, whereby the user may construct a virtual
instrument using basic canonical components dates back to the work of Cadoz
and collaborators [1, 2, 3]. It has been also used as a design principle in the
context of FD methods [13, 14, 15], where the canonical elements are strings
and plates, with a non-linear connection mechanism. Though computational
cost of such methods is high, standard computing power is now approaching
a level suitable for real-time performance for simpler systems.

We are interested in bridging the gap between large-scale modular physical
modelling synthesis and sonic interaction design [16], to be able to play with
such simulations in real-time. Specifically, we are interested in using the
expressivity of the Sensel Morph [17] to control our simulations, using both
percussive and bowing excitations. Our ultimate goal is to create models that
are both mathematically accurate and efficient. This goal is nowadays possible
thanks to improvements in hardware and software technologies for sound
synthesis, yet it has rarely been achieved. The ultimate goal is to provide
a modular efficient synthesizer based on accurate simulations, where real-
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time expressivity can also be achieved. This synthesizer has already been
informally evaluated by composers and sound designers, who appreciated the
current sonic palette.

This paper is structured as follows: Section 2 describes the physical models
used in the implementation and Section 3 shows a general description of the
FD methods used to digitally implement these models. Furthermore, Section
4 elaborates on the real-time implementation, Section 5 shows several different
configurations of the physical models inspired by real musical instruments,
Section 6 will present the results on CPU usage and evaluation and discuss
this and finally, in Section 7, some concluding remarks appear.

2 Models

In this section, the PDEs for the damped stiff string and plate will be pre-
sented. The notation used will be the one found in [12] where the subscript
for state variable u denotes a single derivative with respect to time ¢ or space
x respectively. Furthermore, to simplify the presented physical models, non-
dimensionalization (or scaling) will be used [12].

2.1 Stiff string

A basic model of the linear transverse motion of a string of circular cross
section may be described in terms of several parameters: the total length L (in
m), the material density p (in kg-m~3), string radius r (in m), Young’s modulus
E (in Pa), tension T' (in N), and two loss parameters oy and ¢1. The PDE for a
damped stiff string may be written as [12]

2 2
Ut = YV Ugy — K Uggzx — 200Ut + 201Utzs- (1)

In this representation, spatial scaling has been employed using a length L, so
the solution v = u(x, t) is defined for ¢ > 0 and for dimensionless coordinate

z € [0,1]. Furthermore, parameters v = /1'/pnr2L? and k = \/Er?/4pL*

and have units s~ 1.

In this work, the string is assumed clamped at both ends, so that
u=uy, =0 where z=1{0,1}. (2)
A model of a bowed string [12] may be incorporated into (1) as

U = ... — 0(x — ) Fpd(vpe1), with (3a)

Urel = ut|(z:xg) — UB, (3b)

where F = fg/M; is the excitation function (in m/s?) with externally-supplied
bowing force fg = fg(t) (in N) and total string mass M; = prr?L (in kg).
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The relative velocity vy is defined as the difference between the velocity of
the string at bowing point xp and the externally-supplied bowing velocity
vg = vp(t) (inm/s) and ¢ is a dimensionless friction characteristic, chosen here
as [12] ’

O(vret) = V2avgge ™2, )

Furthermore, §(x — ) is a spatial Dirac delta function selecting the bowing
location z = xp. The single bowing point can be extended to a bowing area
[12]. More detailed models of string dynamics, again in a bowed string context,
have been proposed by Desvages [18].
Another, and more simple way to excite the string is by extending Equation
(1) to
Ut = ...+ EoFp (5)

using an externally-supplied distribution function E. = E.(z) and excitation
function F, = F¢(¢). In this case, the excitation region is allowed to be of finite
width.

2.2 Plate

Under linear conditions, a rectangular plate of dimensions L, and L, may be
parameterized in terms of density p (in kg- m~?), thickness H (in m), Young’s
modulus F (in Pa) and a dimensionless Poisson’s ratio v, as well as two loss
parameters og and o7.

In terms of dimensionless spatial coordinates = and y scaled by /L, L,,
the equation of motion of a damped plate is a variant of the Kirchhoff model
[19]

U = —k2AAU — 200us + 201 Aus. (6)

Here, u(z,y,t) is the transverse displacement of the plate as a function of
dimensionless coordinates z € [0,v/a], y € [0,1/\/a], where a = L,/L, is
the plate aspect ratio, as well as time ¢. Furthermore, A represents the 2D
Laplacian [12]:
02 02
A= — 4+ —. 7
0x? * oy? @

The stiffness parameter x, with dimensions of s~!, is definedby x = /D /pHL2L?

where D = EH?/12 (1 — v?). Asin the case of the stiff string, we chose to use
clamped boundary conditions:

u=n-Vu=0 (8)

over any plate edge with outward normal direction n and where Vu is the
gradient of w.
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2.3 Connections

Adding connections between different physical models, further referred to
as elements, adds another term to Equation (3a), (5) or (6). Assuming that
element « is a stiff string and f3 is a plate, the following terms are added to the
aforementioned equations:

Utg = ... —+ EC,(XFOH (9a)
Ut = ... + EC75F57 (9b)

with force-functions F,, = F,(t) and Fz = Fj(t) (in m/s?) and distribution
functions E. , and E, 3 which have chosen to be highly localised in our appli-
cation and reduce to 0(z — z,o) and 6 (z — x g, y — Y g) respectively, but can be
extended to be connection areas [13]. We use the implementation as presented
in [13] where the connection between two elements is a non-linear spring. The
forces it imposes on the elements it connects are defined as

F, = —w%n - wfn?’ — 2041, (10a)
Fy = —MF,, (10b)

where wy and w; are the linear (ins~!) and non-linear (in (m-s) ~'/2) frequencies
of oscillation respectively, o is a damping factor (in s™'), M is the mass ratio
between the two elements and 7 is the relative displacement between the
connected elements at the point of connection (in m). Lastly, the dot above 7
denotes a derivative with respect to time.

3 Finite-Difference Schemes

To be able to digitally implement the continuous equations shown in the previ-
ous section, they need to be approximated. In this section, a high-level review
of a finite difference approximation to a connected system of strings and plates
is presented. For more technical details, see [13].

In the case of the stiff string, state variable u(z, ) can be discretised at times
t = nk, where n € N and k = 1/f; is the time step (at sample-rate f;) and
locations x = lh, with [ € [0,. .., N] where the total number of points is N + 1
and grid spacing h. We can now write the discretised state variable as v},
representing an approximation to u(z, t).

In the case of the plate, u(x,y,1) is discretised to uf; ., using x = Ih where
1 €[0,...,N;] with N, + 1 being the total horizontal number of points and
y = mh where m € [0,..., N,] with N,, + 1 being the total vertical number of
points.

In a general sense, when discretising PDEs as presented in Equations (1)
and (6), we will need to solve for u"*!, i.e., u at the next time step, where uis a
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vector of size N — 1 containing values of ; VI for a string and (N, —1)(N, —1)
containing values of u ,,) V(I,m) for a plate. Note that the vector sizes are
smaller than the total number of grid points as we do not include the values
at the boundaries (which are always 0). For a PDE expressed as a function of
uye, its FDS will be of the form

utt =2u" —u" + KF", (11)
where
K 12
K=—
1T ook’ (12)

and F" is a combination of the discretised PDE (excluding terms containing
u™*1) together with connection and excitation terms.

3.1 Stiff String

In the case of the stiff string, " in Equation (11) is a combination of the
discretised PDE (1) £}, connection term (9a) and bowing (3a)

F' =1y + Bl — I(zg) F§ ¢(vrel), (13a)
or excitation (5) term
F"' =1+ E.F) + EJF], (13b)

where E. , contains the discretised distribution function for the connection
(1/h at connection index I 4, rest 0’s [12]), E. contains the discretised distri-
bution function for the excitation (which will be presented in Equation (25)
in the next section) and J(z}) is a spreading operator containing the discre-
tised bowing distribution (1/h at time-varying bowing position zg). If zp is
between grid points, cubic interpolation is used to spread the bow-force over
neighbouring grid points [12]. All vectors are columns of size N — 1.

It can be useful to talk about the region of operation of a FDS in terms of a
‘stencil’. A stencil describes the number of grid points needed to calculate a
single point at the next time step. The stiff string FDS has a stencil of 5 grid
points. In other words, two grid points at either side of I — and [ itself — are
necessary to calculate u]"!. See Figure 1 for a visualisation of this.

In order for the scheme to be stable, the grid spacing needs to abide the
following condition [12]

21.2 4 21.2 4k2 1 21.2
hz\/vk + 4ok + /(2K + 401k)? + 1657k2 1)

2

The closer h is to this limit, the higher the quality of the implementation. The
number of points IV can then be calculated using

N = ﬂoor(}ll). (15)
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Fig. 1: Stencil for a stiff string FDS with grid spacing h and time step k. The point [ at the next
time step (yellow) is calculated using 5 points at the current time step (blue) and 3 at the previous
time step (dark blue).

3.2 Plate

In the case of the plate, u is a column vector of concatenated vertical ‘strips’ of
the plate state as in [13] of size (N, — 1)(NV, — 1) and F" in Equation (11) is a
combination of the discretised PDE (6) f5 and connection term (9b)

Fr =15 +EpFj. (16)

Here, E. 3 contains the discretised distribution function for the connection
(1/h? at connection index (Ic g, mc,g), rest 0’s [13]) and is a column vector of
size (N, — 1)(N, — 1). For the plate, the stencil will consist of 13 grid points as
can be seen in Figure 2.

The grid spacing needs to abide the following condition [13]

hZQ\/k(U%-‘r\/Hz-i-O’%), 17)

(again, the closer h is to this limit the better) from which N, and N, can be
derived using

N, = ﬂoor(f) and N, = ﬂoor(h\l/a) (18)
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n+1

Fig. 2: Stencil for a plate FDS. The point (I, m) at the next time step (yellow) is calculated using 13
points at the current time step (blue) and 5 at the previous time step (dark blue).

3.3 Connections

In the following, we discretise the equations in (10) as shown in [13]. However,
as these equations are not expressed as a function of u, their FDS counterpart
will be different. Moreover, instead of solving for u"*!, we need to solve for
n"*t1, ie., the relative displacement at the next time step, which will be in the
form of
n+1 _ nFn 4 n, n—1 (19)
n p Ly T+7TT )

where p” = p(n™) and ™ = r(n™) are functions of the relative displacement
n if wy # 0 and constants if w; = 0. Again, assuming that element « is a stiff
string and 3 is a plate, i can be calculated using

n" = haug, , — h%ug,(zcﬂ,mcﬁ)' (20)
In other words, this is the difference between the state of element « at I,
and the state of element 3 at (I g, mc g) scaled by their respective (for plates,
squared) grid spacings h, and hg. The next step is to obtain F, which can
be used to easily calculate F7. We first obtain values for u™*! by solving (11)
using (13a), (13b) or (16) (without the connection term!) for a string or plate
respectively. As, at this point, no connection forces have been added yet, this
state will be referred to as an intermediate state u'. This intermediate state can
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be used to obtain ™! using (20)
0 = ha (b, + KaF2) = [P3Wh gpm ) + KsFR)], @D

where K, and K are as described in (12) using the damping coefficient o of
their respective element. This can then be set equal to (19). Using Equation
(10b), solving for F,, yields

—1 1 2.1
" = (hatig, = PEUs e )

F" = . 22
« ho Ko + Mh%Kﬁ —pn ( )

4 Implementation

In this section, we elaborate more on the chosen values for the parameters
described in the previous two sections and present the system architecture of
the real-time application. The values for most parameters have been arbitrarily
chosen and can — as long as they satisfy the conditions in Equations (14) and
(17) — be changed. We used C++ along with the JUCE framework [20] for
implementing the physical models and connections in real-time. The main
hardware used was a MacBook Pro with a 2.2 GHz Intel Core i7 processor.

4.1 Stiff String

As many string properties stay constant, we chose to set the following pa-
rameters directly, rather than calculating them from their physical properties:
k = 2,00 =1, 01 = 0.005. An interesting parameter to make dynamic is
the fundamental frequency fy (in s™!) of the string. According to [12], the
fundamental frequency can be approximately calculated using

hzg. (23)

However, as the grid spacing h is dependent on the wave speed v according to
the condition found in (14), we must put a lower limit on the number of points
N if we plan to dynamically increase ~.

Another way to change frequency is to add damping to the model at specific
points acting as a (simplified) fretting finger. The advantage of this is that the
condition (14) will never be violated. On top of this, a tapping sound will
be introduced when fretting the string making it more realistic than changing
the wave speed. If the string is fretted at single location z¢ € [0,1] and s =
floor(x¢/h) we use

0, l=k—1VIi=I
w'=9q I—af)uy, I=k+1 (24)
uy, otherwise
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where af = z¢/h — l¢ describes the fractional location of z between two grid
points. Note that the grid point at the finger location and the grid point before
are set to 0 to (recalling the stencil) prevent the states at either side of the finger
to influence each other. The disadvantage of using this technique over regular
linear interpolation, is that the effect of damping between grid points does
not linearly scale to pitch. We thus added ¢ = 7 as a heuristic value to more
properly map finger position to pitch.

In some cases, N is fixed to a certain value (as opposed to calculating it
from Equations (14) and (15)) for multiple strings of different pitches. Even
though some bandwidth will be lost (in the higher frequency range), this will
allow the strings to be perfectly tuned to each other.

4.1.1 Bowed String

Parameters for the bowed strings abide the following conditions: |vg| < 1m/s
and 0 < Fg < 100 N. It was chosen to discretise Equation (3b) implicitly making
it necessary to use an iterative root-finding method such as Newton-Raphson
[21].

4.1.2  Excited string

If simply excited, we set the distribution function to a raised cosine with width
we (in grid points)

27 (l—(le—we/2)) )

1—cos( - we we
E(l) = 5 y le—F <I<le+ 3 (25)

0, otherwise

scaled by the excitation function over time with excitation duration de (in

samples)

—cos( Tln=mne)

Fe(n) = %7 Ne <N < Ne + de (26)
0, otherwise

A visualisation of this can be found in Figure 3.

4.2 Plate

For the plate, the damping coefficients have been decided to be oy = 0.1 and
o1 = 0.005 and the aspect ratio is set to a = 2. The plate stiffness « has been
left as a user parameter to be changed dynamically and will be between the
following bounds: 0.1 < k < 50 s™!. In Equation (17), the grid spacing is
calculated using the maximum value of « to prevent stability issues. Using
a sample rate of 44,100 Hz results in a plate with dimensions N, = 20 and
Ny = 10 (in grid points).
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Fig. 3: A visualisation of the excitation used in our implementation presented in Equation (5). The
location of excitation ze is shown in green, excitation width we in red and excitation duration de
in blue (also see Equations (25) and (26)).

4.3 Connections

—1/2 1

Increasing w; 2 100,000 (m-s) while keeping 0 < wy < 100 s™ will
cause audible non-linear behaviour, such as pitch-glides and rattling sounds.
These effects will be more dominant when the plate stiffness is higher. In
our implementation we set wy = 100 s~' and w; = 100,000 (m-s)~'/2. The
spring-damping o = 1 s is kept to a minimum (0 < o <10s™1).

4.4 System Architecture

The system architecture can be seen in Figure 4. The top box denotes the
Sensel Morph (described in more detail in the next section) controlling the
application, and the white boxes show the different classes or components of
the application. The black arrows indicate instructions that one class can give
to another and the hollow arrows show data flows between classes. All arrows
are accompanied by a coloured box indicating which thread the instruction /
dataflow is associated with and at what rate this thread runs.

The lowest priority thread, the graphics-thread, is shown by green boxes
and runs at 15 Hz. This draws the states of the strings, connections and the
plate on the screen.

Checking and retrieving the Sensel state happens at a rate of 150 Hz and
is denoted by blue boxes. The parameters that the user controls by means of
the Sensel, such as bowing position, force and velocity, will be updated in the
models at this rate as well.

The highest priority thread is the audio-thread and runs at commonly-used
sample rate 44,100 Hz. The main application gives an ‘update” (u) instruction
to the instrument, which in turn updates the FDSs in its strings and plate.
After the FDS update is done, the intermediate state at the connection points
ul, (where 2. = I for the string or z. = (Ic,3, mc g) for the plate) are sent to
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Fig. 4: System architecture flowchart. See Section 4.4 for a thorough explanation.

the connection (Conn) class which calculates the force-functions F,, and Fg.
These values are then sent back to the string and plate classes and added to
their respective states after which their outputs (o) (at arbitrary points) are sent
back to the main application. See Algorithm 1 for this ‘order of calculation’.

5 Instruments and User Interaction

In this section, the Sensel Morph (or simply Sensel) and user interface will be
described in more detail. Furthermore, several configurations of strings, plates
and connections that are inspired by real-life instruments will be presented. A
demonstration of one of the instruments can be found in [22].

5.1 Sensel Morph

The Sensel Morph is a highly accurate touch controller that senses position and
force of objects [17] (see Figure 5). We use the Sensel as an expressive interface
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while application runs do
for all elements do
calculate intermediate state u' using previous state values (as in
Equation (11))
u =2u" —u" '+ KF
end
if element is excited/bowed then
calculate excitation term E and add to intermediate state of the
element
u£+e = ug +E
end
for all connections do
calculate connection forces and add connection term C to elements
to obtain the state at the next time step

n+l _ .1
us+e+c - us+e + C

end

update state vectors
un—l —_——

n _ ;,n+1
u = us+e+c

increment time step
n++

end

Algorithm 1: Pseudocode showing the correct order of calculation. The
subscripts for state vector u shows what it consists of (‘s” for previous state,
‘e’ for excitation and ‘¢’ for connection).

for interacting with the instrument configurations. Right above the touch-
sensitive area, the Sensel contains an array of 24 LEDs that can be controlled
from the application.

5.2 User interface

Strings are shown as coloured paths (see Figure 6 for a descriptive visualisa-
tion). The state u™ of the string is visualised using the vertical displacement
of the paths. Bowed strings are shown in cyan on the top left. The bow is
shown as a yellow rectangle and moves on interaction. The fretting position is
shown as a yellow circle. Plucked strings are shown in purple in the top right,
underneath which the sympathetic strings are shown in light green. The plate
is shown in the bottom using a grid of rectangles (clamped grid points are not
shown). Its state is visualised using a grey-scale. Furthermore, connections are
shown using orange circles/squares for the points of connection and dotted
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Fig. 5: Player using the Sensel Morphs to interact with one of the instruments.

lines between these points. Lastly, all parameters that are controlled by the
mouse such as output-level and plate-stiffness are located in a column on the
right side of the application.

5.3 Instruments

We subdivide string-elements into three types: bowed, plucked and sympa-
thetic strings. All strings will be connected to one plate acting as an instrument
body of which the user can control the plate-stiffness. Furthermore, the user
can change the output-level of each element type. Apart from these parame-
ters, which are controlled by the mouse, the instruments are fully controlled
by two Sensels. The instruments we have chosen as our inspiration are the
sitar, the hammered dulcimer and the hurdy gurdy.

5.3.1 Bowed Sitar

The sitar is originally an Indian string instrument that has both fretted strings
and sympathetic strings. Instead of plucking the fretted strings, we extended
the model to bow them. Our implementation consists of 2 bowed strings (tuned
to A3 and E4), 13 sympathetic strings (tuned according to [23]) and 5 plucked
strings (tuned A3-E4 following an A-major scale) as it is also possible to strum
the sympathetic strings. See Figure 6 for a visual of the implementation. One
Sensel is vertically subdivided into two sections; one for each bowed string.
The first finger registered by the Sensel is mapped to a bow and the second
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is mapped to a fretting finger controlling pitch. The horizontal position of
both fingers is visualised using the Sensel’s LED array. The frets are not
implemented as such (the pitch is continuous), but they are visualised for
reference. The horizontal position of the first finger is mapped to the bowing
position on the string, the vertical velocity to the bow velocity vg and the finger
force is linked to the excitation function Fg (both in Equation (3a)). The other
Sensel is subdivided into 5 sections mapped to the plucked strings. These
sections are visualised by the LED array for reference.

The mass ratio for the bowed /plucked string to plate connections has been
set to M = 2 and ratio for the sympathetic string to plate connections has
been set to M = 0.5 to increase the effect that the playable strings have on the
sympathetic strings.

PLUCKED .
STRINGS =
R I output mix/

\flnger 4gcomro\ss
position — = A

BOWED

STRINGS

~connection

\ / fget

RIEATIE

Fig. 6: The bowed sitar application. The descriptions of the different elements and other objects
are shown in the image, but will (naturally) not be visible in the application.

5.3.2 Hammered Dulcimer

The hammered dulcimer is an instrument that can be seen as an ‘open piano’
where the musician has the hammers in their hand. Just like the piano, the
strings are grouped in pairs or triplets that are played simultaneously. In
our implementation, we have 20 pairs of plucked strings. Even though most
hammered dulcimers have more strings, we decided that this configuration
has the highest number of strings while maintaining playability. One of each
pair is connected to the plate which slightly detunes it, creating a desired
‘chorusing’ effect. See Figure 7 for a visual of the implementation. In order for
the excitation to more resemble a strike of a hammer than a pluck, the contents
of the cosine in (26) will be multiplied by 2 for the excitation to have a less
abrupt ending, something desired for a hammered interaction. Moreover, the
excitation-length can be changed to simulate short and long hammer-times.
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The Sensels are placed vertically next to each other (see Figure 5). The
pair with the lowest frequency will then be located in the bottom right and
the highest in the top left, as in the real instrument. As with the plucked
strings of the bowed sitar, the LED array is used to visualise the way that the
Sensel is subdivided, which is especially useful here as one Sensel controls 10
string-pairs.

The mass ratio is set relatively high (M = 100) to amplify the non-linear
interaction between the strings and the detuning of the strings connected to
the plate.

Fig. 7: The hammered dulcimer application.

5.3.3 Hurdy Gurdy

The hurdy gurdy is an instrument that consists of bowed and sympathetic
strings. The bowing happens through a rosined wheel attached to a crank and
bows these strings as the crank is turned. It is possible to change the pitch of a
few bowed strings - the melody strings - using buttons that press tangent pins
on the strings at different positions. The other strings, referred to as drone
strings, are mostly tuned lower than the melody strings and provide the bass
frequencies of the instrument. The musician can place the bowed strings on
rests that keep the wheel from interacting with it.

Our implementation consists of 5 bowed strings subdivided into 2 drone
strings tuned to A2, E3 and 3 melody strings tuned to A3, E4 and A4 and 13
sympathetic strings tuned the same way as the sympathetic strings in bowed
sitar. Furthermore, the mass ratios have been set the same as in the bowed
sitar application. See Figure 8 for a visual of the implementation.

The Sensel is vertically subdivided into 5 rows that control whether the
strings are placed on the wheel. The bowing velocity is mapped to the average
pressure of the fingers. The fundamental frequency (in the model v/2) of the
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melody-strings is changed by a Sensel with a piano-overlay acting as a midi
controller. A demonstration of this instrument can be found in [22]. It is
interesting to note here that the sympathetic strings that are in tune with the
harmonics of the bowed strings resonate most, which is expected to happen in
the real world as well.

Fig. 8: The hurdy gurdy application.

6 Results and Discussion

Table 1 shows the CPU usage (on the same MacBook Pro 2.2 GHzi7 as described
before) for the three instruments presented in the previous section. As the
Sensel thread contributes a negligible amount to the CPU usage, this is not
shown in the table.

Application | No Sound | No Graphics | Total
Bowed Sitar 32 63 85
Dulcimer 30 66 85
Hurdy Gurdy 28 58 78

Table 1: CPU usage (in %) for the instruments found in Section 5. Values show usage of one
(virtual) thread and have been taken as an average (with a margin of ~5%) over a short period of
time. The two middle columns show usage when the sound or graphics thread has been turned
off.

As can be seen from the table, all instruments use about the same amount
of CPU and none of them have audible dropouts (CPU < 100%). It can be
observed that the graphics use about 20% of the CPU, indicating that there is
still much room to increase the complexity of the instrument-configurations
before dropouts will occur. On the other hand, should the instruments be used
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in parallel with other audio applications or plug-ins, the CPU usage has to be
greatly reduced. The first step towards this would be to vectorise the FDSs
using AVX instructions.

While our instruments have been not formally evaluated yet, we have per-
formed some qualitative evaluations with sound and music computing experts.
The goals of the evaluations were to explore the playability of the instrument,
sonic quality and intuitiveness of control. These evaluations showed that es-
pecially the bowing interaction feels intuitive and creates a natural sound. The
overall sound of the instruments was generally judged to be interesting, but not
“sounding like a real-life instrument". This makes sense, as we did not seek to
perfectly model each instrument, but rather used them as an inspiration for the
configurations of the physical models. The next step for sound quality would
be to replace the thin plate with a more realistic element, such as a wooden
instrument body.

7 Conclusion

In this paper, a real-time modular physical modelling synthesis environment
structured as a network of connected strings and plates has been presented.
Several instruments have been created in the context of this environment which
can be played by a pair of Sensel Morphs allowing for highly expressive control
of these instruments. Informal evaluations with professional musicians have
confirmed that the interaction is found natural and the output sound interest-
ing. Further steps to improve this project are to optimise the algorithm and to
replace the plate with a more realistic instrument body.
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Abstract

In this demonstration we present novel physical models controlled by the Sensel Morph
interface.

1 Introduction

The Sensel Morph is a highly accurate touch controller that senses position
and force of objects [1]. Figure 1 shows one player interacting with two Sensel
Morph devices to interact with the developed physical models. We use the
Sensel as an expressive interface for interacting with different physical models
described in a companion paper accepted to SMC 2019. Right above the touch-
sensitive area, the Sensel contains an array of 24 LEDs that can be controlled
from the application.

Fig. 1: Player using the Sensel Morphs to interact with one of the instruments.

Strings are shown as coloured paths (see Figure 2 for a descriptive visuali-
sation). The state of the string is visualised using the vertical displacement of
the paths. Bowed strings are shown in cyan on the top left. The bow is shown
as a yellow rectangle and moves while interacting. The fretting position is
shown as a yellow circle. Plucked strings are shown in purple in the top right,
underneath which the sympathetic strings are shown in light green. The plate
is shown in the bottom using a grid of rectangles (clamped grid points are not
shown). Its state is visualised using a grey-scale. Furthermore, connections are
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shown using orange circles/squares for the points of connection and dotted
lines between these points. Lastly, all parameters that are controlled by the
mouse such as output-level and plate-stiffness are located in a column on the
right side of the application.

2 Implemented Instruments

We subdivide string-elements into three types: bowed, plucked and sympa-
thetic strings. All strings will be connected to one plate acting as an instrument
body of which the user can control the plate-stiffness. Furthermore, the user
can change the output-level of each element type. Apart from these parame-
ters, which are controlled by the mouse, the instruments are fully controlled
by two Sensels. The instruments we have chosen as our inspiration are the
sitar, the hammered dulcimer and the hurdy gurdy.

2.1 Bowed Sitar

The sitar is originally an Indian string instrument that has both fretted strings
and sympathetic strings. Instead of plucking the fretted strings, we extended
the model to bow them. Our implementation consists of 2 bowed strings
(tuned to A3 and E4), 13 sympathetic strings (tuned according to [2]) and 5
plucked strings (tuned A3-E4 following an A-major scale) as it is also possible
to strum the sympathetic strings. Figure 2 shows the visual interface of the
implementation. One Sensel is vertically subdivided into two sections; one for
each bowed string. The first finger registered by the Sensel is mapped to a bow
and the second is mapped to a fretting finger controlling pitch. The horizontal
position of both fingers is visualised using the Sensel’s LED array. The frets
are not implemented as such (the pitch is continuous), but they are visualised
for reference.

2.2 Hammered Dulcimer

The hammered dulcimer is an instrument that can be seen as an ‘open piano’
where the musician has the hammers in their hand. Just like the piano, the
strings are grouped in pairs or triplets that are played simultaneously. The
interface for the hammered dulcimer can be seen in Figure 3. In our imple-
mentation, we have 20 pairs of plucked strings. Even though most hammered
dulcimers have more strings, we decided that this configuration has the highest
number of strings while maintaining playability. One of each pair is connected
to a plate which slightly detunes it, creating a desired ‘chorusing’ effect. Two
Sensel boards are placed vertically next to each other (see Figure 1). The pair
with the lowest frequency is located in the bottom right and the highest in the
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Fig. 2: The bowed sitar application. The descriptions of the different elements and other objects
are shown in the image, but will (naturally) not be visible in the application.

top left, as in the real instrument. As with the plucked strings of the bowed
sitar, the LED array is used to visualise the way that the Sensel is subdivided,
which is especially useful here as one Sensel controls 10 string-pairs.

The mass ratio is set relatively high (M = 100) to amplify the non-linear
interaction between the strings and the detuning of the strings connected to
the plate.

Fig. 3: The hammered dulcimer application.

2.3 Hurdy Gurdy

The hurdy gurdy is an instrument that consists of bowed and sympathetic
strings. The bowing happens through a rosined wheel attached to a crank and
bows these strings as the crank is turned. It is possible to change the pitch of a
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few bowed strings - the melody strings - using buttons that press tangent pins
on the strings at different positions. The other strings, referred to as drone
strings, are mostly tuned lower than the melody strings and provide the bass
frequencies of the instrument. The musician can place the bowed strings on
rests that keep the wheel from interacting with it. The visual interface can be
seen in Figure 4. Our implementation consists of 5 bowed strings subdivided
into 2 drone strings tuned to A2, E3 and 3 melody strings tuned to A3, E4 and
A4 and 13 sympathetic strings tuned the same way as the sympathetic strings
in bowed sitar. Furthermore, the mass ratios have been set the same as in the
bowed sitar application.

The Sensel is vertically subdivided into 5 rows that control whether the
strings are placed on the wheel.

Fig. 4: The hurdy gurdy application.
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Abstract

The simulation of a bowed string is challenging due to the strongly non-linear rela-
tionship between the bow and the string. This relationship can be described through
a model of friction. Several friction models in the literature have been proposed, from
simple velocity dependent to more accurate ones. Similarly, a highly accurate technique
to simulate a stiff string is the use of finite-difference time-domain (FDTD) methods.
As these models are generally computationally heavy, implementation in real-time is
challenging. This paper presents a real-time implementation of the combination of
a complex friction model, namely the elasto-plastic friction model, and a stiff string
simulated using FDTD methods. We show that it is possible to keep the CPU usage
of a single bowed string below 6 percent. For real-time control of the bowed string, the
Sensel Morph is used.

1 Introduction

In physical modelling sound synthesis applications, the simulation of a bowed
string is a challenging endeavour. This is mainly due to the strongly non-linear
relationship between the bow and the string, through a model of friction. Such
friction models can be categorised as static or dynamic; models of the latter
type have only recently seen a major effort. As opposed to static friction
models, where friction depends only on the relative velocity of the two bodies
in contact, dynamic models describe the friction force through a differential
equation.

A recently popular dynamic model is the elasto-plastic model, first pro-
posed in [1]. The model assumes that the friction between the two objects in
contact is caused by a large ensemble of bristles, each of which contributes
to the total friction force. The average bristle deflection is used as an extra
independent variable for calculating the friction force. As shown in [2], the
elasto-plastic model can be applied to a bowed string simulation and it exhibits
a hysteresis loop in the force versus velocity plane due to this multivariable
dependency. This is consistent with measurements performed using a bowing
machine in [3]. The elasto-plastic model has been thoroughly investigated in
a musical context by Serafin et al. in [2, 4, 5].

Regarding bowed string simulations, the first musical non-linear systems,
including bowed strings, were presented by McIntyre, et al. in [6]. Smith
published the first real-time implementation of the bowed string using a digital
waveguide (DW) for the string and a look-up table for the friction model in [7].
Simultaneously, Florens, et al. published a real-time implementation using
mass-spring systems for the string and a static friction model for the bow in
[8].

The dynamics of musical instruments are generally described by systems
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of partial differential equations (PDEs). Specialised synthesis methods such as
DWs [9] and modal synthesis [10] are derived from particular solutions. Main-
stream time-stepping methods such as finite-difference time-domain (FDTD)
methods were first proposed in [11, 12, 13], and developed subsequently
[14, 15]. In [16] the authors adapted the thermal model proposed by Wood-
house in [3] for real-time applications using a DW for the string implementation
and a combination of the DW and FDTD methods for the bowing interaction.
In [17, 18], Desvages used FDTD methods for the implementation of the string
in two polarizations and a static double exponential friction model introduced
in [19]. This was, however, not implemented in real-time. To the best of the
authors” knowledge, the only known real-time implementation of any bow
model applied to complete FDTD strings was presented in [20] where the soft
exponential friction function presented in [14] was used. The current work can
be considered an extension of this work.

We are interested in bridging the gap between highly accurate physical
models and efficient implementations so that these models can be played in
real-time. In this work, we present an implementation of the elasto-plastic
friction model in conjunction with a finite-difference implementation of the
damped stiff string. Furthermore, we show that it is possible to play the string
in real-time using the Sensel Morph controller [21].

This paper is structured as follows. In Section 2, the elasto-plastic bow
model in conjunction with a PDE model for a stiff string is described. Discreti-
sation is covered in Section 3, and implementation details appear in Section 4.
In Section 5, simulated results are presented and discussed. Some concluding
remarks appear in Section 6.

2 Elasto-Plastic Bow Model

Consider a linear model of transverse string vibration in a single polarization,
where u(x,t) represents string displacement as a function of time ¢ > 0, in
s, and coordinate € [0, L] (in m) for some string length L (in m). Using
the subscripts ¢t and « to denote differentiation with respect to time and space
respectively, a partial differential equation describing the dynamics of the
damped stiff string is [14]

2 2
Upp = C Uy — K Uggpra — 200Up + 201 Uggy- (1)

Here, ¢ = /T /pA is the wave speed (in m/s) with tension 7" (in N), material
density p (in kg'm ™) and cross-sectional area A (in m?). Furthermore, =
/EI/pA is the stiffness coefficient (in m?/s) with Young’s Modulus E (in Pa)
and area moment of inertia I (in m*). For a string of circular cross section we
have radius r (in m), cross-sectional area A = 712 and area moment of inertia
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I =nrt/4. Lastly, 09 > 0(ins™')and o7 > 0 (in m?/s) are coefficients allowing
for frequency-independent and frequency-dependent damping respectively.

In our implementation we assume simply supported boundary conditions,
which are defined as

U=1Uz, =0 where z=0,L. (2)

UB
_

bow

a) M z=0

string

b) M 0 < [2] < 2ba
12

Q) Zba < |2] < |zss|

d) %/ 2| > |zss]

Fig. 1: Microscopic displacements of the bristles between the bow and the string. The bow moves right with
a velocity of vg. a) The initial state is where the average bristle displacement z = 0. b) The bow has moved
right relative to the string. The purely elastic, or presliding regime is entered (stick). c) After the break-away
displacement zy,, more and more bristles start to ‘break’. This is defined as the elasto-plastic regime. d)
After all bristles have ‘broken’, the steady state (slip) is reached and the purely plastic regime is entered.

As mentioned in the introduction, the elasto-plastic bow model assumes
that the friction between the bow and the string is due to a large ensemble of
bristles, each of which contributes to the total friction force. See Figure 1 for a
graphical representation of this. The bristles are assumed to be damped stiff
springs and can ‘break” after a given break-away displacement threshold. An
extra term can be added to (1) to include the bowing interaction

upg = ... — 0(x — ) f(v, 2)/pA. 3)

Here, the spatial Dirac delta function 6 (z—zg) (inm ™) allows for the pointwise
application of the force f (in N) at externally supplied bowing position zp(t)
(in m).

In the following we will use the definitions found in [1]. The force f is
defined in terms of the relative velocity v (in m/s) and average bristle displace-
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ment z (in m) (see Figure 1) as
f(v,2) = oz + 812 + $2v + S3w, 4)

where
v = u(xB) — U, @)

where vg(t) is an externally supplied bow velocity, sy is the bristle stiffness (in
N/m), s is the damping coefficient (in kg/s), s2 is the viscous friction (in kg/s)
and s3 is a dimensionless noise coefficient multiplied onto pseudorandom
function w(t) (in N) as done in [4] and adds noise to the friction force. Here, 2
indicates a time derivative of z, and is related to v through

. z
Z=r(v,z)=v [1 — af(v, z)ZSS(U)} , (6)
where z; is the steady-state function
sgn(v (v /ve)?
) = B [t (s — gyl @)

with Stribeck velocity vs (in m/s), Coulomb force fc = fnpuc and stiction force
fs = fups (both in N). Here pc and pg are the dynamic and static friction
coefficient respectively and fn(t) is the normal force (in N) which is, like vg(t),
externally supplied. See Figure 2 for a plot of (7).

%107 Steady-state function

T T T T T

2.— -

1.—

—
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1 1 1 1 1 1 1 1 1

-05 -04 -03 -02 -01 0 0.1 0.2 0.3 0.4 0.
v

Fig. 2: A plot of the steady-state function zss(v) with a force of 5 N.

Furthermore, the adhesion map between the bow and the string is defined

as
0 |2] < 2pba
am(v,2)  2pa < |2] < |2es(V)] if sgn(v) = sgn(z)
a2 =11 2] > |z (o) ®
0 if sgn(v) # sgn(z),
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where the transition between the elastic and plastic behaviour is defined as

2 — sgn(2)3 (|2 ()| + Zba>)] ,

1 :
Qm = = [1 + sgn(z) sin (7r

> ©)

|25s (V)] — 2ba
with break-away displacement zp,, i.e., where the bristles start to break (see
Figure 1 c)). A plot of the adhesion map can be found in Figure 3.

One of the difficulties in working with this model is that, due to the many
approximations, the notion of an energy balance, relating the rate of stored
energy in the system to power input and loss is not readily available. Such
energy methods are used frequently in the context of physical modeling syn-
thesis and virtual analog modeling as a means of arriving at numerical stability
conditions for strongly nonlinear systems, as is the present case. See, e.g., [14].
This means that we do not have a means of ensuring numerical stability in the
algorithm development that follows. This does not mean, however, that an
energy balance is not available.

Plot for a(v, z) if sgn(v) == sgn(z)

0.8

0.6

a(v,z)

0.4

0.2

~Zss (U) =Zba 2 Zba Zss (’U)

Fig. 3: A plot of the adhesion map o(v, z) plotted against z when the signs of v and z are the same. The
different regions of the map are shown with the coloured areas and correspond to Figure 1 according to:
yellow - a) & b), orange - c) and red - d).

3 Discretisation

Finite-difference schemes for the stiff string in isolation are covered by various
authors [13, 14].

Equation (1) can be discretised at times ¢t = nk, with sample n € N and
time-step k = 1/fs (in s) with sample-rate f; (in Hz) and locations = = [h,

!t is interesting to note is that in the literature on this topic such as [1, 2, 4, 5], a few inaccuracies
can be found in the definition of a(v, z): 1) all uses of zs in (8) and (9) lack the absolute value
operator, 2) the multiplications with sgn(z) in (9) are excluded, 3) (v, z) is undefined for |z| = 2,
and |z| = |zss(v)| (correct in the original paper by Dupont et al. [1]). It can be shown that only
with the definitions presented here, is it possible to obtain the curve shown in Figure 3.
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where grid spacing h (in m) needs to abide the following condition [14]

(10)

c2k? + dork + \/(2k? + 4o1k)? + 16K2k2
h > hmin = D)

and grid points [ € [0, ..., N], where N = floor(L/h) and N + 1 is the total
number of grid points. It is important to note that the closer & is to hmin, the
more accurate the scheme will be. Approximations for the derivatives found
in (1) are described in the following way [14]:

1 _
U X dpup = ﬁ(u}”l — ' 1), (11a)
1 _
Ut & Oppuy = = (u?"'l = 2uy" + ) 1), (11b)
n 1 n n n
Ugy R Ogzll] = ﬁ(ulﬂ —2u + ul—l)a (11¢)

1
Uty = Op—_Opgptl] = s (uﬁ_l —2u' +up g — ul"_[ll + 2ul"_1 — uzl__ll), (11d)

n 1 n n n n n
Ugzars ~ 6’1"1"1"£ul = ﬁ(UH_Q - 4Ul+1 + GUZ - 4UZ_1 + U[_Q), (116)
with grid function v}’ denoting a discretised version of u(x,t) at the nth time
step and the /th point on the string. Note that in (11d), the backwards time dif-
ference operator is used to keep (12) explicit and thus computationally cheaper

to update. Using the approximations shown in (11), (3) can be discretised to

n 2 n 2 n n
Opu]’ = C“Opq]’ — K 0ppaatl] — 2000 U]

(12)
+ 2010 0zpul — J(zg) f (0", 2")/pA,
where the relative velocity described in (5) can be discretised as
" = I(ag)or.ul — vg. (13)

Here, I(z}) and J(x}) are weighting functions where the former interpolates
the string displacement and velocity and the latter distributes the bowing term
around time-varying bowing position xy (see Figure 4 and [14] for more details
on this). Furthermore,

F"™,2") = s02" 4 817" + s90™ + s3w" (14)

is the discrete counterpart of (4) where

ZTL

n: n n — n 1_ n n
r*=r" ") =v a(v", z )ZSS(U")

(15)
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is the discrete counterpart of (6).

e O --- 0 - X0---0----

Ulg—1 Ul Ulg4+1 Ulg+2

Fig. 4: Cubic interpolation at bowing point xg. The interpolator I retrieves the values of four grid points
which are then used in the Newton-Raphson (NR) solver. This outputs the force function f(v, z) that the
spreading function J in turn distributes over the same four grid points. This process happens every single
sample.

At the bowing point we need to iteratively solve for two unknown variables:
the relative velocity between the bow and the string v™ and the mean bristle
displacement 2" of the bow at sample n. We can solve (12) at 2} using (13) and
identity [14]

2
5“’11,? = E((;tuf - é}_ul”) (16)
resulting in
n n n n 2 n n
I(ag)J(xg) f(v", 2 )/pA+(E+2ao)v +b" =0, (17)
where
n 2 n 2 n n 2 n n 2 n n
b = E’UB — %I(xB)ét,ul — c“I(ag)0gzul’ + K71 (28)0prant] (18)

+ 200vg — 2011 (2g)0t—0ppuy

and can be pre-computed as its terms are not dependent on v™ or z". Recalling
(4), this can be rewritten to

S02"™ + s17" + 9™ + szw” 2
+ (k

I(z2)J (z2) ( o Zy 200>v" FHh =0, (19)

To obtain the values of v" and 2", multivariate Newton-Raphson (NR) is

332



used. If (19) is defined to be g1 = g1 (v", 2™) and
ga(v™, 2" =r" —a" =0, (20)

with
a™ = ()"t 2" (21)

(where the operators applied to 2™ denote the trapezoid rule [14]) we obtain
the following iteration

n n g1 g1 -1
n n 2 J
SRV I RO B i~ R
where 1 is the iteration number capped by 50 iterations, and the convergence
threshold is set to 1077.

4 Implementation

In this section, we will elaborate on the implementation; the parameters used
and the system architecture. The real-time implementation of the discrete-
time model shown in the previous section has been done using C++ together
with the JUCE framework [22]. The application is shown in Figure 5. The
parameters we used can be found in Table 1, most of which are based on
implementations by Serafin in [4]. These parameters will be static, i.e., are
not user-controlled (except for zp, and s which rely on fy). A demonstrative
video can be found in [23]. We use the passivity condition proposed by

Fig. 5: The elasto-plastic bowed string application. The bow is shown as a yellow rectangle, moves on
interaction and its opacity depends on the finger force. The state u™ is visualised using the cyan curve

and stopping-finger position is shown as a yellow circle. The grey lines show the ‘frets” corresponding to
semi-tones as a visual reference for the stopping position and do not influence the model.

[24] for our choices of different parameter-values. As this condition applies to
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Table 1: Parameter values. Values for the fundamental frequency fo can be found in Section 5.

Parameter Symb. (unit) Value (notes)
Material Density p (kgm=3) 7850
Radius r (m) 5-10~%
String length L (m) 1
Wave speed c (m/s) 2fo/L
Young’s modulus E (Pa) 2101
Freq. indep. damping oo (s71) 1
Freq. dep. damping o1 (m?/s) 5-1073
Coulomb friction pe (5) 0.3 (< pg)
Static friction us (-) 0.8 (> ue)
Normal force n (N) 10
Bow velocity vp (m/s) 0.1
Bow position xp (m) 0.25
Stribeck velocity vg (m/s) 0.1
Bristle stiffness 5o (N/m) 104
Bristle damping s1 (kg/s) 0.001,/s0
Viscous friction s2 (kg/s) 0.4
Noise coefficient s3 (-) 0.02 fn
Pseudorandom func. w (N) -l<w<1
Break-away disp. Zpa (M) 0.7fc/s0 (< fc/so)
Sample rate fs Hz) 44,100
Time step k (s) 1/fs

the LuGre model first proposed in [25, 26] from which the elasto-plastic model
evolved, further investigation is required to conclude whether these conditions
are identical for the elasto-plastic model.

4.1 Sensel Morph

As mentioned in Section 1, the Sensel Morph (or Sensel for short) is used as
an interface to control the bowed string (see Figure 6). The Sensel is a highly
sensitive touch controller containing ca. 20,000 pressure sensitive sensors that
allow for expressive control of the implementation [21].

4.2 Interaction

The first finger the Sensel registers is linked to the following parameters: the
normal force of the bow fi (finger pressure), the bowing velocity vg (vertical
finger velocity) and bowing position zg (horizontal finger position). The pa-
rameters are limited by the following conditions: 0 < fy <10, —0.3 <wvg < 0.3
and 0 < 2 < L. The second finger acts as a stopping finger on the string. As
done in [20], for a string stopped at location ¢ € [0, L] and I = floor(z¢/h) we
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Fig. 6: The Sensel Morph: an expressive touch sensitive controller used for controlling the real-time
elasto-plastic bowed string implementation.

use
0, l=l—-1Vvi=I
w' =<1 —-af)u}, l=1k+1 (23)
uy, otherwise

where a5 = x¢/h — s and € = 7 is a heuristic value that has been found to most
linearly alter pitch between grid points.

4.3 System Architecture

Implementation of the scheme shown in (12) starts by expanding the operators
shown in (11) and solving for the state at the next sample u"™! where u is a
vector containing the values for all grid points / € [0, ..., N].

An overview of the system architecture can be found in Figure 7. The three
main components of the application are the Sensel controlling the application,
the violin string class that performs the simulation and the main application
class that moderates between these and the auditory and visual outputs. The
black arrows indicate instructions that one of these components can give to
another and the hollow arrows indicate data flows. Moreover, the arrows are
accompanied by coloured boxes, depicting what thread the instruction or data
flow is associated with and at what rate this runs.

The graphics thread has the lowest priority, is denoted by the green boxes
and runs at 15 Hz. The redraw instruction merely retrieves the current string
state u™ and bow and finger position and visualises this as shown in Figure 5.

335



Sensel ‘))) _
150 Hz AN AN

check state audio graphics
| X7
s
Main
Application
N

T

44,100 Hz update output redraw u” 15 Hz

v

parameters

Violin string

[ NR f(o,n) FDS

\ J

Fig. 7: The system architecture. See Section 4.3 for a thorough explanation.

The thread checking and receiving data from the Sensel runs at 150 Hz
and is denoted by the blue boxes. The parameters that the user interacts with
(bowing force, velocity and position) are also updated at this rate.

The highest priority thread is the audio thread denoted by the orange boxes
and runs at 44,100 Hz. The violin string class gets updated at this rate and
performs operations in the order shown in Algorithm 1.

5 Results and Discussion

Figure 8 shows the output waveforms for a string with fo = 440 Hz at different
points along the string. The bowing parameters are fy =5Nand vg =0.1m/s.
The figure shows the traditional Helmholtz motion, which is the characteristic
motion of a bowed string.

To test whether the implementation exhibits a hysteresis loop, the force vs.
relative velocity plane was visualised. In Figure 9, this plot can be found for
which the same parameters have been used. The figure shows values for 500
samples around ¢ = 0.5f;. As can be seen from the figure, the hysteresis loop
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for t = 1:lengthSound do
calculate computable part 0™ (Eq. (18))

e=1
i=0
while e < tol Ni <50 A fc > 0do
calculate..
L zs(v(;) (Eq. (7) in discrete-time)
2. a(vfyy, 2(3) (Eq. (8) in discrete-time)
3. r(va),za)) (Eq. (15))
4. g1, g2 (Egs. (19) and (20))
5.-9. Compute derivatives of 1.—4. in the same order.
10. Perform vector NR to obtain vf; ;) and zf;  ;,

11. Calculate e: € = ‘

”Zm] _ [%1
i+ L2
12. Increment: 1 =i+ 1

end

Repeat 1.-3. using the values for v™ and 2" from the NR iteration.

Calculate f(v™, z™) (Eq. (14))
Calculate u™*? (Eq. (12) expanded)
a1 = un
u" =u"t!
end

Algorithm 1: Pseudocode showing the order of calculations.

is achieved and is similar to the one observed in [19]. The group of values
around v = 0 are due to the sticking behaviour, and the others (the loop on the
left) to the slipping behaviour.

For testing the speed of the algorithm, a MacBook Pro with a 2.2 GHz
Intel Core i7 processor was used. The algorithm was tested using different
frequencies according to the violin tuning of empty strings: fo = 196.0 (G3),
293.66 (D4), 440.0 (A4) and 659.26 (E5) Hz corresponding to N = 95, 71, 49,
and 33 grid points respectively. The results can be seen in Table 2. When the
total number of strings is smaller than 4, always the lowest frequency strings
are used.

From Table 2 it can be observed that for one string, the CPU usage is < 6%
with the graphics thread disabled. This is a great result, given the fact that
both the bow and the string model are computationally complex. Empirical
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%10 Output position = 2/3 N

%10 Output position = bowing position (1/4 N)
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Fig. 8: Output waveforms of the simulation at different positions along the string where N denotes the
number of points of the string (fo = 440 Hz, fy = 5 N and vg = 0.1 m/s).

Force function f(v, z) against relative velocity
T T T T T

-1.7

f(v,2)

-1.9

Fig. 9: Hysteresis loop showing 500 values. The values around v = 0 are due to sticking behaviour and the
loop on the left is due to slipping behaviour.

investigation shows that the NR algorithm converges after ca. 3-4 iterations
and the capping of 50 iterations never has to be used. A single string (but
also more) could thus safely be used as an audio plugin in parallel to others
without the user having to worry about auditory dropouts.

6 Conclusions

In this paper, we presented a real-time implementation of an elasto-plastic
friction model with applications to a bow exciting a string, discretised using a
finite-difference approach.

With a single string we are able to keep the CPU usage down to < 6%
making for an efficient implementation that could be used in parallel with
other virtual instruments or plugins.

Future work includes parameter design and including an instrument body
for more realistic sounding results, as well as listening tests to verify the per-
ceivable differences between simpler friction models versus the elasto-plastic
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Table 2: CPU usage for different amounts of strings. The values are averages over a 10 s period both for the
enabled and disabled graphics thread. All strings are bowed simultaneously (polyphonically).

Amount of strings | Graphics (%) | No graphics (%)
1 44.8 5.95
2 47.7 9.54
3 52.8 12.1
4 60.9 17.9

model.
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Abstract

The tromba marina is a medieval bowed monochord instrument. The string of the
instrument rests on a rattling bridge that, due to the collision with the body, creates
a trumpet-like sound. This paper presents a real-time implementation of a physical
model of the tromba marina. The goal of the simulation is to make the instrument
accessible to a larger audience. The physical model is implemented using finite-
difference time-domain (FDTD) methods and non-iterative collision methods. A real-
time implementation of the instrument is also presented. The simulation exhibits
brass-like qualities and sounds similar to a real tromba marina, but requires further
testing to validate the realism.

1 Introduction

The tromba marina (see Figure 1) is a medieval bowed monochord instrument
with a long quasi-trapezoidal body and a uniquely fashioned bridge (often
called a shoe, because of its shape — see Figure 2). The name of the instrument
derives from the fact that tromba means trumpet in Italian. A peculiarity of the
instrument is that a foot of the bridge is free to rattle against the soundboard
in sympathy with the vibrating string. This unusual bridge creates a trumpet-
like sound. The frequency produced by the instrument is varied by placing
the side of the knuckle of the non-dominant hand, lightly, at specific nodal
points on the string, in order to select various harmonics of the open string.
The dominant hand controls the bow, which is drawn across the string above
the non-dominant hand [1].

In this paper, we present a real-time implementation of a physical model of
the tromba marina. One of the ultimate goals is the emulation of an instrument
that, due to its rarity, is not accessible to a large audience.

Physical modelling for sound synthesis has a long history. Various tech-
niques have been developed to simulate real-world instruments, including
mass-spring systems [2], digital waveguides [3] and modal synthesis [4].
Finite-difference time-domain (FDTD) methods were first used for sound syn-
thesis by Hiller and Ruiz in [5, 6, 7], later by Chaigne et al. in [8, 9] and
elaborated upon by Bilbao and colleagues in [10, 11]. Compared with other
techniques, FDTD methods are more computationally expensive, but easily
generalisable and flexible—no assumptions of linearity of travelling wave so-
lutions are employed. Our goal is to implement these techniques in real time
and thereby make the simulations playable for the users. For this purpose,
we use the expressive Sensel Morph controller [12]. Other work in real-time
control of FDTD methods using this controller includes [13].

The emulation of nonlinear collision interactions in musical instruments
normally requires the use of iterative solvers (such as the Newton-Raphson

344



Fig. 1: The tromba marina from the Danish Music Museum in Copenhagen.

Fig. 2: The bridge of the tromba marina from the Danish Music Museum in Copenhagen. The
right side is pressed against the body by the string while the left side is free and can rattle against
the body.
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algorithm) [14]. For the nonlinear collisions present in the instrument, a
method recently proposed in the field of audio by Lopes and Falaize in [15, 16,
17] and later by Ducceschi and Bilbao in [18] allows such iterative methods to
be sidestepped. It is thus suited to creating a real-time implementation of the
tromba marina.

This paper is structured as follows: Section 2 presents the models used
and Section 3 shows the discretisation of these. Section 4 provides informa-
tion about implementation, parameter choices, the graphical user interface
and control and mapping. Section 5 shows the results and discusses these.
Concluding remarks and future work are presented in Section 6.

2 Models

The tromba marina can be subdivided into three main components: the string,
the bridge and the body. In this section, the partial differential equations
(PDEs) of the different components in isolation, under zero-input conditions,
will be of the form

Lqg=0. 1)

Here, ¢ = q(x,t) represents the state of the component at time ¢ and spatial
coordinate & € D, where the dimensions of domain D depend on the com-
ponent at hand. Furthermore, £ is a partial differential operator. (Subscripts

s’,‘'m’” and ‘p’ used subsequently indicate that (1) applies to the string, bridge
(mass) or body (plate), respectively.)

2.1 Bowed Stiff String

Consider a damped stiff string of length L (m), with domain D = D, = [0, L]
and state variable ¢ = u(x,t). With reference to (1), we define the operator
L = Lsas[10]

Ly = psAD} — TO? + B0 + 2p,Aco 50, — 2psAcy 50,02 @)

Here, 0, and 0, indicate partial differentiation with respect to ¢ and x. The
various parameters appear as: material density ps (kg:m~?), cross-sectional
area A = 7r? (m?), radius r (m), tension T = (2fysL)?psA (N),! fundamental
frequency fos (s7'), Young’s modulus Fs (Pa), area moment of inertia I =
7rt /4 (m*), and loss coefficients o s (s7!) and o7 s (m?/s). We set the boundary

1Even though this definition for T" from the fundamental frequency fo s is only valid for a
simply supported string without stiffness, the effect of the stiffness eventually chosen for fo s is
negligible.
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conditions to be simply supported so that
uz@iu:o for x=0,L. 3)
As the string is excited using a bow, Equation (1) may be augmented as [10]

Lsu = _6(X - Xb)Fb(I)('Urel)7 (4)

with externally supplied downward bow force F,, = Fy,(t) (N), spatial Dirac
delta function §(x — xp) (m) selecting the bow position x, = xb(t) € Ds (m)
and dimensionless friction characteristic

D(vpe) = V 2avrele_a”r2€'+1/2, (5)

with free parameter a. The relative velocity between the string at bow location
xp and the externally supplied bow velocity v, = v,(t) (m/s) is defined as

Urel = atu(Xba t) — Up. (6)

2.2 Bridge

Thebridge is modelled as a simple mass-spring-damper system. As this system
is point-like, or zero-dimensional, the state variable ¢ = w(t) and the definition
of domain D is unnecessary. The operator £ = Ly, is defined as

d? 9 d

with mass M (kg), linear angular frequency of oscillation wy = 27 fo.m, (s7),
fundamental frequency fom (s7') and damping coefficient R (s 1).

2.3 Body

The body is simplified to a two-dimensional plate with side-lengths L, and
Ly, domain D = D, = [0, L,] x [0, L, and state variable ¢ = z(x,y,t). Using
the 2D Laplacian

A292+0;, 8)

the operator £ = L, can be defined as [10]
L, = ppHBt2 + DAA +2ppHoo p0r — 2pp Hoy p0: A, 9)

with material density p, (kg-m~3), plate thickness H (m), stiffness coefficient
D = E,H?/12(1—1?), Young’s modulus E, (Pa), dimensionless Poisson’s ratio
v, and loss coefficients oo p (s™!) and o1 p (m?/s). The boundary conditions of
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the plate are set to be clamped so that
z=n-Vz=0. (10)

where Vz is the gradient of z, and where n indicates a normal to the plate area
at the boundary.

2.4 Collisions

It can be argued that the greatest contributor to the characteristic sound of the
tromba marina is the rattling bridge colliding with the body. A diagram of the
bridge with important parts highlighted can be found in Figure 3. A collision
can be modelled by including a term to the PDEs mentioned above describing
the potential energy of the system (further referred to as the potential) [18]. For
the bridge-body (mass-plate) interaction this potential is defined as follows

Kmp amp+1
Gmp (Nmp) = m[nmph o (11)

KmP >0, Qmp =1, Thnp = Z(Z‘mp, ymp’t) o ’LU(t)

where Ko, is the collision stiffness (N/m if amp = 1), amp is the dimensionless
nonlinear collision coefficient, and 7mp = 7mp(t) is the distance between the
rattling part of the bridge and the body at the point of collision (m). Further-
more, [Nmp|+ = 0.5(9mp + |1mp|) is the positive part of 7yp. Note that penalty
methods are employed here, where a positive 7mp, i.e., interpenetration of the
colliding objects, is intended [19]. The term which can then be included in
the PDEs is qb;np = d¢mp/dNmp. As described in [15, 16, 17, 18], using this
form of the potential requires using iterative methods for solving its discrete

—9)

<~ a) b) —
body

Fig. 3: Diagram of the bridge while rattling (view from top of the tromba marina). Indicated are:
a) the pivoting point always in contact with the body, b) the rattling point colliding with the body
(currently not colliding), and c) the string cavity straight above the middle of the pivoting point.
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counterpart. In [18], the authors propose to rewrite the potential to

b =/20, (12)
and the term included in the PDEs to

df'(/) chain rule w % ’ (13)
dn n

¢ =Py =9
where the dot above ¢ and ¢ denotes a single time derivative. Equation (13), as
can be seen in Section 3, leads to guaranteed stable and explicitly computable
simulation algorithms without the need for iterative solvers.

As the string rests on the bridge, the interaction between these components
needs to be modelled as well. Even though the bridge-body interaction is
perpendicular to the string-bridge interaction, we can model them as being
parallel, assuming that a “horizontal" movement of the string causes a “ver-
tical" movement of the rattling part of the bridge. We can use an alternative
version of the potential in Equation (11) described in [20] to make the collision
two-sided acting as a connection:

Ksm
Osm + 1

¢sm(775m) = |775m‘asm+17 (14)

Kin >0, asm>1, 7m £ w(t) - U(Xsmat)

where 7gm = 7sm(t) is the distance between the string at the location of the
bridge and the bridge itself.

2.5 Complete System

A complete system for the tromba marina may be written, in continuous-time
as:

Lu = —=06(x — Xb) FpP(vre1) (15a)
+ 6(X — Xsm)Vsm¥em

Low = _7/Jsmwém + "/}mpw;npv (15b)

‘sz = —6(x — Tmp, Y — ymp)wmp%p (15¢)

Tlsm = w(t) — u(Xsm, t), (15d)

Nop = 2(Tmp, Ymp, 1) — w(t), (15e)

where xsm € Ds is the location of the bridge along the string and (2mp, Ymp) €
Dy, is the location on the body with which the bridge collides.
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3 Discretisation

System (15) is discretised using FDTD methods. These methods subdivide the
continuous system in grid points in space and samples in time. Before going
into the discretisation of the models, and collision and connection terms in the
system described in (15), some finite difference operators are introduced.

3.1 Operators
The identity and temporal shift operators are defined as

It =0, e ="t eyt ="l (16)
Using these, the operators for the forward, backward and centered time dif-
ferences can be defined as

[ 1 5t _ 1— [ 5t _ €ty — €Ep— (17)

O =% k o%h

and are all approximations to a first-order time derivative. Furthermore, for-
wards and backwards averaging operators are defined as

_€t++1 1—|—€t_

Hi+ = 5 Hi— = 5 (18)

and can be used to describe interleaved grid points n 4+ 1/2 and n — 1/2
respectively.

3.2 Discrete Models

To approximate the state of a system in isolation we use

q(z,t) = qf, (19)

where grid function ¢} is a discrete approximation to ¢(x,t) at ¢ = nk with
time step k (s), time index n > 0 and grid location ! that depends on domain
D of the system at hand. In the case of the string, we use x = lhs with grid
spacing hs (m), I =1 € [0,..., N] and total number of grid points N = L/hs to
yield u(x,t) = uj.

In the case of the body, we use » = [h, and y = mh,, to get z(x,y,t)
2(1,my Where I = (I, m) with 1 € [0,..., N;] and m € [0,..., N,]. Here, N, =
L,/hy and N, = L, /h, are the horizontal and vertical number of grid points
respectively with grid spacing h, (m).

The discretisation of and expansion of operator £ ~ ¢ in the case of stiff
strings, mass-spring systems and plates using FDTD methods are well covered

Q
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in the literature [10] and will not be described in detail in this paper. To obtain
the highest accuracy possible while keeping the system explicit (except for
the bow), centered differences — which are second-order accurate — have been
chosen where possible.

For stability, grid spacings hs and h;, should satisfy the conditions below.
In the case of the damped stiff string,

(20)

. ¢ k2 4+ dor gk + /(@RE T doroR)? T 16R2E2
S 2 )

with wave speed ¢ = /T/ps A and stiffness coefficient ks = \/EsI/psA and in

the case of the plate,
hy > 2\/k (0175 + /K2 + ais) , 1)

with stiffness coefficient x, = /D /p,H. The closer the grid spacings are to
these conditions, the higher the accuracy of the approximation.

In order to discretise the Dirac delta functions found in system (15) we
introduce a spreading operator J(x.) that applies a force to coordinate x.,
which, in the simplest case, is defined as [10]

J(e) = { 77, U =1.=round(z./h) 22)

0, otherwise

Here, d is the number of dimensions of domain D that x is defined for, i.e.,
d = 0 for the bridge, d = 1 for the string, and d = 2 for the plate. For finer
control, a cubic spreading operator J3 can be introduced [10]. This is used for
the bowing term in Equation (4), which is discretised as follows

bsui” = —=J3(x0) Fy' ¢ (vre) (23)
where, using the centered difference operator from Equation (17),
Vpe = 5t.uﬁ -y, (24)

with coordinate [, = xp/hs. Equation (24) needs to be calculated using iterative
methods.
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3.3 Collisions using Non-Iterative Methods

For the discrete-time definitions of the potential in (13) we can use

n—1/2
Va2 and a2 25)
5,577"
where 9 at interleaved grid point n — 1/2 is defined as
WY = gt (26)

Note that applying a forward or backward difference operator to an interleaved
grid — such as d;¢" /2 in Equation (25) — is second-order accurate.
For a system that has a single (upward) collision we get

) 7wbn—l/Q
no_ n—1/2) St+¥Y "
taf = () (s ™) S 27)
Here, we use the identity
n—1/2 __ k n—1/2 n—1/2
"2 = Zhyn 2 28)
and define 1o
n_ Outd (29)
dg.m"
which can be rewritten to
6t+w”_1/2 — gnétnn (30)
Then, inserting (30) into (28) and this together with (29) into (27) we get
no__ ﬁ n n _ g n—1/2 n
by = J(xe) | 59"0en" =0 g (31)

where g" may be explicitly calculated using the analytic expressions for ¢» and
o [18]:

¢/
n=nn V20
Numerical stability of this scheme is shown in [18]. When writing out (32) we
can obtain definitions for g, using (14)

g" =1 (32)

n=nm

KSm(O(Sm + 1) asm—1

Gl = sg(1) o T (3)
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and Imp using (11)

Kmp(amp +1) cmp—1

op = e el T (34)
3.4 Complete Discrete System
Introducing for brevity,
n k n n n—1/2
"= 59 o™t = ) (35)

the discrete counterpart of the complete system described in (15) will be

Caup = =J3(xp) Fo®(vig) + J (Xom) & Gim (36a)
(W™ = —EGngim T SnpImps (36b)
Eng,m) = —J (Tmp, ymp)ﬁfﬁpggp, (36¢)
Nan = w" =g, (36d)
My = (i) — W (36e)

where discrete counterparts of connection and collision locations in Equations
(36d) and (36e) are described as lsm = Xsm/hs and (Imp, Mmp) = (Zmp/Pp, Ymp/ hp)-
This leaves us with two different types of update equations, one where ¢! is
calculated and one where ¢ 11/ is calculated.

One might think that due to the centered differences ¢6;.n™ still present in
Equation (35), our system remains implicit, but as we can insert the definitions
for Equations (36d) and (36e) evaluated at the next time index n + 1, which
are already present in fsu;', fmw" and fpzf; ), the Equations in (36) reduce to
a system of linear equations that can be solved by a single division.

4 Implementation

The real-time implementation of the system has been done in C++ using the
JUCE framework [21] and will be controlled using the Sensel Morph (or simply
Sensel) — an expressive touch controller. A demo of the application can be
found in [22]. This section will first elaborate some important considerations
regarding the setup of the system. Then, the algorithm together with the
parameter design will be presented. Finally, the graphical user interface (GUI)
will be detailed together with the Sensel and its mapping to the application.
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4.1 Introducing an Offset

Firstly, for more realistic and expressive sounds, we model the bridge — and
with that, the string — to rest slightly above the body. Expanding /,w™ in (36b)
and including the offset yields

Inw"™ = Moyw™ + ng (w"™ — wog) + M RO w™ (37)

where wo > 0 is a predefined offset between the body and the bridge. Fur-
thermore, the second-order time derivative can be defined from the definitions
in (17) as

Opp = OgaOp_ . (38)

The boundary condition of the string defined in Equation (3) will also change
depending on the bridge offset:

u = wog and 5‘>2<u =0. (39)

4.2 Pitch Control

Secondly, as briefly mentioned in Section 1, the way that different pitches
are played on the tromba marina, is to slightly rest a knuckle or finger on
nodal points along the string to induce harmonics. Thus, a damping finger is
implemented. Using the cubic interpolation operator I3 [10], Equation (36a)
can be extended to

boup = ... — J3(xe) Is(xp)oe(u] — wegr), where 0<op <1, (40)

which essentially subtracts its own state at location x¢ € [0, 0.5xsm] according
to the damping coefficient oy (kg- s~2) applied. As done in [13], the fractional
part used in the spreading operator (o; = x¢/h — floor(x¢/h)) is raised to the
7th power as it has been found to scale finger position to pitch more properly
in the context of FDTD. As the string is bowed above the damping finger (at
the other side of the rattling bridge) it is essential that the energy from the
bow reaches the rattling bridge, which is still the case for lower values of oy. A
more realistic approach that could be investigated is to model the finger as a
mass colliding with the string, rather than imposing the damping directly to
the state of the string as presented here.

A schematic plot of the full system, including the offset described in Equa-
tions (37) and (39) and the damping finger from Equation (40) can be found in
Figure 4.
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w
z
X Sm
Woff —
nmp
17 mp» ymp

Fig. 4: The virtual system in (36) including the offset in Equation (37) and the damping finger in
Equation (40), with different important coordinates highlighted. Note that nsm (Equation (36d)) is
not shown as it is close to 0 at all times.

N, 0

4.3 Other Considerations

Realistic initialisation of both 7y, and 7y is essential. In this case (at n = 0)
flom = 0 and 7\, < 0'so that no collision is present at initialisation.

After hy, is calculated in Equation (21), we check whether it is smaller than
a set value hp min = 0.01. This reduces the quality of the model, but increases
the speed, ultimately allowing for real-time implementation.

4.4 Order of Calculation

The order of calculation is shown in the pseudocode in Algorithm 1. In theory,
in order to iteratively calculate the bow force, the collision and connection
forces should be included in this. However, as the string is practically never
bowed at the bridge position xsm, these can be calculated independently.

4.5 Parameter Design

The list of parameters used in the implementation can be found in Table 1.
As the authors had a real (recreated) tromba marina (presented in [23]) at
their disposal, some parameters have been measured in accordance to the real
instrument. The others have been tuned by ear by one of the authors.

Regarding the output of the system, through informal testing it was decided
to retrieve the output from the state of the plate right at the point of collision
Zout = (lmp, Mmp) combined with the sound of the string at uout = L — Xsm
at a lower volume. It can be argued that the loudest sound comes from the
collision between the bridge and the body making it logical to select this point
as the main sound source.
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while application is running do

1. calculate schemes (¢g in Egs. (36a-c))
2. apply bow to string (Eq. (36a))

3. apply damping finger (Eq. (40))

4. calculate g2, and Iinp (Egs. (33) and (34))

5. calculate collision and connec- (Egs. (36a-c))
tion forces and add to schemes

6. Update states qg" !l =q"
qn _ qn,-i—l
,(/Jnfl/2 _ ¢n+1/2

end

Algorithm 1: Pseudocode showing the order of calculation after initialisa-
tion. Bold symbols denote the collection of states of the entire system (q)
and potentials (2).

4.6 Graphical User Interface

A screenshot of the GUI is shown in Figure 5. The GUI is divided in four
sections, three showing the states of the string, bridge and body respectively
and one control section.

Firstly, the string section shows the state of the string u as a cyan-coloured
path and the bow as a yellow rectangle with bow position x; and its opacity
depending on the bow force Fy,. Furthermore, the bridge state w™ is shown
as a green circle at location (of the bridge along the string) xsm. Finally, the
position of the damping finger x; is displayed as a yellow circle, the size of
which depends on damping coefficient o¢. The position of the finger triggers
lines showing the locations of the closest nodes along the string according to
the following equation

xgode:":““ for i=[1,....n—1], (41)

where n = round(xsm/X¢) is an integer closest to the ratio between the string
length until the bridge location and the damping finger position. These lines
are drawn to help the user place the damping finger at nodes along the string.

Secondly, the bridge section shows the displacement of the bridge w as
a green circle, the state of the body at the collision location 2 .,), both
moving vertically according to their respective displacements and finally, a
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Name \ Symbol (unit) \ Value
String

Length L (m) 1.90*
Material density ps (kgm™?) 7850
Radius r (m) 0.0005
Fundamental freq. fo ™Y 32*
Young’s modulus E; (Pa) 2.10"
Freq. indep. loss oos (s7h) 0.1
Freq. dep. loss o1s (m?/s) 0.05
Bow

Bow force Fy, (N) 0< F, <0.1
Bow velocity v, (M/s) —-0.5<1, <05
Free parameter a(-) 100
Bridge

Mass M (kg) 0.001
Fundamental freq. fom (s71) 500
Damping R(s™h) 0.05
Body

Length L (m) 1.35%
Width Ly (m) 0.18*
Material density pp (kgm™?) 50
Thickness H (m) 0.01
Young’s modulus E, (Pa) 2.10°
Poisson’s ratio v(-) 0.3
Freq. indep. loss cop (571 2
Freq. dep. loss O1p (m?/s) 0.05
Min. grid spacing hp min (M) 0.01
String-bridge connection

Stiffness coefficient Ksm (N/m) 5-10°
Nonlin. col. coeff. Qsm (<) 1
Bridge location Xsm (M) 1.65*
Bridge-body collision

Stiffness coefficient Kmp (N/m) 5-10
Nonlin. col. coeff. Omp (-) 1
Bridge location (Zmp, Ymp) (M, m) (1.08,0.135)*
Other

Offset Worr (M) 5.107°
Damp. finger coeff. ot (kg~s’2) 0<o;<1
Output loc. string Uout (M) L — Xsm
Output loc. body Zout (M, M) (Zmp, Ymp)

Table 1: List of parameter values used for the simulation. *These values have been taken from a
real (recreated) tromba marina [23].

static grey horizontal line denoting the offset wog, i.e., the resting position of
the bridge.
Thirdly, the body section shows the state of the body z as a grid of rectangles
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volume: [s[mlp

Bowed String

N

node locations

Z(msm yysm)

Fig. 5: The GUI showing the excited system with components highlighted. A more detailed
description can be found in Section 4.6.

changing (grey-scale) colour according to their displacement.

Finally, the control section contains three sliders that control the volume-
levels of the string (s), bridge (m) and body (p) respectively (for experimenta-
tion of volume ratios between the components) and a reset button to re-initialise
the system.

4.7 Sensel Morph and Mapping

The Sensel is an expressive touch controller using ~20,000 pressure-sensitive
sensors laid out in an hexagonal grid [12]. It retrieves x and y-positions and
pressure at a rate of 150 Hz from which velocities and accelerations can be
obtained.

The first finger registered by the Sensel is mapped to the bow: x-position is
mapped to bow position ¥y, y-velocity to bow velocity v, (y-position is shown
in the GUI but does not influence the model directly) and pressure to bow
force Fy,. The second finger is mapped to the damping finger: x-position is
mapped to finger location x¢ and pressure to damping coefficient oy.

5 Results and Discussion

Informal listening by the authors has confirmed that the sound has brass-like
qualities and comparison with the recreated tromba marina showed that the
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sound exhibited similar qualities. Naturally, formal listening tests need to be
conducted to verify this.

Disabling the graphics of the application, its CPU usage is 68.9% on a
MacBook Pro with a 2.2 GHz Intel i7 processor, easily allowing it to work in
real-time. As the heaviest part of the algorithm is the calculation of the body,
the minimum grid spacing hp min could be set to a higher value to decrease
the CPU usage. However, as mentioned, this will decrease the quality of the
output sound.

Through using the application, the authors found some odd behaviour,
where the bridge ‘gets stuck” behind the plate, i.e., values for ¢, would be
negative for a short period of time (one to several samples). The explicit
technique used in this work allows for this to happen (and can be proven to
still be stable in this case [18]), but it is ‘unphysical” to have a negative potential
as this implies a “pulling’ collision. As can be seen from Table 1, the nonlinear
collision coefficients asm and amp are set to 1. When increasing these values,
this behaviour would arise much more often, and even occur for a prolonged
period of time (several seconds to indefinitely). This is also the reason why the
reset button presented in Section 4.6 has been implemented. As mentioned in
[18], oversampling increases the accuracy of the explicit collision method, and
could be a solution to this issue. However, in order for the application to run
in real time, this solution can not be afforded without decreasing the quality
of the implementation, e.g. increasing hp min. Further investigation will be
necessary to solve this issue without oversampling.

Lastly, it has been found that when |2} \| £ 107°%° (but non-zero) for any
coordinate (I, m) (which happens when the body has not been collided with
for a prolonged period of time), the CPU usage increases considerably. This
could be explained by the fact that calculations with extremely small values
are handled differently by the application. This is solved by implementing a
limit to how small a value for z; ., can be. If the value of zj; is lower
than this limit, the total plate state is set to 0.

smMsm)

6 Conclusion and Future Work

In this paper, a real-time implementation of a simulation of the tromba marina
has been presented. The output sound has been found natural and brass-
like by the authors and exhibited similar qualities when compared to a real
(recreated) tromba marina.

Future work includes a comparison between the non-iterative methods
used in this paper and iterative methods (such as and Newton-Raphson) both
regarding algorithm speed and sound quality.

Lastly, for a more physical implementation of the damping finger, it would
be good to model it as another mass colliding with the string rather than
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directly imposing damping onto the string state.
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Abstract

This paper proposes a multisensory simulation of a tromba marina — a bowed string
instrument in virtual reality. The auditory feedback is generated by an accurate phys-
ical model, the haptic feedback is provided by the PHANTOM Ommni, and the visual
feedback is rendered through an Oculus Rift CV1 head-mounted display (HMD).
Moreover, a user study exploring the experience of interacting with a virtual bowed
string instrument is presented, as well as evaluating the playability of the system.
The study comprises of both qualitative (observations, think aloud and interviews) and
quantitative (survey) data collection methods. The results indicate that the implemen-
tation was successful, offering participants realistic feedback, as well as a satisfactory
multisensory experience, allowing them to use the system as a musical instrument.

1 Introduction

Fig. 1: A tromba marina owned by Nationalmuseet in Copenhagen, Denmark.

The tromba marina is a bowed monochord from medieval Europe [1] (see
Figure 1). The string rests on a loose bridge that rattles against the body.
This rattling mechanism creates a sound with brass- or trumpet-like qualities.
Unlike other bowed string instruments, different frequencies are created by
slightly damping the string with a finger of the non-bowing hand as opposed
to pressing the string fully against the neck. This interaction at different
locations along the string triggers the different harmonics of the open string.
Furthermore, the tromba marina is bowed closer to the nut, and the finger
determining the frequency is closer to the bridge (below the bow). As the
tromba marina is a rare instrument which can be merely found in museums,
very few have the opportunity to play it and discover its interesting timbral
possibilities. We wish to recreate the feeling of playing this instrument by
using physics based multisensory simulations [2].

In the context of musical applications, physics based multisensory simula-
tions have shown some interest in the sound and music computing community.
As stated in [3], the combination of haptics and audio visual content has its
own specific challenges worth investigating. Sile O'Modhrain is one of the pi-
oneers that noticed the tight connection between auditory and haptic feedback
and investigated how haptic feedback can improve the playability of virtual
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instruments [4]. At the same time, Charles Nichols developed the vBow, a hap-
tic human computer interface for bowing [5]. For several years, researchers
from ACROE in Grenoble have developed multisensory instruments based
on the mass-spring-system paradigm, with custom-made bowing interfaces
[6, 7]. Such multisensory simulations have recently been made open source
[8]. Haptic feedback has also been combined with digital waveguide models
for simulating bowed string interactions [9].

Simulating the feeling of string-instrument vibrations is particularly impor-
tant since it has been shown how vibrations’ level can be strongly perceived
[10]. We use democratized VR technologies controlled by a commercial device
called the PHANTOM Omni (or simply Omni) by SenseAble Technologies
(now 3D Systems) [11]. The Omni is a six-degrees-of-freedom system provid-
ing the tracking and haptic feedback (up to 3.3 N) in our application. Using the
same device, Avanzini and Crosato tested the influence of haptic and auditory
cues on perception of material stiffness [12]. Auditory stimuli were obtained
using a physically-based audio model of impact, in which the colliding objects
are described as modal resonators that interact through a non-linear impact
force [13]. Auditory stiffness was varied while haptic stiffness was kept con-
stant. Results show a significant interaction between auditory stiffness and
haptic stiffness, the first affecting the perception of the second. Passalenti et.
al’s also used the Omni to simulate the act of plucking a virtual guitar string
[14, 15, 16].

The goal of this project is to explore the experience of interacting with
virtual bowed instrument by using physics based simulations and haptic feed-
back, together with a visual virtual reality (VR) experience. This effectively
makes the implementation a virtual reality musical instrument (VRMI) [17].
The tromba marina is used solely as inspiration because it affords itself to being
a solid starting point by having only one string. Besides that, the rarity of the
instrument ensures that the participants do not have prior experience playing
a tromba marina, nullifying possible comparisons between a real instrument
and the virtual one. At no point the system was evaluated as an alterna-
tive to the real tromba marina. The system (and its evaluation) is targeted
towards musicians in order to avoid discouragement frequently encountered
when non-musicians interact with musical instruments. It is assumed that mu-
sicians acknowledge that mastering any instrument require extended study;,
therefore it is expected that they will not evaluate this system exclusively based
on its difficulty to play.

We start by describing the implementation of the system, both from the
hardware and software perspective in Section 2, followed by presenting a
study that evaluates the setup in Section 3. Section 4 shows the results of the
evaluation and Section 5 discusses these. Finally, concluding remarks appear
in 6.
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2 Implementation

The virtual tromba marina consists of three main components: auditory, visual
and haptic feedback, all of which will be elaborated on in this section. For
visuals, the Oculus Rift CV1 setup was used [18]. The setup consists of a head-
mounted display (HMD) and a pair of of wireless controllers that provide
tracking information and user input through several buttons and a joystick. A
diagram showing the full setup of the system can be found in Figure 2. The
controls, their mapping to the system and the final setup of the system will
also be presented. A video showing the implementation can be found in [19].

2.1 Auditory Feedback

The audio is generated by a physical model of the tromba marina presented in
a companion paper [20]. Some parameters of the model are exposed and can
be controlled by the user. These are the velocity, force and position of the bow
and the position of the finger inducing the harmonics. The algorithm will not
be discussed in detail here, but the mapping to the various parameters of the
model will be described in Section 2.4.

: User ! controls
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Fig. 2: Diagram showing the system layout of the application. The user interacts with the system
using the Omni — which in turn provides haptic feedback — and the Oculus Touch controller. These
trigger the physical model of the tromba marina. Auditory feedback then comes from speakers
and visual feedback from the Oculus Rift headset. A detailed explanation can be found in Section
2.5.
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2.2 Visual Feedback

The application was built using the cross-platform game engine Unity3D (or
simply Unity) [21] which can be used to build VR applications. Even though
the visual feedback is not the focus of the implementation and eventual evalua-
tion, it was used to guide the users’ movements and give them a sense of where
the virtual instrument was located. Figure 3 shows a screenshot of the view
from the HMD, depicting the virtual instrument, the bow and the damping
finger indicator. A 3D model of the tromba marina was made inspired by a
real-life instrument (presented in [22]) available to the authors. The overall en-
vironment resembled a medieval room, providing context to tromba marina’s
historical nature.

Fig. 3: The view from the head-mounted display (HMD). The damping finger is highlighted and
shown as a transparent white sphere.

2.3 Haptic Feedback

The PHANTOM Omni (or simply Omni) is a six-degrees-of-freedom tracking
and haptic system developed by SensAble Technologies (see Figure 4). The
device has a pen-shaped arm that a user interacts with.

The raw data provided by the Omni are 1) the absolute position of pivot
point B2 (three degrees of freedom), 2) the rotation (three degrees of freedom),
and 3) the pressure (touching depth). The latter is calculated from the absolute
euclidean distance between the virtual collision point of the object (in our case
the bow) and the virtual position of the pen.

The axes are labelled as follows in relation to the virtual tromba marina
(also see global coordinate system in Figure 5): x-axis (width): horizontally
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Fig. 4: The PHANTOM Omni has six axes of rotation, three of which provide force feedback (A1-
3), and three only tracking position (B1-3). Together, these axes provide six degrees of freedom:
x, y and z positions of B2 (according to the shown coordinate system) and rotations of the pen.

across the soundboard (the common interaction direction), y-axis (height):
floor to ceiling, and z-axis (depth): perpendicular to the soundboard. The
orientation of the Omni with respect to the aforementioned axis can be seen
from the coordinate system in Figure 4.

The fact that pivot points B1-3 do not provide force feedback gives rise to
an issue in our application. The virtual bow’s frog (where it is held by the
player) has been placed at the pivot point B2, whereas the interaction between
the virtual bow and string happens at an offset as seen in Figure 5. To solve
this issue, we created a separate game object with which the bow (pivot point
B2 to be exact) will interact with in the virtual world Figure 5. This ‘(hidden)
collision block” lives in a local coordinate system and its x and y-position
exactly follow that of the Omni-pen. The y-rotation will change the rotation of
the local coordinate system and uses the virtual string as the center point. If,
for any reason, the bow ends up behind the string, the collision block will be
offset to the left along the (local) x-axis so that no collision occurs when trying
to return the bow to the normal playing area.

Through a list of pseudophysical parameters, the collision forces computed
by Unity’s physics engine are mapped to the haptic feedback produced by the
Omni. Through empirical testing, the following pseudophysical parameters
have been found: Stiffness: 0.003, Damping: 0.0071, Static Friction: 0, Dynamic
Friction: 0.109, and Pop-through: 0. For more information, please refer to [23].

Throughout implementation, it was considered to actuate the Omni’s pen
with the output of the physical model used for the auditory feedback, in order
to replicate the stick-slip interaction encountered in a real bowing scenario.
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Fig. 5: Top-down view of the global and local coordinate system (x-z-plane). The rotation of the
local coordinate system around the (global) y-axis is determined by the y-rotation of the bow. The
(normally hidden) collision block lives in the local coordinate system. Its (local) x and y-position
follows the (local) x and y-position of B2.

This was deemed unnecessary, as the Omni’s internal gearing systems provide
a similar, though uncorrelated, haptic feedback, which satisfied the authors.

2.4 Controls and Mapping

As most people are right-handed, it was chosen to also have the bow in the
righthand in the application. The (now-local) x-velocity of the Omni is mapped
to the bow velocity, pressure to bow force and y-position (including rotation
around the local z-axis) to bow position. The left hand is used to control the
pitch by changing the position of the damping finger along the string. This
position is defined as

r=L-n"t, 1)

where L is the length of the string and n € [2,8]. If n is an integer, it is the
number of the harmonic we want to induce. The lowest harmonic has been
set at half the string length L /2, meaning that the string is never completely
open. The highest harmonic (8 in this case) has been chosen to be the one
that can still be (comfortably) reached. The location of the damping finger x¢
is controlled using the ‘X" and Y’ buttons and the joystick on the left Oculus
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Touch controller. The buttons are used for “discrete harmonic" control of the
damping finger, i.e. integer values of n in Equation (1), where ‘Y’ increases
n and ‘X’ decreases it. The joystick allows for fine pitch control, i.e., decimal
values of n, and moves the damping finger up and down the string. The latter
could potentially create pitch glides in the output sound of the application, but
make it harder to ‘hit’ a perfect harmonic according to Equation (1). If a button
is pressed while the current finger position is between two discrete points, the
position will move to the next or previous discrete position, depending on the
button pressed.

2.5 Physical Setup

The physical setup is shown in Figure 6. The Omni is mounted on a stand at
~125 cm to match the approximate bowing height of the real instrument. As
can be seen in Figure 6, the right Oculus Touch controller is mounted right
underneath the Omni. This is used to align the physical setup with the virtual
tromba marina, both in the x-z—plane but also the height of the bow in the
application. After the scene is initialised the controller is used for a tilting
interaction so that the instrument can rest on the user’s body, as is done with
the real instrument. The aforementioned alignment came with a drawback
— as the center of the x-axis range of the Omni was aligned with the tromba
marina and B2 was aligned with one end of the bow, only half of the range of
the Omni could be used for bowing.

The setup shown in Figure 2 is implemented as follows: the user controls the
application using the Omni (for tracking) and the left Oculus Touch controller
which sends data to the computer running the application. The Omni produces
haptic feedback based on Unity’s physics engine calculating the interaction
force between the ‘(hidden) collision block” and the virtual bow as shown in
Figure 5. This data simultaneously triggers the physical model which sends
its output to a pair of speakers. The user wears a HMD that gives visual
information about the location of the tromba marina (and medieval scene).
The user’s position in the VR environment is controlled by the HMD, but
this dataflow is not visualised in the diagram. Lastly, the right Oculus Touch
controller is attached to the stand the Omni is attached to, and sends position
and tilting data to the application.

3 Evaluation

The goal of the study was to (1) evaluate the general experience of bowing in
a VR environment using haptic feedback and accurate physical modelling and
(2) to evaluate the playability of a VR monochord instrument. This was done
by exploring the quality of the software, the acoustic model, the interface and

370



Fig. 6: User interacting with the physical setup. The Omni is mounted on a ~125c¢m stand together
with the right Oculus Touch controller used for location and tilting information.

the mapping, as proposed by [24] and implemented previously in a similar
study [25]. To meet this aim, an investigative study was performed through
which feedback on the virtual instrument was collected. In order to ensure
a high level of validity and reliability, a triangulation of methods has been
used: think aloud protocol [26] throughout the interaction, observation and
post-study self report through a modified Usability Metric for User Experience
survey [27]. The study concluded with an semi-structured interview based on
the observed actions, noted comments and questions loosely revolving around
goals, operators, methods and selection method [28].

3.1 Participants

A total of 14 people (12 male, 2 female), 23-48 years old (M=29.5, SD=7.65)
participated in the study. All participants were students or staff at Aalborg
University Copenhagen. The selection of participants was based on the single
criterion that one had to have experience playing a musical instrument. Over
70% of the participants have been playing an instrument for more than 5 years,
guitar being the most common occurrence (25%). There was only one partici-
pant experienced in playing bowed instruments (violin). The same participant
mentioned playing the tromba marina briefly before, but the majority of the
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other participants had never heard (of) it. All but one participant have had
tried VR experiences before joining the study.

3.2 Procedure and Task

The experiment started with the participant reading an introduction about
the experiment and completing a questionnaire covering several demographic
questions (age, gender, musical experience, familiarity with the tromba marina
and VR experience). They were then introduced to the setup and task, and
controls were explained. The participants were informed that the study is
exploring the experience of bowing in a VR environment. It was emphasised
that the most important part of the experiment was for the participant to talk
aloud with the phrase: “anything positive, negative, basically anything that
comes to mind, please speak out loud". Furthermore, the user was instructed
to bow above the damping finger (visualised as a white sphere) at all times, as
this is also the interaction with the real instrument.

The interaction part was divided into two phases. Firstly, the participants
were asked to freely explore the instrument on their own. Then, when they felt
they are ready to move on, an audio recording made by the authors using the
application was played, showcasing the system’s capabilities, aiming to inspire
the second phase of free exploration. It was stressed that the participants did
not have to recreate what they heard, but to merely use it as inspiration. The
experiment concluded with participants completing a questionnaire covering
usability and playability of the system. Finally, a semi-structured interview
was held which lasted 5 minutes on average.

Throughout the interaction phase, the participants” actions were observed
and noted by the authors, and their comments written down. Most partici-
pants were encouraged again to think aloud during their exploration. The full
experiment lasted ~30 minutes for all participants.

3.3 Measurements

Because the goal of the study was to investigate the overall experience of bow-
ing in VR, as well as evaluate the playability of the instrument, self-reporting
measurements were used in combination with the observations, interview and
think aloud notations. Specifically, after exposed to the instrument, the partici-
pants were asked to fill out a questionnaire containing 20 items related to the
experience of interacting with the VRMI. The items can be broadly segmented
into four categories: overall experience, haptic feedback, auditory feedback
and visual feedback. Table 1 presents the questions.
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Questionnaire items:

Owerall experience:

(1) It was easy to understand how to play the instrument.

(2) I felt the instrument was hard to play.

(3) I felt the instrument was expressive.

(4) The instrument’s capabilities did not match my expectations.
(5) I felt I could easily achieve my goals.

(6) I made many errors playing the instrument.

(7) I am satisfied with the instrument.

(8) I felt the instrument was boring.

(9) Interacting with the instrument was frustrating.

Haptic feedback:

(10) I felt the haptic feedback was realistic.
(11) I felt the haptic feedback was too strong.
(12) I felt the haptic feedback was natural.

Auditory feedback:

(13) I felt I was in control of the sound.

(14) I felt the audio was matching my actions.

(15) I felt the sound was matching the haptic feedback.
(16) I felt the sound was matching the visuals.

(17) I felt the sound was static.

Visual feedback:

(18) I felt the visual feedback was helping me play.
(19) I felt the visuals were confusing.

(20) I felt the visuals were matching my actions.

Table 1: The questionnaire items and corresponding anchors of the 5 point (1 — 5) rating scales
(Strongly disagree — Strongly agree).

4 Results

This section presents the results obtained from the self-reported measure re-
garding the participants” experience as well as the qualitative findings from
interview, observations and think aloud.

4.1 Quantitative Data

The data obtained for the questionnaire items was treated as ordinal and anal-
ysed in terms of central tendency (medians and mode), interquartile ranges,
minimum and maximum ratings. Figure 7 visualises the collected data. The
mode was considered only when different from the median, specifically ques-
tion 8, 13 and 14. It is worth noting that most of the items show a skewed
normal distribution.

Question 1-9 paint a picture of how the instrument was perceived by the
users. Questions 1, 2, 4, 5, 6 and 9 cover the perceived difficulty of using the
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Fig. 7: Boxplots visualizing the results related to the 20 questionnaire items (shown in Table 1)
in terms of medians (red lines), interquartile ranges (blue rectangles), minimum and maximum
ratings (dashed lines), and outliers (red crosses). The y-axis maps "Strongly disagree — Strongly
agree" to a 1 -5 interval.

system as a musical instrument. The answers to these questions show that
even though participants generally found the instrument easy to understand,
they had difficulty playing it and reaching their goals. Questions 3, 7 and 8
cover their general opinion about the instrument. Participants generally felt
satisfied and not bored with the instrument. Questions 10-12 cover exclusively
the impressions about haptic feedback. It can be seen that most participants
found the haptic feedback to be realistic and generally natural and the force
to be not too strong. The questions 13-17 approach the auditory aspect of
the instrument, focusing on its perceived characteristics. As can be seen from
questions 13, 14 and 17, the participants felt a high level of command over
the sound, and were satisfied with mapping between the haptic and auditory
feedback. The same thing can be said about the visual mapping, as indicated
by question 16. Items 18-20 investigate the perceived visual quality. It can be
seen that the visuals helped the participants play and were implemented well,
i.e,, not confusing and matching their actions.

4.2 Qualitative Data

In order to present an accurate representation of the findings, this section will
be split into two categories: actions — covering the observed activities during
the interaction phase, and oral feedback — presenting the findings from the
think aloud protocol and interviews.

4.2.1 Observed Actions

Since there were no tasks given to the participants, all actions were noted and
analysed. That said, most users performed similar actions in their interaction
phase. All participants experimented with bowing at different heights, but
only a few of them tried to explore bowing heights for all discrete pitches.
Most of them were satisfied with trying different heights on whatever pitch
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they found themselves at that time. In a similar fashion, all participants
experimented with playing different pitches, both using the discrete buttons as
well as the joystick. It is worth mentioning that many users tried to investigate
the limits of the pitches they could play. Higher pitches usually resulted in
little or no sound which was commented on by most. This behaviour is true
to a real tromba marina, where higher harmonics are harder to excite than
lower ones. The majority tried to perform some form of glissando, as well as
bowing with different velocities, usually commenting on the findings. Due
to the non-intrusive nature of observation, it was impossible to notice the
pressure applied with the bow, but some participants explicitly mentioned
that they tried to experiment with different forces. This was especially true
in the second phase of interaction, when they experimented with a higher
dynamic range of sounds. Another common occurrence was the attempt to
play some sort of melody or riff. Simple melodies like Mary had a little lamb, or
Twinkle twinkle little star were attempted, with various degrees of success. One
participant tried to play a Mozart segment. The last commonality was found
in the attempt to perform a sustained tone, with a constant bowing speed and
a back-and-forth motion.

When it comes to seldom or individual actions, a great variance in exper-
imentation was observed. Participants tried to hit the string with the bow,
rotate the bow upwards to the point of it being parallel to the string, move the
bow in an up-down (y-axis) motion, bow on the damping finger indicator and
underneath it or play some form of vibrato or staccato. No one tried to tilt the
stand supporting the Omni.

4.2.2  Oral Feedback

Generally the overall impression of the instrument was positive, described with
words like: cool, fun, interesting, weird, as well as hard or difficult to play. One
participant’s answer encapsulates this very well by saying: “I got to express
my ideas, but not perfect them".

Just as described in the previous section, there was a general consensus
on several reported characteristics. All participants that attempted to play the
highest harmonic said it is hard to play, and that it felt frustrating. At the other
end, several participants expressed their preference towards lower pitches,
where some said that they prefer the sound produced when bowing under the
damping finger (essentially playing the lower-pitched open string). Besides
that, many reported that is was hard to maintain a sustained tone, regardless
of the pitch. Another sound-related report was the inability to re-create the
buzzing sound heard in the recording; one of the participants familiar with
the tromba marina’s mechanism even mentioned specifically that he “couldn’t
get the bridge to rattle". When it comes to the pitch selection interface, the
reports are very polarised between the joystick and the buttons. On one hand
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some describe the buttons as being more, fun, musical, melodic, useful or easier,
while describing the joystick as useless, unrealistic, too hard or meaningless. On
the other hand some participants clearly preferred the joystick describing it as
natural, intuitive, interesting, expressive or humane, but everyone mentioned that
the sensitivity of the joystick is too high, making it hard to land on the desired
pitches. Due to the incremental nature of the damping fingers’ position, it was
impossible to skip over notes, a fact that was mentioned in different forms by
several participants. Some noted that the control of the damping finger ("Y” for
up the string and ‘X’ for down) should have been inverted. Furthermore, some
would have liked a more physical interaction for the damping finger, such as
moving the controller up and down rather than using buttons.

When it comes to the haptic feedback, the majority was satisfied with it,
mentioning that “it feels nice", “it feels good", “is great", “impressive - it felt
natural", or “it feels real", while one participant found it to be “wild and a bit
too powerful”. A special case related to the haptic feedback was the bounce
obtained by hitting the virtual string with the bow. Most subjects found it
pleasing and were intrigued by its realistic feel, but the violin player repeat-
edly mentioned that it is “unrealistic and way to powerful". One participant
explicitly mentioned that the haptic feedback matches the auditory one, and
his expectations.

Several participants noticed that the bow could rotate along its axis and
asked whether it made a sonic difference or not, to which they were answered
negatively. Besides that, there were very few comments regarding the visual
aspect of the system, but most of these were positive. One participant men-
tioned that sometimes there’s a gap between the string and the bow, and that
it would be nice to observe one’s hands. No one mentioned anything related
to the visual indication or the damping finger seen in Figure 3.

The overall interaction was described offering a high degree of freedom on
the bowing hand, but the pitch selecting hand was either not mentioned, or
described as disconnected several times. Some agreed that the instrument is
hard to play, mentioning that it is frustrating. However, most people estimated
that they can perform better after practising more.

5 Discussion

In this section, both the evaluation procedure itself and the results from Section
4 will be discussed.

5.1 Procedure

Itis acknowledged that the cognitive load of speech and playing an instrument
are overlapping [29], therefore the think aloud protocol might have not generated
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in the most abundant data possible. Most participants alternated between play-
ing and speaking. This resulted in occasionally long breaks in either activities,
and required participants to be encouraged to think aloud. Retrospectively,
a structured activity schedule allocating time for playing and feedback could
have been more productive. Similarly, using self report through Likert scales
require large sample sizes to achieve a high level of accuracy[29]. Therefore
the interpretation of results rooted into the qualitative data, and then validated
using the quantitative data.

Furthermore, as the data we obtained was purely through non-intrusive
methods, it would have been useful to log the raw data provided by the Omni
(such as the bowing pressure). This could then have been analysed to obtain a
better understanding of the user’s feedback.

Lastly, the audio did not fully match the sounds that were possible to create
with the application. As the recording was quite distorted, the volume of the
audio plugin was turned down during the test, but the recording was not
remade. This will be elaborated on below.

5.2 User Feedback

The generally positive oral feedback about the overall experience is backed up
by the quantitative data which showed that participants were satisfied and not
bored with the instrument. They attempted to perform fundamental tasks as
producing a sustained tone or playing simple melodies with various degrees of
success, and when exposed to the example recording, some tried to recreate the
sounds heard from the audio clip. Several participants mentioned that it was
difficult to achieve this particular goal, a problem that finds its explanation in
the difference in volume between the recording and the experiment scenario as
mentioned above. This would be a point of improvement for future testing, as
it could have impacted the answers for question 5 — the lowest scoring question
regarding the overall experience. Another reason for this question’s answers
could be linked to the inability to play the higher notes, or the limited pitch
range, as presented in Section 4, but these characteristics are inherited from
the physical characteristics of the real instrument, so could be expected.

Interestingly, many participants believed that it was easy to understand
how to play the instrument, but that they could become better after some
more practice. This indicates that the setup has a low “entry-level”, with an
envisioned high virtuosity ceiling. This is believed something desirable when
creating computer based instruments [30]. Even though the implementation
was inspired by a real instrument with a possibly different learning curve, as
mentioned, it was not our goal to recreate it.

The haptic feedback was considered positive and generally having an ap-
propriate level of resistance to movements. The answers to questions 10 (re-
alistic haptic feedback) and 12 (natural haptic feedback) correlate positively
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and question 15 (sound matching the haptic feedback) was also answered pos-
itively, giving a strong indication that the participants considered the haptic
feedback real and according to their expectations. It can be understood that
the realism of the haptic feedback is estimated considering the multisensory
experience and this result reassures that bowing in VR with our setup is pos-
sible.

Furthermore, many participants noticed that they could ‘bounce’ the bow
onto the string. Even though this behaviour was a byproduct of the implemen-
tation, participants generally liked this interaction and found it to be realistic
and exciting.

Many users noted that the full range of the bow could not be used. As
mentioned in Section 2.5, the virtual tromba marina was aligned with the
physical position of the Omni and as the bow is held at one end, about half of
the range could not be used for bowing. This was a commonly reported issue,
and it could have impacted the answers for questions 4, 5, and 9. The reason
for aligning the physical setup with the virtual tromba marina was the tilting
interaction, so that if people wanted to interact with the entire instrument, they
would be able to grab the physical setup. As none of the participants used
this, we could discard the aforementioned alignment to be able to account for
the entire range of the bow.

The polarisation of the participants” opinion on the pitch control —joystick
versus buttons — was backed up by the answers individuals gave on question
9 (interaction was frustrating). It could be argued that users preferring the
joystick over the buttons had a harder time interacting with the instrument
than the people preferring the buttons. As mentioned, all participants who
mentioned the joystick interaction said it was too fast, explaining the above.

6 Conclusions

This paper presents a virtual reality implementation of the tromba marina and
its evaluation. Our goal was to evaluate the general experience of bowing in
VR and to evaluate the playability of our implementation. The results show
that the implementation was successful with participants finding the haptic
feedback realistic and the general experience enjoyable and interesting on one
hand, and difficult and frequently frustrating on the other hand. Nevertheless,
all sensory modalities we focused on (auditory, haptic and visual) seemed
to reinforce each other, inspiring participants to attempt to play melodies
with the instrument. This was considered to be an important achievement.
Improvements on our application include the pitch control, which should
either be more physical, i.e., moving the pitch hand physically up and down
the virtual string, or simply slower continuous control. Besides that, a better
physical setup, allowing the users to utilise the entire bow is desired. The
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findings of this paper prove that it is possible to create a satisfactory bowed
VRMI using off-the-shelf hardware and accurate physical modelling.
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Abstract

This paper presents DigiDrum — a novel virtual reality musical instrument (VRMI)
which consists of a physical drum augmented by virtual reality (VR) to produce
enhanced auditory and haptic feedback. The physical drum membrane is driven by a
simulated membrane of which the parameters can be changed on the fly. The design
and implementation of the instrument setup are detailed together with the preliminary
results of a user study which investigates users’ haptic perception of the material
stiffness of the drum membrane. The study tests whether the tension in the membrane
simulation and the sound damping (how fast the sound dies out) changes users’
perception of drum membrane stiffness. Preliminary results show that higher values
for both tension and damping give the illusion of higher material stiffness in the drum
membrane, where the damping appears to be the more important factor. The goal and
contribution of this work is twofold: on the one hand it introduces a musical instrument
which allows for enhanced musical expression possibilities through VR. On the other
hand, it presents an early investigation on how haptics influence users’ interaction in
VRMIs by presenting a preliminary study.

1 Introduction

Virtual Reality (VR) is described as an immersive environment provided by
technology and experienced through sensory stimuli [1]. Different types of
technologies are available for creating VR experiences, and head-mounted
displays (HMDs) are among the most popular. VR has been used as a plat-
form for the creation of perceptual illusions, and much research has gone into
producing realistic or otherwise compelling visual and auditory experiences.
By comparison, the sense of touch has been neglected in spite of its obvious
potential to increase a sense of presence in a simulated world [1].

Virtual musical instruments (VMIs) are defined as software simulations or
extensions of existing musical instruments with a focus on sonic emulation.
Virtual reality musical instruments (VRMIs), are those which also include a
simulated visual component [2].

The design and evaluation of DigiDrum — a novel VRMI where a physical
darbuka (a djembe-like drum) is enhanced by VR is presented. The user wears
a HMD which puts them in a recording studio where a virtual drum is aligned
with the physical drum, so that both drums can be played at the same time.
Interaction with the (physical + virtual) drum triggers a virtually simulated
sound of a drum membrane. This sound is sent to the user through sound-
isolating headphones for auditory feedback, and a vibration motor (haptuator)
attached to the inside of the physical drum’s membrane creating a vibrotactile
response in the physical drum —similar to the haptic response a real membrane
would produce. As the drum’s sound is being simulated, its properties can be
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changed on the fly, something which is impossible to do in the physical world.
An initial user study was conducted on DigiDrum with a twofold goal.
On the one hand, in order to study how users interact with the installation
and use this feedback to improve the drum, and on the other hand, for try-
ing to understand whether there is a correlation between material stiffness
perception and the way users interact with the drum. More specifically, the
study investigated which parameters influence the perception of the material
stiffness of the drum membrane. Different combinations of values for: (1)
tension in the virtual membrane and (2) damping, or how quickly the sound
dies out were used. The initial hypothesis was that higher values for both
tension and damping would influence the perception of stiffness positively. In
other words, higher tension and higher damping (sound dying out faster) will
result in users perceiving the drum membrane as being more stiff. It was sus-
pected that tension would be the most important parameter in the perception
of stiffness. In the test, the auditory and haptic cues were linked, or matching.
The research question which guides this work is:

Can a user’s perception of
material stiffness in an enhanced drum membrane change
by using auditory and haptic cues?

The ultimate goal of the paper is to (1) present an installation which helps
to enhance musical expression possibilities through a novel VRMI, and (2)
investigate users’ interaction with a VRMI focused not only on the visual and
auditory experience, but also on haptics.

The paper is structured as follows: Section 2 presents a selection of related
work. Section 3 is an introduction to haptic perception. Section 4 describes
the design criteria used in for DigiDrum. In Section 5 we describe the system
overview and Section 6 details the implementation of the visual virtual envi-
ronment. In Section 7, the physical model sound algorithm is described. In
Section 8 a user study looking at the interaction with the setup is presented
and preliminary results are shown and discussed in Section 9. Conclusive
remarks and future development are made in Section 10.

2 Related Work

Several investigations on the connection between haptic and auditory cues
and perception of material stiffness have been done. Some look specifically
at playing percussion musical instruments as the music community has long
had a strong interest in haptic technology [3], where others investigate haptics,
visuals and sound in relation to human computer interaction.

In [4], Sile O’'Mohrain describes a series of studies where experienced mu-
sicians played VMIs with both haptic and auditory feedback with the aim of
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finding out whether adding haptic feedback to these instruments would im-
prove their playability. The results indicate that the presence of haptic feedback
can improve a player’s ability to learn the behavior of a VML

In [5], Dahl gives a detailed analysis of four experienced drummers per-
forming the same musical sequence using drumsticks on drums with three
striking surfaces (soft, medium and hard). The study finds that the main pa-
rameter influencing the preparatory movement and the striking velocity was
the dynamic level and, to a lesser extent, the striking surface.

The work of Avanzini and Crosato’s [6], that of Passalenti ef al. [7], and
that of Liu et. al. use the haptic device PHANTOM® Omni™ (now Touch)
[8]. Avanzini and Crosato test the influence of haptic and auditory cues on
perception of material stiffness separately, in an experiment where subjects
had to tap on virtual surfaces, and were presented with audio-haptic feedback.
In each condition the haptic stiffness had the same value while the acoustic
stiffness was varied. The study indicates that subjects consistently ranked
surfaces according to the auditory stimuli. Passalenti et al.’s experiment focuses
on haptics and guitar strings. In [9], a multimodal interface that synchronizes
visual, haptic and auditory stimuli to give users a feeling of presence of virtual
objects is presented and thoroughly detailed. The study notices that although
the stiffness parameters of different materials were set to be the same, the
sound effects biased user’s judgment of the hardness of surfaces.

The preliminary experiment conducted in relation to DigiDrum takes in-
spiration from these works, but looks at the specificity of a VR-enhanced drum.

In [10], the design of a physically intuitive haptic drumstick is presented.
The paper suggests that physically intuitive new musical instruments may help
performers transfer motor skills from familiar, traditional musical instruments.

3 Haptics

The sense of touch is the first to develop in humans — a sense we cannot shut
down. Vision is the last sense to develop, a sense we are able to “turn off"
[11] by closing our eyes. Despite this, tactile awareness generally receives
less attention than other sensory modalities when it comes to technological
development [12]. We live in a world over-saturated by visuals, and VR is a
technology where this has been the case notably. In this section, we describe in
further detail haptic perception and how it works from a neurophysiological
point of view as well as the basis for subjective decision making on tactile
sensation.
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3.1 Haptic Perception

The peripheral nervous system gathers environmental stimuli in form of vi-
sual, audible, tactile, olfactory (smell) and gustatory (taste) inputs and transfers
them to the central nervous system for further elaboration and integration. Tac-
tile information is collected in the skin, muscles, and joints and sent to an area
in the brain called the primary somato-sensory cortex[13]. This cortical area is
the first stage for the tactile awareness occurring across the surface of the body.
Several other structures of the central nervous system take part in the genera-
tion of tactile feedback, as generally, a single brain area is never responsible for
information awareness [14]. Light touch and tactile attention are processed in
the secondary somato-sensory cortex —an area directly connected with the pri-
mary somato-sensory cortex [15]. Literature reports that people undergoing
tactile training improve their perception but also strengthen the connections
and cortical representations of the stimulated body area [16]. There is a direct
relationship between size of cortical region and haptic performance.

A specific area of the central parietal lobe, placed in the back of the primary
somato-sensory cortex, integrates the information from the visual and haptic
regions to help locate objects in space.

The sense of hearing is connected to the sense of touch and touching objects
in different ways produce abundant sounds which convey information about
the object and the interaction, such as material, shape, roughness, stiffness,
the gesture, rate and strength of our actions. In VR systems, users may im-
mediately notice the unnaturalness if the interface has no sound or provides
mismatched sound [9].

As Cao et al. explain in [17], skilled interactions with sounding objects,
such as drumming, rely on resolving the uncertainty in the acoustical and
tactual feedback signals generated by vibrating objects.

3.2 Notes on Experiments Involving Haptics

Conducting experiments on haptics can prove difficult because there are no
proper technological devices for delivering controlled and reliable tactile stim-
uli [12]. When users interact with a physical object, uncertainty may arise from
mis-estimation of the objects’ geometry-independent mechanical properties,
such as surface stiffness. How multisensory information feeds back into the
fine-tuning of sound-generating actions remains unexplored [17].

In virtual environments (as used in VR) and using hand tracking devices
such as Leap Motion [18] (see Section 5), subjects are able to move their hands
freely, which could confound somato-sensory processing with activations re-
lated to motor planning and movement [19]. These uncontrolled motor ac-
tivities result in uncontrolled somatic stimulation. There is an anatomical
explanation of this close somato-motor functional relationship: areas involved
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in the perception of touch on the hands in the primary somato-sensory cortex
are located mostly in front of the areas responsible for hand movements [20].
Another problem with haptics is the subjective quantification of the stimuli.
Contents of tactile consciousness vary between individuals and a common lex-
icon to evaluate haptic sensation through surveys still seems far to be conceived
[21].

3.3 Interaction between Visual Information and Tactile Feed-
back

In a famous experiment, Pavani et al. [22], asked a group of participants to
detect the position of vibro-tactile stimuli on their arm. The participant’s
own arm was placed under a table (out of sight) while a fake rubber hand
was laid in front of them. The rubber hand was laid out in a position that
was anatomically compatible with participant’s real hand. When seeing the
mannequin hand being touched, all participants reported that their own hand
was being touched, even though that was not the case. In short, the perception
of tactile stimulation was simulated through visuals. A similar experiment was
conducted by [23] asking subjects to watch a video of a hand being touched
on the first finger while their own hand was stimulated synchronously. Brain
activity during synchronous stimulation showed an improved tactile acuity.
Taking into account previous literature findings, we can conclude that in virtual
environments hand manipulations and interactions are important factors that
enhance realism and user experience.

4 Design Criteria for DigiDrum

As explained by [10], a new musical instrument is physically intuitive if the
physics of haptic interaction are similar to those supported by a traditional
musical instrument. Physically intuitive new musical instruments may help
performers transfer motor skills from familiar, traditional musical instruments.
This is why we choose to augment an existing drum, instead of suggesting a
completely new musical instrument — seeing a physical drum will invite users
to play the new instrument in an intuitive way and as a regular drum. The
mechanics of a musical instrument’s interface — what the instrument feels like
— determines much of its playability [24].

In creating DigiDrum, the design criteria for VRMIs suggested by Serafin
et al. were used as guidelines [2]. The setup integrates visuals, audio and
haptics and extends an existing musical instrument using VR seeking to create
a “magical interaction". Creating a sense of presence is attempted by mapping
the virtual drum’s location to that of the physical one, and by representing
the user’s hands in the simulated world. DigiDrum was designed to create
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Fig. 1: The physical setup of the system. The Leap Motion is mounted to the front of the HMD.

three types of illusions: (1) a place illusion — users should feel like they are in a
music production studio, (2) a plausibility illusion — users should feel like the
experience is really happening, and (3) virtual body ownership — users should
see their own body in the virtual world and feel ownership of their virtual
body.

5 System Overview

Figure 1 shows the overall design of DigiDrum and its setup and Figure 2
shows a user interacting with the setup. For hand-tracking, the Leap Motion
[18], which is an infrared-sensor-based camera that allows for accurate hand
tracking is used. It is mounted to the front of an Oculus Rift HMD so that
the user’s hands are in the field of view when they look at the virtual drum.
The drum is fixed in-place and played like a djembe. In the application, the
virtual drum was placed slightly higher than the physical drum to make sure
the physical model was triggered when the physical drum was hit.

A detailed overview of the system is given in Figure 3. The hand movement
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Fig. 2: A user interacting with the setup.

data is retrieved by a PC which runs the cross-platform game engine Unity
[25]. The Unity ‘scene’ contains the virtual environment (see Section 6) that
the user will see through the HMD and the physical model used for the
sound and haptics (see Section 7). The HMD also sends data back to the
PC regarding location and head rotation. Once the tracked hand touches
(or collides with) the virtual drum, the physical model is triggered and its
output sound is sent to a haptuator which is attached to the inside of the drum
membrane. This effectively causes the physical membrane to be actuated by a
virtual membrane. To accommodate for the plausability illusion mentioned in
Section 4, the chosen haptuator has a very high fidelity, i.e. can play realistic
audio signals as opposed to non-realistic ‘buzzes’. Other forms of haptic
feedback have been considered, but — according to the authors — the use of
this actuator attached to the drum membrane had the highest potential of
resembling realistic drum membrane vibration in the end.

Finally, the same sound that is sent to the haptuator is also sent to sound-
isolating headphones. Sound-isolation is important as the sound coming from
the physical drum should not interfere with the audio coming from the simu-
lated drum.

6 Unity Implementation

The virtual environment was created using Unity. All the hardware drivers
and software components were linked together using this platform. Here, a
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Fig. 3: Detailed system layout. The user interacts with the system using their hands and gets
haptic feedback from the haptuator attached to the drum membrane, auditory feedback from
closed headphones and visual feedback from the Oculus Rift headset. A detailed explanation can
be found in Section 5.

virtual drum playable with hand motion using Leap Motion was created. The
user enters the VR environment (rendered as a recording studio) and Leap
Motion reconstructs (in VR) the subject’s own hands. In the virtual recording
studio a drum was placed at the center and programmed to detect collision
with the reconstructed hands. When a collision was detected, a C# script, in
which a physical model of a drum membrane was programmed, was activated
to reproduce the beating sound of the drum through an actuator placed inside
the drum skin.

7 Physical Model

The behaviour of musical instruments can be well described by partial differ-
ential equations (PDEs) [26]. In this section, the continuous-time PDE for a
drum-membrane is given and explained. This is followed by an explanation
of the discretisation method used. Finally, the parameter values used for the
implementation are given.

7.1 Continuous Time

A rectangular (stiff) membrane with dimensions L, (m) and L, (m) can be
described by the following equation [27]:

391



2
pH% — TAu— DAAu — 200% T 201A%. 1)

Here, state variable, u = u(z,y,t) is a function of horizontal coordinate x €
[0, L], vertical coordinate y € [0, L,] and time ¢ > 0 and is parameterised in
terms of material density p (kg/m?), membrane thickness H (m), tension T’
(N) and frequency independent and dependent damping coefficients o (s ')
and o, (m?/s). Furthermore, D = FH?/12(1 — v?) with Young’s modulus F
(Pa) and Poisson’s ratio v. Lastly, A represents the 2D Laplacian [27]:

02 0?
A=—+—. 2
0x?2 + Oy? @
Furthermore, clamped boundary conditions —i.e., the state  at all plate edges
and their gradients are 0 — have been chosen for simplicity:

0 0

®)

7.2 Discretisation

For implementing the physical model, finite-difference time-domain (FDTD)
methods were used [27]. These methods were chosen over others, such as
the 2D waveguide mesh [28], as they allow parameters and real-time changes
of these to be better controlled. FDTD methods discretise u(x, y,t) shown in
Equation (1) to u{; ) using ¢ = nk with sample n and time step & (s), z = lh
where [ € [0,...,N; — 1] and y = mh where m € [0,..., N, — 1] where N,
and N, are the number of horizontal and vertical grid points respectively.
Furthermore, grid spacing h (m) can be calculated using

282 + doyk + /(K2 T Ao )2 T AR2R2
h>hmin:2\/c + dovk + (PR + do1k)” + dn 4)

2 )

where ¢ = \/T/pH and k = /D/pH. The closer h is to hyin, the higher the
accuracy of the implementation.

7.3 Parameters

Most parameters used in the simulation were chosen empirically and can be
found in Table 1. With these parameters a small (30 x30 cm) membrane with a
low density and stiffness is simulated. For the purpose of getting the model to
work in real time, the minimum grid spacing hmin in Equation (4) is multiplied
by 4 (hmin in (4) is calculated based on the highest value of 7" and o; = 0.005).
The values for T' and o correspond to the cases used in the experiment. The
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Parameter Symbol (unit) Value
Membrane width L, (m) 0.3
Membrane length L, (m) 0.3
Material density p (kg/m?3) 10

Thickness H (m) 0.001

Tension T (N) {15,40, 80}
Young's modulus E (Pa) 2-10°
Poisson’s ratio v(-) 0.3
Freq. indep. damping oo (s71) {0.5,2,5}
Freq. dep. damping o1 (m?/s) [0, 0.005]

Time step k(s) 1/44100

Grid spacing h (m) 4hmin

Table 1: Table showing parameter values.

frequency dependent damping o, follows an exponentially decaying curve,
o1(t) = 0.005e7°01, (5)

where ¢t = 0 at the time of excitation. This allows for very low damping,
i.e., very long sound, while taking away some of the high frequency content
present immediately after excitation. This ultimately results in a more natural
drum sound, even when oy is set low.

8 User study

This work hopes to add to the corpus of design guidelines for VRMIs, more
specifically those VRMIs which involve a touch based stroking movement.
In [2], Serafin et al. describe three layers of evaluation for VRMIs, namely:
(1) investigating modalities of interaction, (2) evaluating VR specific aspects,
with engagement being the most interesting from a VRMI perspective, and (3)
looking at quality and goals of interaction.

An initial user study was conducted with a towfold goal: on the one
hand - to study how users interact with DigiDrum and create guidelines for
improving the setup, and on the other hand to investigate the relationship
between tension and frequency independent damping coefficient (7" and oy
respectively in Section 7) and user’s perception of material stiffness.

As shown in Section 7, there are 3 different cases for both tension 7" and
frequency independent damping 0. All combinations were tested, resulting
in 9 different cases. Sound examples of each individual case can be found in
[29]. Participants” experiences were evaluated through both qualitative and
quantitative methods, namely by: (1) asking them during the test how they
rate the stiffness of the material in each of the 9 cases, (2) a questionnaire
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including questions about their relationship and experience with playing a
musical instrument, virtual body ownership and whether they thought their
interaction patterns changed between the different cases and (3) observation
while the participants interacted with the setup to retrieve data on engagement
and stroke patterns which possibly correlate to the haptics and sound.

8.1 Process for the User Study

Before the experiment, participants were told that they would be “drumming
in VR", that their perception of the stiffness of the material they were interacting
with was tested and that their performances did not need to be musical in any
way. Furthermore, participants were told they would hear 9 different cases in
between which the “parameters of the experience" would be changed and that
for each of these cases they would have to rate the stiffness of the material they
were interacting with on a scale of 1 to 7, 1 being “extremely soft or loose", 7
being “extremely stiff or hard". The order in which the cases were presented
was randomised to reduce bias. Between cases, the participants did not take
off the headset or headphones, and the authors noted their answers. After the
test, the participants filled out a questionnaire with the following questions
(the last two taken from [6]):

o [ felt like the hands in the simulation were my own. (1-7 rating)

e In order to express your judgements to the questions during the simula-
tion, you relied mainly on... (multiple answers possible: visuals | audio |
haptics)

e In your opinion what was varying between each condition? (multiple
answers possible: visuals | audio | haptics)

From participant-observation during the experiment and the the final two
questions of the questionnaire, “Did your behaviour change between different
cases, and if so what did you do differently?" and “Anything you would like
to add?", information on the user interaction and the quality of the setup was
collected.

The experiment was done on 16 participants, 9 of which were experienced
musicians (> 5 years of instrument practice). Three participants were drum-
mers.

9 Results and Discussion

This section will give the results of the user study and discuss these. Due to
the small sample size and some issues regarding interaction described at the
end of this section, the presented results should be considered preliminary.
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Fig. 4: Relation between stiffness perception and subjective ratings.

9.1 Statistical Analysis

The results of the stiffness ratings can be found in Figure 4. Intriguingly, there
was a significant correlation between the cases sorted by damping first and
then by tension (both sorted from low to high) and the subjective ratings (p
=0.9372, p < 0.01) using Spearman correlation. The Spearman methodology
was used because the low number of values did not allow modelling a normal
distribution [30]. A quasi-linear relationship between subjective stiffness per-
ception and the values for tension and damping used by the simulation can be
observed.

Figure 5 shows the average participant scores for each level of damping and
tension both grouped in levels (low, medium and high). As previously hypoth-
esised, the ratings of material stiffness increases with tension and damping.

A statistical analysis was run on each single level based on non-parametric
Mann-Whitney U-test with the results reported in Table 2. This test helps to
identify significant differences between groups in presence of small samples
made by ordinal variables. Abbreviations are T for “tension" and D for “damp-
ing" while letters L, M and H mean the levels “low", “medium" and “high".
It is important to take into account the multi-comparison problem and in this
case the threshold level for significance should be equal to 0.0056 following
the Bonferroni correction.

As we can observe from Table 2, there isn't a significant difference between

“high tension — low damping" and “low tension — medium damping" (p =
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Subjective scores
Subjective scores

Tension lev. Damping lev.

Fig. 5: Subjective ratings grouped by different tension and damping levels.

Mann-Whitney U-test [p-values]

LT MT HT LT MT HT LT MT HT

LD LD LD MD MD MD HD HD HD
LT LD 0642 | 0163 | 1268 [ .0049 [ .0041 | .0034 | .0004 [ .0002
MT LD .0642 .6463 | 3465 | 6582 | .1802 | .1584 | .034 .0091
HT LD .0163 | .6463 2123 | 8933 | 5413 [ 4455 | .1737 | .0915
LT MD 1268 | 3465 | 2123 .0791 0254 | .0283 | .0012 [ .0009
MT MD .0049 | 6582 | .8933 | .0791 3191 | 3114 | .0449 | .0174
HT MD .0041 1802 | 5413 | .0254 | 3191 7732 | 5214 | .1383
LT HD .0034 | .1584 | 4455 | .0283 | 3114 | .7732 7725 | 3424
MT HD .0004 | .034 1737 | 0012 | .0449 | 5214 | .7725 2991
HT HD .0002 | .0091 | .0915 | .0009 | .0174 | .1383 | .3424 | .2991

Note: Bonferroni adjusted significance threshold for multi-comparison p<0.0056

Table 2: Mann-Whitney U-test (p-values).

0.2123) suggesting that the linear relation shown in Figure 5 holds despite the
discontinuity between points as seen on the scatterplot. However, we should
consider it similar to a monotonically increasing function rather than a pure
linear trend.

Lastly, Table 3 shows group comparisons between the three different val-
ues of damping and tension. A significant difference in participant’s ratings
between medium-high damping and low-high damping levels can be noticed
while tension shows significance only between low to high tension. It can
be deducted from the results that damping is a more important factor than
tension in material stiffness perception. This result was unexpected, as it was
hypothesised that tension would be the most dominant factor in stiffness per-
ception. Additionally, it appears difficult for participants to evaluate low to
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Different levels of tension/damping p-values
Low Damping Medium Damping 0.2560
Medium Damping High Damping 0.0078
Low Damping High Damping 6.5071e-04
Low Tension Medium Tension 0.0950
Medium Tension High Tension 0.4268
Low Tension High Tension 0.0297

Table 3: Comparison between different levels of tension and damping.

medium levels of both damping and tension. In a future test, the values could
be chosen differently, or more alternatives for the parameter values could be
investigated to better see the perceptual differences between these values.

9.2 Statistical Analysis: Reliability

Individual ratings were initially analysed with Cronbach’s alpha [31] to test
the internal consistency of the responses. This measure is generally known as
a metric to validate a questionnaire with higher values of alpha as those more
desirable. The non-standardised Cronbach’s alpha value was 0.6348 while the
standardised value reached 0.6589. According to [32], a value between 0.6 to
0.7 is questionable (questionnaire scale is not fully reliable) with 0.7 as the
threshold for an acceptable test. Despite the outcomes being slightly below
threshold (probably caused by subjective difficulties in evaluating stiffness),
it appears that in future a good reliability can be reached by increasing the
sample size. Moreover, if we don’t consider all factors loadings as evenly
distributed, we could assume that the Cronbach’s alpha underestimates the
true reliability.

9.3 Questionnaire

The questionnaire results in Table 4 show that the participants generally found
that the hands in the simulation were their own. This proves that the Leap
Motion is a good way to track the hands and that it was well implemented. The
visuals had no influence on participants’ judgement, probably because they
were unchanged. The audio seemed to be the most predominant feature the
participants focused on when expressing their judgements (93.8%). Haptics
for expressing judgements was only chosen by 5 participants (31.3%). In the
future, removing the audio, only leaving the haptics might be a better way to
force the participants to use their sense of touch and test the influence of this
modality on perception.
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Question Result
I felt like the hands in the simulation were my w=5.44,
own. (1-7 rating) o =1.26
In order to express your judgements to the ques- visuals: 0,
tions during the simulation, you relied mainly audio: 15,
on... (visuals | audio | haptics) haptics: 5
In your opinion what was varying between each visuals: 0,
condition? (visuals | audio | haptics) audio: 14,
haptics: 10

Table 4: Questionnaire results. The last two questions were taken from [6].

9.4 Qualitative Observations

From participant observation during the experiment, comments they gave
during and after the test, and the two last (open) questions of the questionnaire
(see Section 8) additional findings were compiled.

Due to the fact that the virtual drum was placed slightly higher than the
physical drum (see Section 5), many participants interacted with the air above
the drum rather than finishing their stroke to actually hit the drum. This was
an issue, as the haptic sensation would not be felt in that case. This might also
explain the result of the second question in Table 4. Either before or during the
test, the participants were instructed to finish their stroke to actually physically
interact with the drum.

The interaction was programmed in such a way, that when a tracked hand
collides with the virtual drum, this hand would not be able to trigger the
physical model until it was completely out of the “collision zone". Due to the
misalignment mentioned above, many interactions were not captured. Again,
either before or during the experiment, the participants were instructed to
make longer movements to ensure that their hands were completely outside
of this “collision zone" before interacting with the drum again.

Another technical issue was that sometimes participants would look for-
ward rather than down to the hands. This caused the hands not to be tracked
anymore as the Leap Motion was mounted on the HMD. A solution for this
would be to mount it at a lower angle rather than straight forward (as is the
current case).

The experiment could be improved by addressing the above interaction
issues to yield stronger data. The issues could potentially be solved by adding
a more precise and reliable sensor to the setup, such as a contact microphone
placed on the drum membrane. Even though a feedback loop could occur due
to the haptuator being present on the same membrane, there is a potential to
filter out its vibrations and only use the transients due to the interaction with
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the membrane for control.

Some participants commented that they would have liked to have reference
points for “the stiffest” and “the softest" cases before testing as they said they
would have judged the first few cases differently if they had known these
references in advance. This could, however, bias the participants” answers.

The movements of participants were observed during the test and sporadi-
cally noted. There was a small tendency towards slower and longer movements
in the case of lower tension and faster and shorter movements in the opposite
case, but as these observations were not done systematically, to be able to say
anything about this, this should be properly tested, possibly using raw data
from the hand tracking.

10 Conclusion

In this paper, we presented and evaluated a novel VRMI where a physical
drum was enhanced by VR. The physical drum was augmented by a vibration
motor and the sound was simulated using a physical model of a drum mem-
brane. In an experiment run during the study, preliminary results show that
higher values for both tension and damping increase the perception of mate-
rial stiffness of the drum membrane, as hypothesised. However, the damping
appeared to be a more important factor in this perception than the tension,
which was contrary to expectations.

In future work, improving the experiment by, for example, adding a contact
microphone to the membrane for more accurate control and re-conducting the
experiment with a larger sample size will be necessary to validate or improve
the results presented in this paper.

Other future work includes decoupling the audio and the haptics, to test the
perceptual influence of each individual modality separately. More alternatives
of the parameter values could be presented in a future test to more deeply
investigate the connection between parameter values and stiffness perception.

Additionally, the tracking of the user’s hands should be improved by
mounting the Leap Motion more downwards on the HMD. Furthermore, the
virtual and physical drum should be better aligned in space as to make the
interaction less confusing and more intuitive. Lastly, in order to test whether
the interaction patterns change depending on the changes in parameters, the
raw data from the hand tracking should be analysed.
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Abstract

For physical modelling sound synthesis, many techniques are available; time-stepping
methods (e.g., finite-difference time-domain (FDTD) methods) have an advantage of
flexibility and generality in terms of the type of systems they can model. These
methods do, however, lack the capability of easily handling smooth parameter changes
while retaining optimal simulation quality and stability, something other techniques
are better suited for. In this paper, we propose an efficient method to smoothly add
and remove grid points from a FDTD simulation under sub-audio rate parameter
variations. This allows for dynamic parameter changes in physical models of musical
instruments. An instrument such as the trombone can now be modelled using FDTD
methods, as well as physically impossible instruments where parameters such as e.g.
material density or its geometry can be made time-varying. Results show that the
method does not produce (visible) artifacts and stability analysis is ongoing.

1 Introduction

The operation of most musical instruments can be subdivided into excitation
and resonator components [1]. Examples of excitation-resonator combinations
are the bow and violin and the lips and trumpet. In most instruments, the
parameters describing the excitation are continuously varied by the performer
to play the instrument. As an example, the bow velocity, bow position and
bow force for stringed instruments, and lip pressure and frequency for brass
instruments. Naturally, the resonator is also altered by fingering the strings of
the violin or pressing valves on the trumpet to change the instrument pitch.
But, even under such variable playing conditions, physical properties of the
resonators do not change: the string length and tension stay the same and the
total tube length remains unchanged; it is only the portions that resonate that
are shortened or lengthened.

There are several examples where the parameters of the resonator are also
modified. A prime example of this is the trombone, where the tube length is
dynamically changed in order to generate different pitches. The slide whistle
is another example in this category. Guitar strings are another category where
the tension can be smoothly modulated during performance using the fretting
finger or a whammy bar to create smooth pitch glides. The same kind of ten-
sion modulation is used for the membranes of timpani or “hourglass drums"
to change the pitch. Itis these direct parameter modifications of the resonators
that we are interested in simulating. In addition to simulating existing instru-
ments, one could potentially simulate instruments that can be manipulated in
physically impossible ways. Examples of this could be to dynamically change
material properties such as density or stiffness, or even the geometry and size
of the instrument where this is physically impossible.
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Finite-difference time-domain (FDTD) methods are flexible and generalis-
able techniques which have seen increased use in physical modelling sound
synthesis applications [2]. The normal approach, for a given system such as
a musical instrument, is to describe its motion by a set of partial differential
equations (PDEs). The instrument is then represented over a spatial grid, and
a time-stepping method is developed, yielding a fully discrete approximation
to the target PDE system.

In many cases, the system itself is static, so that the defining parameters do
not change over time. In others, such as the trombone and others mentioned
above, this is not the case, and various technical challenges arise when trying to
design a simulation using FDTD methods; all relate to the choice of the spatial
grid. For example, the grid density is usually closely tied to the parameters
themselves through a stability condition. Also, adding and removing points
from the grid is nontrivial and can cause audible artifacts and new stability
concerns. The default approach of defining a grid globally, according to a
very conservative stability condition, as done in [3], is possible, but introduces
numerical dispersion and bandlimiting effects. Full-grid interpolation [2, Ch.
5] could be used to change between grid configurations, but extremely high
sample rates are necessary to avoid audible artifacts and low-passing effects,
rendering any implementation offline.

In this paper, a new method is proposed, allowing the efficient and smooth
insertion and deletion of grid points from 1D finite-difference grids to allow
for dynamic parameter changes. We are interested in varying parameters
‘slowly” (i.e., at sub-audio rate corresponding to human gestural control). In
a companion paper we present a physical model of the trombone using the
method proposed in this paper [4]. Notice that other techniques do allow for
dynamic parameter changes but come with their own drawbacks [2]. Examples
of dynamic parameters using modal synthesis [5] are shown in [6, 7] and digital
waveguides [8] are shown in [9].

This paper is structured as follows: Section 2 presents the 1D wave equation,
to be used as an illustrative example for the proposed method. Section 3 gives
an introduction to numerical methods, stability and simulation quality. The
proposed method for dynamic grids is then presented in Section 4 and applied
to the 1D wave equation. Section 5 shows the results of an analysis performed
on the method, which are discussed in Section 6. Finally, concluding remarks
and future perspectives are given in 7.
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2 Continuous Systems

The wave equation is a useful starting point for investigations of time-varying
behaviour in musical instruments. In 1D, the wave equation may be written as
0? 0?
—y=dt, M
ot? Ox?
and is defined over spatial domain = € [0, L], for length L (in m) and time
t >0 (ins). ¢ (in m/s) is the wave speed. The dependent variable ¢ = ¢(z,t)
in Eq. (1) may be interpreted as the transverse displacement of an ideal string,
or the acoustic pressure in the case of a cylindrical tube. Two possible choices
of boundary conditions are

q(0,t) = q(L,t) =0 (Dirichlet), (2a)
0

%q(o,t) = 2q(L,t) =0 (Neumann), (2b)

Oz

and describe ‘fixed” or ‘free’ boundary respectively in the case of an ideal
string, and ‘open’ or ‘closed” conditions respectively in the case of a cylindrical
acoustic tube.

2.1 Dynamic parameters

In the case of the 1D wave equation, only the wave speed ¢ and length L can
be altered (in the case of an acoustic tube, only L is variable, and for a string,
¢ could exhibit variations through changes in tension). If the same boundary
condition is used at both ends of the domain, and under static conditions, the
fundamental frequency fj of vibration can be calculated according to

c

fo=1gp-

®)
In the dynamic case, and under slow (sub-audio rate) variations of c or L, Eq.
(3) still holds approximately. From Eq. (3), one can easily conclude that in
terms of fundamental frequency, halving the length in Eq. (1) is identical to
doubling the wave speed and vice versa. Looking at Eq. (1) in isolation, fj is
the only behaviour that can be changed. One can thus leave L fixed and allow
time variation in ¢, so that ¢ = ¢(t), which will prove easier to work with in
the following sections. This fact can more easily be seen if Eq. (1) is scaled or
non-dimensionalised as in [2], where scaled domain ' = /L = 2’ € [0,1]
and v = ¢/L such that fo = /2. For clarity, however, we will employ a fully
dimensional representation here.
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3 Numerical methods

This section will provide a brief introduction to physical modelling using
FDTD methods, including details on stability and quality of the simulations
based on these methods. In this section, c is assumed constant.

3.1 Discretisation

In FDTD methods, the first step is the definition of a grid. The spatial variable
can be discretised using x; = lh with integer | € {0,..., N}. The grid spacing
h (in m) is the distance between adjacent grid points, and the total number of
points covering the domain, including endpoints, is N + 1. Here, integer N
describes the total number of intervals between the grid points, and thus the
total domain length is L = Nh. The temporal variable can be discretised using
t,, = nk with positive integer n, time step k£ = 1/f; (in s) for sample rate f; (in
Hz). The state variable ¢ can then be approximated using ¢ = ¢(z = lh,t =

The following operators can then be applied to ¢;' to get the following
approximations to the derivatives in Eq. (1)

n_ 1y 0o e 9%q
dueq" = 72 (ql 1 2q;" +q; 1) ~ 2 (4a)
Ozaq] = 2 (ql+1 —2q" + ql_1) ~ 2 (4b)

Substituting these definitions into Eq. (1) yields the following finite-difference
(FD) scheme
6tthn = 625w$QIn~ ®)

Expanding the operators as in (4) and solving for ¢/'"" yields the following
update equation

gt =2q0 — g N (a1 — 24" + a) (6)
which is suitable for direct software implementation. Here,

ck

A=
h

@)
is referred to as the Courant number, constrained by numerical stability condi-
tions, and also has an impact on the quality and behaviour of the simulation.
This will be described in detail in Sections 3.2 and 3.3.

In the FD scheme described in Eq. (5), the boundary locations are at [ = 0
and | = N. Substituting these locations into Eq. (6) seemingly introduces
the need of grid points outside of the defined domain, namely ¢, and ¢}, ;.
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These can be referred to as virtual grid points and can be accounted for using
the boundary conditions in Eq. (2). Discretising these yields

g0 =gy =0, (Dirichlet) (8a)
05.9) = 0z.qny =0, (Neumann) (8b)
where ) 5
n n n q
0p-q)" = % (g, —a) = 9 )

is a second-order accurate approximation of the first-order spatial derivative.
The Dirichlet condition in (8a) says that the displacements of ¢ at the boundary
locations are always 0. In practice, this means that these grid points do not
need to be updated and the spatial range of calculation for Eq. (6) then becomes
le{1,...,N —1}. If the Neumann condition is used, the boundary points do
need to be updated as these are not necessarily 0; rather, their ‘slope” is 0. Eq.
(8b) can then be expanded to yield defnitions for these virtual grid points

"1 =q and gy, =qn_1- (10)

Now that the full system is described, audio output at sample rate fs can
be drawn from the state ¢’ in Eq. (6) at 0 < [ < N (when using Dirichlet
boundary conditions).

3.2 Stability

Explicit FDTD methods for hyperbolic systems such as the 1D wave equation
must necessarily satisfy a stability condition. In the case of the update in Eq.
(6) it can be shown — using von Neumann analysis [10] — that the system is
stable if

A<, (11)

which is referred to as the Courant-Friedrichs-Lewy (CFL) condition. The
more closely A approaches this condition with equality, the higher the quality
of the simulation (see Section 3.3) and if A = 1, Eq. (6) yields an exact solution
to Eq. (1). If A > 1 the system will become unstable. Recalling (7), Eq. (11) can
be rewritten in terms of grid spacing h to get

h > ck. (12)

This shows that the CFL condition in (11) puts a lower bound on the grid
spacing, determined by the sample rate and wave speed. Usually, the following
steps are taken to calculate A:

L L ck
= N:.=|= = — = — 1
h = ck, { J , h N A , (13)



where | -| denotes the flooring operation. In other words, condition (12) is first
satisfied with equality and used to calculate number of intervals N. Thereafter,
h is recalculated based on integer N and used to calculate A. The calculation
of A in Eq. (13) can be compactly rewritten as

ck | L

The flooring operation causes the CFL condition in (11) to not always be satis-
fied with equality and results in a reduced simulation quality described in the
following section.

3.3 Simulation Quality

Choosing A < 1in Eq. (6) will decrease the simulation quality in two ways.
Firstly, it will decrease the maximum frequency that the simulation is able to
produce, i.e., it will decrease the bandwidth of the output sound of the system.

By analysing the scheme in Eq. (6), it can be shown that the maximum
frequency produced by the system can be calculated using fmax = fssin~*(\) /7
[2, Chap. 6]. Note that only a small deviation of A from condition (11) leads
to a large reduction in output bandwidth. Secondly, choosing A < 1 causes
numerical dispersion. Harmonic partials become unnaturally closely spaced
at higher frequencies (i.e. spurious inharmonicity increases) as A decreases,
which is generally undesirable.

4 The Dynamic Grid

The time variation of the wave speed c leads to various complications in the
simulation framework presented above. First of all, a change in ¢ causes
a change in A according to Eq. (14), affecting the simulation quality and
bandwidth. Secondly, and more importantly, a change in ¢ could result in a
change in N through Eq. (13). As N directly relates to the number of grid
points, this raises questions as to where and especially how one would add and
remove points to the grid according to the now-dynamic wave speed.

We propose a method that allows for a non-integer number of intervals to
smoothly change between grid configurations, i.e, the number of grid points
used. This removes the necessity of the flooring operation in Eqgs. (13) and
(14), and consequently satisfies the CFL condition in (11) with equality at all
times. Introducing fractional number of intervals A/, where N = |N |, Eq. (3)
can be rewritten in terms of A/ by substituting the calculation of N from (13)
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into Eq. (3) (using h = ck) yielding

fo = with A = L/h. (15)

b
2Nk
This shows that if A = 1, A/ solely determines the fundamental frequency of
the simulation.

Ideally, a method that dynamically changes the grid size of a FD scheme
should

rl. generate an output with a fundamental frequency f;, which is propor-
tional to the wave speed ¢ (fy x ¢),

r2. allow for a fractional number of intervals N to smoothly (without audible
artifacts) transition between different grid configurations,

r3. generate an output containing N — 1 modes which are integer multiples
of the fundamental (f, = fop with integer p),

r4. work in real time to have a playable simulation.

These requirements will be used in Section 6 to evaluate the proposed method.

4.1 Proposed Method

In the following, the location of a grid point (in m from the left boundary) ¢
at time index n is denoted by Ty Furthermore, some variables are now time
dependent as indicated by superscript n. These are ¢™, k", N, N" and f.

4.1.1 System Setup

Consider two grid functions, up and wp', defined over discrete domains [,, €
{0,...,M™} and l,, € {0, ..., M} respectively with integers M™ = [0.5N"]
with [-] denoting the ceiling operationand M;} = [0.5N"], i.e., half thenumber
of points allowed by the stability condition, plus one for overlap. The two grid
functions are assumed to lie adjacent to each other on the same domain x. For
now, the grid locations I/, = M"™ and [/, = 0 are assumed to overlap so that
Ty = Ty, = M"h", and are referred to as the inner boundaries. The grid
locations I, = 0 and l,, = M,; are placed at z;;, = 0 and z7, , = L and will
be referred to as the outer boundaries. See Figure 1a. The follo:/]ving boundary
conditions are then imposed:

ug = wym =0, (Dirichlet) (16a)

Op.uhym = 0wy = 0. (Neumann) (16b)
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In other words, grid points at the outer boundaries are fixed, according to
the usual Dirichlet condition, and those at the inner boundaries are free. It is
important to note that the Neumann condition is just used as a starting point
for the method here, but will be modified in Section 4.1.2. The systems can
then be connected at the inner boundaries using a rigid connection
Uy = wpy, if ;I:ZMn = :L’Z,O. (17)

Notice that this condition only needs to be satisfied when the inner boundaries
perfectly overlap, which is not always the case when ¢" is varied (see Section
4.1.2).

To sum up, a grid function with N intervals as per Eq. (13) is divided into
two separate subsystems connected at their respective inner boundaries.

With the above boundary conditions imposed, the following state vectors
can be defined:

u" = [uf, ..t and W= [wy . wie g7, (18)
with T" denoting the transpose operation, and have M™ and M.’ points respec-
tively. Note that the grid points at the outer boundaries are excluded as they
are 0 at all times due to the Dirichlet boundary condition in (8a). A vector
concatenating (18) is then defined as

u" = [“n} . (19)

w
Even though the new system has an extra (overlapping) grid point, the
behaviour of the new system should be identical to that of the original system
in Eq. (5) with (static) N = N™. That this holds will be shown below.
Using uj' and w}’ in the context of the 1D wave equation, a system of FD
schemes can be defined as

5“11,?” = (Cn)25mxuﬁ + Ju(chMn)Fna (20)
dppwy = (c")zémwl’fu — Juw (2 ) F",
with spreading operators
A 1, = a7 /h"
Jo(a) = " /1] nd
0, otherwise
(21)

1 — | pn/pn| n
Julay = § Bt = LR
0, otherwise

applying the effect of the connection F™ (in m?/s?) to grid points u},, and
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wy respectively. Expanding the spatial operators in system (20) at the inner

boundaries, recalling the Neumann condition in (16b) and the definition for

the virtual grid points needed for this condition in Eq. (10) yields

Ot Upyn —/\ 3 (2U‘M" 1 2UTJLVI") + 7= F™, 22)
5ttw6‘ = *2( — 2w0 ) A Fn

It is important to note that the time index n in M™ will not be affected by
the d,; operator and all obtained terms after expansion (Eq. (4a)) will use the
same value for M". Because of the rigid connection in (17), it is also true that
Opuyn = Owyy (if xuM" = xy, ),and F" can be calculated by setting the right
side of the equations in (22) equal to each other:

2 2
1 n
k2 (QUMn 1 2U§L\4n) + ﬁFn k2 (2’11]1 2’[,03) — hinF /7
'ILA2 n
F*"=h kg( 1~ Unpn_1)-

Substituting this into system (22) after expansion of the second-time derivative
yields the update of the inner boundaries

it = 2ul, — uMﬂ + AN (Ul g — 2ufyn + W], (23a)
SL'H = 2’(1)0 — wo + AQ(uMn_1 - 2w3 + w?)> (23b)

which, (again, recalling Eq. (17)) are indeed equivalent expressions for the
connected point which is necessary to satisfy the rigid connection. System (20)
can be shown to exhibit behaviour identical to that of the original scheme in
Eq. (5) using (static) N = N". In (23), w} in Eq. (23a) acts as virtual grid
point u};. 1, and u};,._; in (23b) as virtual grid point w”,. This important
fact is what the proposed method relies on and will be extensively used in the
following.

4.1.2 Changing the Grid

The previous section describes the case in which N is an integer. We now
continue by varying c" such that this is not the case.
The locations of the outer boundaries 27, and z7; are fixed:
g =20 =0 and 2l =29 =L Vn

uo wmn wm
If the wave speed c™ is then decreased, and consequently the grid spacing
h™ according to Eq. (12) (with equality), all other points move towards their
respective outer boundary (see Figure 1b). Calculating h" this way allows this
method to always satisfy the CFL condition in Eq. (11) with equality, solving
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()
Fig. 1: Illustration of the proposed method. In all figures, the x-axis shows the location of the respective grid
points, but ‘x™” is omitted for brevity. (a) Locations of the states of two (1D wave) systems connected at the
inner boundaries (N™ = 30, 2f} ,, = x3, ). (b) When ¢ — and consequently h™ — are decreased and
the positions of the grid points change (N™ = 30.5, 7, . # a3, ). (c) Figure 1b zoomed-in around the
inner boundaries. The virtual grid points ul;, 11 and w™ , are shown together with the distance between
them expressed using o in Eq. (24).

issues regarding simulation quality and numerical dispersion described in
Section 3.3.

As mentioned in Section 4.1.1, the state of the virtual grid points at the
inner boundaries are defined as v}, = w{ and w”; = uj;._; when the
inner boundaries perfectly overlap (i.e., z3;, , = z7, ). If this is not the case
(z3,,. # =1,) a Lagrangian interpolator /(z}) at location z* (in m from the
left boundary) can be used to calculate the value of these virtual grid points
(also see Figure 1c for reference). The interpolator I is a row-vector with the
same length as U" (from Eq. (19)) and its values depend on the interpolation
order. In the following, the fractional part of N is defined as

a=a"=N"-N", (24)
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and for clarity, / and U" are indexed by m. Now, consider the following
quadratic interpolator

~(a=D/la+1), m=mf -

2

1 = mn

L) =14 e (25a)
(a-1/a+1), m=mp+1
0, otherwise

and its flipped version
I3 (a}) = (25b)
0, otherwise
with mP* = |2/h"| and (m{ )" = |2I'/h™ + (1 — «)], where the shift in the

latter is necessary to transform the location z* to the correct indices of U".
When applied to Eq. (19) this yields the definitions for the virtual grid points

n n a—1 n n — n
Uy =15 (2,0, U™ = et T +wl — arl T (26a)
n n n a—1 n n a—1 n
U}_l = Ig(xwil) = —THUM”_l + UMn + TH’LUO . (26b)

These definitions for the virtual grid points at the inner boundaries will replace
the Neumann condition in Eq. (16b). One can show that when A/ is an integer,
and thus o = 0, Egs. (26a) and (26b) can be substituted as w} and u%};._; into
Egs. (23a) and (23b) respectively (as these acted as virtual grid points u’;._ ;
and w” ). Then recalling Eq. (17) it can be seen that the system reduces to (23)
and exhibits the same exact behaviour as the usual case in Eq. (5).

Now that the virtual grid points at the inner boundaries are not determined
by the Neumann boundary condition in (16b), but rather by the definitions in
Egs. (26), system (20) can simply be re-written to

5ttw[nw = (Cn)Qdazmwﬁu )
where the Dirichlet condition in (16a) is (still) used for the outer boundaries
and the Neumann condition at the inner boundaries in (16b) is replaced by the
definitions in (26):
Uipnyq =I5 (@, u" and w"; = Lz, U". (28)

UnMT 41
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Fig. 2: The moment when a point is added to u at location z7; s M EG(29). This figure shows an

extreme case where this location is far from x7, , i.e., a % 0 in Eq. (30).

4.1.3 Adding and Removing Grid Points

When ¢", and consequently k", are decreased and the inner boundary points
1 1 1 n n n n 1
surpass the virtual points (i.e. a7, < a3, and zf, > a7 . ), this means

that N™ > N"~1. A point is then added to the right boundary of u and the left
boundary of w (for both time indices n and n — 1) in an alternating fashion:

u" = [(u")?, Lv*]T if N"isodd, 29)
wn = [I5v", (w)T]T  if N™ is even.
Here,
V= [URI"—M U?ZA\L/["a wgv w?]Tv
and cubic Lagrangian interpolator
o= |—_—olt) 22 _2 ___ 20 } (30)
3 (a+2)(a+3) a+2 a+2 (aF3)(a+2) |

with I3~ being a flipped, not shifted (as /3~ in Eq. (25b)) version of (30). See
Figure 2. Notice that N is only going to be slightly bigger than an integer at
the moment that a point is added and Eq. (24) will return « 2 0. This means
that that Is ~ [0,0,1,0] and the displacement of the newly added point is
nearly fully based on the grid point at the inner boundary of the other system.
Removing grid points happens when ¢", and consequently A", are in-
creased and 27, >z (or N* < N"!). Grid points are simply removed
from u and w (again for both n and n — 1) in an alternating fashion according

to
{ u” = [ul, ul.u. )T if N7 is even, -

w" = [wf’,wg"...,wK{E]T if N™is odd.

In Egs. (29) and (31), the even and odd conditions can be inverted. To keep
the difference between u and w a maximum of one grid point, the ceiling and
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flooring operations when calculating M"™ and M} will need to be inverted as
well.

Until now, only adding and removing points in the center of the original
system has been considered. This location could be moved anywhere along
the grid, the limit being one point from the boundary. In other words, both "
and w;' need to have at least one point (excluding the grid points at the outer
boundaries). Furthermore, one does not have to add and remove points from
u and w in an alternating fashion as in (29), but can just add to and remove
from, for example, u leaving w the same size throughout the simulation. In
the extreme case where M™ = N" — 1 and M;; = 1 (leaving w; with only one
moving grid point, wg) the method still works.

4.1.4 Displacement correction

A problem that arises when increasing c", is that it is possible that the dis-
placements uf;. % w{ at the time when a grid point needs to be removed. As
the grid locations z73; , ~ 7, at the time of removal, this violates the rigid
connection in (17) and causes audible artifacts. A method is proposed that
decreases the relative displacement of the inner boundaries the closer their
grid-locations are together, i.e., the closer « in (24) is to 0. We thus extend
system (27) with an artificial spring force as

6“?112; = (cn)QémquL —+ Ju(szn)Fcn’ (32)
Spewp = (") 0pow) — Ju(xl JFL.
Using centred temporal averaging and difference operators
n 1 n+1 n—1
pedi =5 (@ +a), (33a)
n 1 n+1 n—1
Svgi' =5 (@ =) (33b)
the correction effect is defined as
F' = B (pen™ + 00den™), (34)
with the difference in displacement between the inner boundaries
n" £ wg — uipn, (35)

and damping coefficient 0. Furthermore, 3 scales the effect of the displace-
ment correction and is defined as
11—«

B=pa) = ; (36)

a+¢€
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where ¢ < 1 prevents a division by 0. Despite the operators in (33) introducing
states at n + 1, it is possible to calculate the force explicitly (such as in [2] or
[11]). Furthermore, it can be shown that even when £ = 0 this calculation is
always defined. In that case, as o — 0, 5 — oo which acts as a rigid connection
such as Eq. (17). Essentially, the displacement correction attempts to have
n™ — 0in Eq. (35) as @ — 0 to satisfy the rigid connection in Eq. (17).
Although the correction presented here is not based on some physical process,
it can be justified by the fact that large differences in displacement between
two spatially adjacent points is not physical.

Notice that when c" is decreased, the rigid connection will not be violated
as uf;» ~ wyj when a point is added. This is due to the fact that I5 ~ [0, 0, 1, 0]
and either u%,. or w{ is the newly added point which almost solely based on
the other.

4.2 Summary

Here, Section 4.1 is summarised and describes the final version of the proposed
method.

The proposed method subdivides a grid function ¢;* with N intervals into
two grid functions v}’ and w;' with M™ and M,; intervals respectively for a
total of N™ 4 2 grid points. Knowing that A = 1 Vn, Eq. (6), written for both
grid functions, becomes

n+l _  n n n—1

wt =g g,y (37a)
n+1 __ n n n—1

Wy, =W W, Wy (37b)

Due to the Dirichlet boundary condition in (16a) imposed at the outer bound-
aries of the system, u{ and wj, are 0 at all times and do not have to be
included in the calculation. The ranges of calculation for Eq. (37a) and (37b)
then become l,, € {1,...,M"} and l,, € {0,..., M — 1} respectively.

The grid points at the inner boundaries are calculated by expanding (27)
(ignoring the displacement correction for now)

1 —1

Ut = Ul Uy — Ui, (38a)
n+l _ , n n n—1

wy T =w Fwl —wy, (38b)

where virtual grid points vy, ; and w”; can be calculated using Eq. (26).

Then, when N > N"~! apointisadded tou” and u"~! (orw” and w" 1)
using Eq. (29), and when N™ < N"~!, apointis removed from the same vectors
using Eq. (31). In order to prevent audible artifacts when increasing ¢ (and
thus decreasing /') due to a violation of the rigid connection in (17), a method
is proposed in Eq. (32) to ensure that the grid points at the inner boundaries
have a similar displacement when one of them is removed.
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4.3 Implementation

A MATLAB implementation of the proposed method and audio examples
can be found online! and Algorithm 1 shows the order of calculation of this
implementation. Especially important to take into account, is to only retrieve
a change in ¢" at time index n once before all other calculations. This is to
ensure that v}’ and w;’ are calculated with the same o and 3 for all [, and 1.

while application is running do
Retrieve new c"

Calc. h™ (Eq. (12) with equality)
Calc. N and N (Egs. (15) and (13))
Calc. o (Eq. (24))
if N # N"~! then
Add or remove point (Eq. (29) or (31))
Update M™ and M
end
Calc. virtual grid points (Egs. (26))
Cale. uj't! and w]'*" (Egs. (37) and (38))
Calc. and apply displacement corr. (Eq. (34))
Retrieve output
Update states (4"~ = U™, U" =U"TT)
Update N"~1 (N"~! = N™)
Increment n
end

Algorithm 1: Pseudocode showing the order of calculations.

5 Analysis and Results

5.1 Modes

Writing system (32) in matrix form, one can perform a modal analysis while
changing ¢" to obtain the frequencies and damping coefficients for each mode
over time. As a test case, the wave speed of a system running at f; = 44100
Hz is linearly varied from ¢® = 2940 (N? = 15) to ¢"end = 2205 (N ™end = 20)
where nenqg = tqur fs is the simulation length in samples and ¢4, = 10 s. Grid
points are added and removed as close to the right boundary as possible, i.e.,
M™ = N"™ — 1 and M} = 1 (similar behaviour can be observed if M" = 1
and M, = N™ — 1). The result of the analysis is shown in Figure 3a where

Thttps:/ /github.com/SilvinWillemsen /DAFx21DynamicGridFiles /
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higher damping (induced by the displacement correction) is indicated using
thinner and bluer lines. Figure 3b shows the resulting spectrogram, with the
displacement correction deactivated, of the system excited with u{ = 1 and the
output retrieved at u}, and Figure 3c shows a system with the same excitation
but the change in ¢" inverted (V" = 20 — 15) and displacement correction
activated.  In the following, the lowest mode generated by the analysis is
referred to as f{* and should ideally be equal to f§ calculated using Eq. (3).
The first thing one can observe from Figure 3a is that the frequencies of the
modes decrease as ¢" decreases (as desired). The lower the mode, the more
linear this decrease happens. Between N = 15 and N = 16, f]* maximally
deviates by —0.15 cents. In this same interval f{y maximally deviates by —67
cents. This deviation gets less as V'™ increases. Experiments with higher even-
ordered Lagrange interpolators show that these frequency deviations become
smaller, but not by a substantial amount. The quadratic interpolator has thus
been chosen for being simpler and more flexible while not being substantially
worse than higher order interpolators.

Another observation from Figure 3a is that there are always N™ modes
present, corresponding to the number of moving points of the system. As can
be seen in Figure 3b the highest mode is not excited. If the system is excited
when N is not an integer, the highest mode will also be excited. Comparing
the implementation of the system using this method with integer N (without
changing ¢™) to a normal implementation of the 1D wave equation (shown in
Section 3) with (static) N = N, identical outputs are observed, even though
the latter has N™ — 1 moving points.

5.2 Displacement Correction

In the experiments, 0y = 1in Eq. (34). The displacement correction has a low-
pass-comb-filtering effect on the system, where the position and amount of
damped regions directly relates to the position of where grid points are added
and removed. The best behaviour, i.e., least affecting lower frequencies, is
when grid points are added and removed as close to the boundary as possible,
ie, M" = N" — 1, and only has one damped region as shown in Figures 3a
and 3c.

5.3 Limit on Rate of Change of c

The current implementation of the proposed method can only add or remove
a maximum one point per sample using Egs. (29) and (31). The rate of change
of fI' according to (15) is thus limited by [N — N"~!| < 1. Though this is
the maximum limitation on speed, a much lower limitation needs to be placed
to keep the system well-behaved. The usual stability and energy analyses
performed on FD schemes are not valid anymore in the time-varying case.
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Fig. 3: Experiments showing (linearly) varying wave speed between c® = 2940 (N© = 15) and c"end =
2205 (N™end = 20) with M™ = N™ —1and M} = 1 runningat fs = 44100 Hz for 10s (nepng = 10 fs).
(a) Modal analysis of system (32). Thinner and bluer lines indicate a higher amount of damping. (b) Output
of the system while decreasing c™ (N™ = 15 — 20) without displacement correction, excited using u§ =
and retrieved at u. The sound output follows the same pattern as predicted by the analysis shown in Figure
3a. (c) Output of the system while increasing c™ (N™ = 20 — 15) with displacement correction activated
(essentially flipping the analysis in Figure 3a along the x-axis and applying this to a 10 s simulation).
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Frozen coefficient analysis as in [10] could be applied here and hold for slowly
varying coefficients, but is left for future work.

6 Discussion

To decide whether the proposed method is satisfactory, the results presented
in the previous section are compared to the method requirements listed in
Section 4.

It can be argued that the frequency deviations of f* from f§ are sufficiently
small to say that rl is satisfied. As for r2, a fractional number of intervals
N™ has been introduced and smooth transitions are indeed observed from
Figure 3b, in the case when ¢" is decreased and A" is increased. When ¢" is
increased instead, the displacement correction prevents (visible) artifacts when
grid points are removed as seen in Figure 3c. Despite this, the filtering effect
that the displacement correction has on the system (mentioned in Section 5.2)
is not ideal as it creates damped regions in the spectrum of the output sound.
The least intrusive filtering happens when points are added and removed as
close to the boundary as possible, i.e., when M" = 1 or M, = 1 where the
damping only occurs in the higher end of the spectrum. Although artifacts
do not show in Figure 3¢, to confirm the absence of audible artifacts, formal
listening tests have to be carried out. Furthermore, higher speeds of parameter
variation might cause artifacts anyway. The value of oy could therefore also be
made dynamic and depending on the rate of change of c" to have a higher effect
when ¢" is increased faster and vice versa. Either way;, as this is still not ideal,
another method for reducing artifacts that less affects the frequency content of
the system should be devised, if possible. Furthermore, higher modes will be
lost after decreasing N and will not return after increasing A again. They can,
however, be activated again by re-exciting the system.

The modal analysis in Figure 3a shows that the method generates N™
rather than N™ — 1 modes as set by r3. However, the output does contain the
correct number of modes as shown in Figure 3b due to the highest mode not
being excited. This is a result of the rigid connection imposed on the inner
boundaries, forcing them to have the same displacement and act as one point.
The latter part of r3, however, is not satisfied. The modes deviate from integer
multiples of f§', moreso for higher modes. Other interpolation techniques
could be investigated to improve the behaviour and decrease this deviation.

Finally, the method only adds a few extra calculations for the inner bound-
aries so r4 is also easily satisfied.

Although the results bring forward some drawbacks of the proposed

method, such as modal frequency deviations, and filtering effects, most of
these affect the higher frequencies of the output. First of all, human frequency
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sensitivity becomes very limited above 3000 Hz [12] making high-frequency
deviations much less important perceptually. Secondly, the physical systems
one usually tries to model contain high-frequency losses, causing higher modes
to usually not have very high amplitudes to begin with. Finally, N is usually
much bigger in the systems one models, where frequency deviations happen
to a much smaller degree.

As of now, some aspects of the proposed method still lack physical justifica-
tion (such as the displacement correction), but are shown to yield the desired
behaviour and fulfil the requirements to a satisfactory degree. Despite this,
further work needs to be done to physically justify the choices made in this

paper.

7 Conclusions and Perspectives

This paper presents a method to change grid configurations of finite-difference
schemes to allow for dynamic parameter changes. The method allows the
stability condition that these schemes rely on can be satisfied with equality
at all times, minimising numerical dispersion and bandlimiting issues. Grid
points are shown to be added and removed smoothly and do not cause artifacts
when switching between grid configurations. Listening tests will need to be
performed to carried out to confirm the lack of audible artifacts.

The proposed method might not provide an exact solution to the problem
of time-varying systems, and not all choices are physically justified, but it does
circumvent the need for upsampling and higher orders of computations nec-
essary to approximate this solution with, for example, full-grid interpolation.

Although this method has only been applied to the 1D wave equation
it could be applied to many other 1D systems. Other parameters, such as
material density or stiffness could also be made dynamic, going beyond what
is physically possible. An application of the method that could be investigated
is that of non-linear systems, such as the Kirchhoff-Carrier string model [13]
where the tension is modulated based on the state of the system.

Other future work includes creating an adaptive version of the displace-
ment correction that changes its effect depending on the speed at which the
grid is changed. Finally, stability and energy analyses will have to be per-
formed to show the limits on changes in parameters and grid configurations.
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Abstract

In this paper, a complete simulation of a trombone using finite-difference time-domain
(FDTD) methods is proposed. In particular, we propose the use of a novel method
to dynamically vary the number of grid points associated to the FDTD method, to
simulate the fact that the physical dimension of the trombone’s resonator dynamically
varies over time. We describe the different elements of the model and present the results
of a real-time simulation.

1 Introduction

The trombone is a musical instrument that presents distinct challenges from
the perspective of physical modelling synthesis. In particular, the excitation
mechanism between the lips and the player has been extensively studied, and
simulated mostly using a simple mass-spring damper system [1]. Because the
majority of the bore is cylindrical, nonlinear effects can appear at high blowing
pressures [2], leading to changes in timbre, or brassiness; such effects have
been investigated and simulated [1, 3, 4]. However, the defining characteristic
of the trombone is that the physical dimensions of the resonator vary during
playing. Synthesis techniques such as digital waveguides allow an approach
to dynamic resonator changes in a simple and computationally efficient way,
simply by varying the length of the corresponding delay line. This feature has
been used in real-time sound synthesis [5], for simplified bore profiles suitable
for modelling in terms of travelling waves.

However, when attempting more fine-grained modelling of the trombone
resonator using finite-difference time-domain (FDTD) methods, the issue of
the change in the tube length is not trivial. Previous implementations of brass
instruments using these methods focus on the trumpet [6] and various brass
instruments (including the trombone bore) under static conditions [7]. To our
knowledge, the simulation of a trombone varying the shape of the resonator
in real time using FDTD methods has not been approached. We can tackle this
problem by having a grid that dynamically changes while the simulation is
running as presented in a companion paper [8]. Briefly described, we modify
the grid configurations of the FDTD method by adding and removing grid
points based on parameters describing the system.

In this paper, we propose a full simulation of a trombone, describing all its
elements in detail with a specific focus on the dynamic grid simulation. Section
2 presents the models for the tube and lip reed interaction in continuous
time. Section 3 briefly introduces FDTD methods and the discretisation of
the aforementioned continuous equations. Section 4 presents the dynamic
grid used to simulate the trombone slide and details on the implementation
are provided in Section 5. Section 6 presents simulation results, and some
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concluding remarks appear in Section 7.

2 Continuous System

Wave propagation in an acoustic tube can be approximated using a 1-dimensional
(1D) model, for wavelengths that are long relative to the largest lateral dimen-
sion of the tube. Consider a tube of time-varying length L = L(¢) (in m)
defined over spatial domain = € [0, L] and time ¢ > 0. Using operators 0,
and 0, denoting partial derivatives with respect to time ¢ and spatial coordi-
nate x, respectively, a system of first-order partial differential equations (PDEs)
describing the wave propagation in an acoustic tube can then be written as:

S
Watp = _am(S'U), (].a)
podyv = —,p, (1b)

with acoustic pressure p = p(z,t) (in N/m?), particle velocity v = v(x,t) (in
m/s) and (circular) cross-sectional area S(z) (in m?). Furthermore, py is the
density of air (in kg/m?) and c is the speed of sound in air (in m/s). System (1)
can be condensed into a second-order equation in p alone, often referred to as
Webster’s equation [9]. For simplicity, effects of viscothermal losses have been
neglected in (1). For a full time domain model of such effects in an acoustic
tube, see, e.g. [10].

System (1) requires two boundary conditions, one at either end of the
domain. The left boundary condition, at x = 0, will be set according to an
excitation model to be described in Section 2.1. The right boundary, atz = L,
is set according to a radiation condition. The radiation model used here, is the
one for the unflanged cylindrical pipe proposed by Levine and Schwinger in
[11] and discretised by Silva et al. in [12]. As this model is not important for
the contribution of this work it will not be detailed here in full. The interested
reader is instead referred to [7, 13] for a comprehensive explanation.

21 Coupling to a Lip Reed

To excite the system, a lip reed can be modelled as a mass-spring-damper
system including two nonlinearities due to flow, and the collision of the lip
against the mouthpiece. In the following, y can be seen as the moving upper
lip where the lower lip is left static and rigid. A diagram of the full lip-reed
model is shown in Figure 1. Using dots to indicate time-derivatives, the lip
reed is modelled as

My = _MrWrQy — Mo,y + 1/)(1#/77) + S:Ap, ()
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with displacement from the equilibrium y = y(¢), lip mass M, (in kg), exter-
nally supplied (angular) frequency of oscillation w, = we(t) = /K;/M; (in
rad/s) and stiffness K, = K;(t) (in N/m).

We extend the existing models of lip reeds [1] by introducing a nonlinear
collision between the lips based on potential quadratisation proposed by [14].
The collision potential is defined as

2[{C ac+1 Yz
= < 3
vl = (255 hs) ®
with collision stiffness K. > 0 and dimensionless nonlinear collision coefficient
ac > 1, The inverted distance between the lips n = 7(t) £ —y — Hy (in m),

for static equilibrium separation Hy (in m). [n]+ = 0.5(n + |n|) indicates the
“positive part of ”. Notice, that if > 0, the lips are closed and the collision
potential will be non-zero. This quadratic form of a collision potential allows
for a non-iterative implementation [14]. This will be explained further in
Section 3.

Finally, S; (in m?) is the effective surface area and

Ap = Py —p(0,t) 4)

is the difference between the externally supplied pressure in the mouth P, =
Py (t) and the pressure in the mouthpiece p(0,t) (all in Pa). This pressure
difference causes a volume flow velocity following the Bernoulli equation

2|A
U = il sgn(Ap)y 227, ®

(in m?/s) with effective lip-reed width w, (m). Another volume flow is gener-
ated by the lip reed itself according to

o
U, =S, b (6)

(in m?/s). Assuming that the volume flow velocity is conserved, the total air
volume entering the system is defined as

S(0)0(0,) = Us(t) + Us(2). @)

This condition serves as a boundary condition at z = 0 for system (1).
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Fig. 1: Diagram of the lip-reed system with the equilibrium at 0 and the distance from the lower lip Hy.
The various symbols relate to those used in Eq. (2).

3 Discretisation

The continuous system described in the previous section is discretised using
FDTD methods, through an approximation over a grid in space and time.
Before presenting this discretisation, we briefly summarize the operation of
FDTD methods.

3.1 Numerical Methods

Consider a 1D system of (static) length L described by state variable v = u(z, t)
with spatial domain z € [0, L] and time ¢t > 0. The spatial domain can be
disctretised according to = [h with spatial index ! € {0,..., N}, number of
intervals between the grid points N, grid spacing % (in m) and time as ¢t = nk
with temporal index n € Z°" and time step k (in s). The grid function u}"
represents an approximation to u(x,t) at x = lh and t = nk.

Shift operators can then be applied to grid function u}*. Temporal and
spatial shift operators are

n __ . n+l n_ ,n—1
ErUp = Yy 3 €U = Uy ;

)

n __,n n__,n
CotUp = Uy, Co-Up = Up_1,

from which more complex operators can be derived. First-order derivatives can
be approximated using forward, backward and centred difference operators
in time 1 )
Ci4+ — — €r— Ct+ — E¢—
O = 0 = 0p = ——— 9
t+ k s Ut L s Ut 2% ) ( )
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(all approximating 0;) and space

ext+ — 1 o l—ep

51 = 75:6—*
+ h

€r4 — Exp—
5, = Set —Com 1
, , (10)

2h

(all approximating 0,) where 1 is the identity operator.
Furthermore, forward, backward and centred averaging operators can be
defined in time

€4 +1 1+ €t Ci4 + e
= = e 11
M+ 5 e 5 Mt B) ) (11)
and space
ext +1 14+e, €xt + €x_
ot = ) Hg— = y By = ——5——. 12
fa+ 5 7 5 7 5 (12)

Finally, an approximation d;; to a second time derivative may be defined as

1
5tt = 5t+5t7 = p (6t+ -2+ et,) . (13)

3.2 Discrete Tube

As a first step, the domain = € [0, L] can be subdivided into N equal segments
of length h (the grid spacing). Interleaved grid functions approximating p and
v may then be defined. Grid function p]" with I € {0,..., N} approximates
p(z,t) at coordinates & = lh, t = nk and v /2 with I € {0...,N — 1}

14+1/2
approximates v(z, t) at coordinates x = (I +1/2)h, t = (n+1/2)k. In addition,
a discrete cross-sectional area S; ~ S(z = lh) with [ € {0,..., N} is assumed

known. System (1) can then be discretised as

5(l n n
R(Swpz = —5r7(51+1/2vl:11/22)7 (14a)
podi— v = —0upl, (14b)

where 512 = piz+S; and S = pe_ S /2 are approximations to the continu-
ous cross-sectional area S(z). The values for S; at the boundaries, i.e., Sy and
Sy, are set equal to S(0) and S(L).

Expanding the operators, we obtain the following recursion

n_ POCA n n
it = - %(Slﬂ/ﬂlﬂl/; - qu/zvl_ﬁ%z), (15a)
n+1/2 n—1/2 A n
Ul:l//Q = Ul+1//2 = — (P — 1) (15b)

poC
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where \ = ck/h is referred to as the Courant number and
A<1 = h>ck (16)

in order for the scheme to be stable [15]. In implementation, the following
steps are taken to calculate A:

L L
h:=ck, N:= {hJ . hi= ¥ A= o (17)

where |-| denotes the flooring operation and is necessary because N is an
integer. This causes (16) to not be satisfied with equality for all choices of L.
Equations (15a) and (15b) hold for [ € {0,...,N}and ! € {0,...,N — 1}
respectively, and thus, in analogy with the continuous case, two numerical
boundary conditions are required in order to update pj ** and p;t*. These are
provided by numerical equivalents of the excitation condition (see Section 3.3

below) and the radiation condition (in [13]).

3.3 Lip reed

As the lip reed interacts with the particle velocity of the tube via Eq. (7), it is
discretised to the interleaved temporal grid, but to the regular spatial grid as
it interacts with the boundary at + = 0. Equations (2) - (7) are then discretised
as follows:

Mr5ttyn+1/2 = - Mr(W?H/Q)QNt-ynH/Q

n+1/2 ny n+1/2 n+1/2 (182)

— M,o.6:.y + (™) g + S:Ap )
Apnt1/2 = P£+1/2 — el (18b)
Ug "% = wi [~y +1/2)  sgn(Ap"1/2) -\ J2| Apm /2| [po,  (180)
Ul:n,+1/2 — Srét-y7l+1/27 (18d)
Mw—(S1/2U?/+21/2) = Uyt U2, (18e)

Here, following [14],
. w YT it 2 >0 (19a)
Yr if
g2 — *QW if " t/2 <0 (19b)
; if nn+l/2 <0 (19 )
’ C
and 7,]* _ nn71/2
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Fig. 2: Schematic showing data flow of how different grid points at time index n + 1 are calculated with
o = 0.25 in Eq. (25). To prevent cluttering, arrows going straight up (indicating that the state of a grid
point at time step n is needed to calculate the state of that grid point at n+ 1) are suppressed. As an example

of the usual case (refer to Eq. (15)), the points required to calculate p;H_l are shown. Furthermore, the

points needed to calculate p?j’nl and q3+1 are shown. The most important difference with the usual case is

that the virtual grid points ply | | and g™, are the result of the interpolation of known pressure values at
n using Eq. (27).

where k = 1if Y™ > 0, otherwise kK = —1. It should be noted that condition
(19¢) has been added to the definition of g from [14] to prevent a division by
0 in (19b). Finally, n* = —y* — Hy where y* is the value of y"*3/2 calculated
using system (18) (after expansion) without the collision potential. This means
that system (18) needs to be calculated twice every iteration, once without the
collision term and once with. The process of calculating the pressure difference
Ap"t1/2 in (18) will not be given here, but the interested reader is referred to
[13, Ch. 5] for a derivation.

4 Dynamic grid

The defining feature of the trombone is its slide that alters the length of the tube,
changing the resonant frequencies. In a companion paper [8], we present a
method to dynamically change grid configurations of FD schemes by inserting
and deleting grid points based on an instantaneous value of the time-varying
wave speed c(t). Although here, the tube length L(¢) is varied, the method still
applies. Note that this method only works for slow (sub-audio rate) parameter
changes.

We can split a tube with time-varying length L™ into two smaller sections
with lengths L} and Ly (in m) such that L™ = L7} + Ly. Splitting the schemes

in (14) in this way yields two sets of first-order systems. The pressure and
n+1/2
lp+1/2
discrete domain [, € {0,..., M"}, and those of the second (right) system g’
n+1/2
lg—1/2

particle velocity of the first (left) system p;’ and v are both defined over

and w are defined over discrete domain [, € {0,..., M}, with

M" =[L?/h], and MD=|L"/h] (20)
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where [-] denotes the ceiling operation. Note, that the domains for v and w
have an extra grid point when compared to the regular case in (14) and that
w is indexed with [, — 1/2 rather than I, + 1/2. The resulting system of FD
schemes then becomes

Si

o oi4pp, = —5m—(Sl+1/2UZTl//:;)7 (21a)
podev) L = 6y}, (21b)
L Ssat, = B (S ), (210)
podewy N = ~0, qf. (21d)

Here, due to the different indexing for w, the spatial derivatives for the right

system are flipped (0,4 became 6, and vice versa). Also note, that [ is still

used for the spatial indices of S and S which now approximate S(z) according
to

S(x=1h f 0,L7

Sz%{ (x ) orz € [0,L], 22)

S(x=L"— (Mg —1)h) forxe Ly, L"]

The conditions for the outer boundaries of this system, i.e., at [, = 0 and
lg = M, are the same as for the full system. The inner boundaries, [, = M"
and [, = 0 are connected according to the method described in [8] to be

explained shortly. To be able to calculate pli}.' and g; ™', the domains of v and

w have been extended at the inner boundaries to include vx;fﬁ /2 and wﬁr/lz/ 2
These, however, require points outside of the domains of pj’ and ;! , i.e., pii/n 4y
and ¢”;. In [8] we propose to calculate these virtual grid points based on known
values of the system. Despite the fact that [8] presents the method using a

second-order system, it can still be applied here. The process of how p7/.! and

qo™! are calculated is visualised in in Figure 2. Notice that all time steps use
the same value of M™ and M. In other words, the expansion of the temporal

operators in (9) do not affect the temporal indices n in M™ and M.

4.1 Changing the Tube Length

In the following, the location of a grid point u; along the grid (in m from the
left boundary) at time index n is denoted as 7}, .
The two pairs of first order systems in (21) are placed on the same domain
x with
x, =lph, and xy =L"— (M —1,)h, (23)

Py qdiq

describing the locations of the left system and right system respectively. Here,
it can be observed that as the tube length L™ changes, the locations of the grid
points of the right system will change. More specifically, as the trombone-slide
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is extended and L" increases, all grid points of the right system move to the
right, and to the left for a contracting slide. If L™ is changed in a smooth
fashion, the continuous domain = € [0, L] will not necessarily be subdivided
into an integer amount of intervals N (of size h = ck). This is where a fractional
number of intervals is introduced and is defined as

N™=L"/h, (24)

which is essentially the calculation of N in Eq. (17) without the flooring
operation, and N = |N"|. The fractional part of A" can then be calculated
using

a=a"=N"-N", (25)

which describes the distance between the inner boundaries along the grid in
terms of how many times h would fit in-between (which is always less than
once). If N = N™ and a = 0, the inner boundary locations perfectly overlap,
and zj;, . = g . This also means that the domain z can be exactly divided
into N" equal intervals of size h = ck. As the virtual grid points p}n 4
and ¢™, perfectly overlap with ¢} and p},._, respectively, these values can
be used directly to calculate the grid points at the inner boundaries. This
situation effectively acts as a rigid connection between the grid points at the

inner boundaries defined as
p?{zn == q6L7 1f o = O. (26)

If a # 0, some other definition for p};.  ; and ¢", needs to be found. We use
quadratic Lagrangian interpolation according to

n a—1, n -1,
n Eal— n — 5 27
Prrg1 = P T 0o — oG (27a)
a—1 a—1
%y = *mprfw—l + Phyn + mq(}, (27Db)
which can then be used to calculate vKﬁlﬁ /o and ler/IQ/ ? and consequently

phfl and ¢ftt (see Figure 2). This process is repeated every sample. It can

be shown through the rigid connection in (26), that if o = 0, the definitions in
(27) reduce to pjy;n | = qf and ¢y = pjy;._; as stated before.

4.2 Adding and removing grid points
As the tube length L™ changes, L} and Ly also change according to

Lt =Lr ' +05L%g, LI=Ll"" +0.5L%, (28)
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where
dig = L" — L1, (29)

which causes the number of intervals between grid points M" and M} to
change as well, according to Eq. (20).

The following state vectors are introduced for the pressure, defined for n+1
and n

p" = [Py, pY, - P @ = [0 01 e diy ] (30)
and for the velocity, defined for n +1/2and n — 1/2

n—1/2 _ .n—1/2 n—-1/2 n—1/2 1T
\% / = [’1)1/2 3’113/2 j-.-,’UMn_A'_l/Q] 5 (31)
-1/2 _ 1, n—1/2 n—-1/2 n—1/2 T
w" / = [w_1/2 ,’11)1/2 7...,’LUM;,_1/2] y

and contain the different states over the discrete domains defined at the begin-
ning of this section. Here, T" denotes the transpose operation.
If N* > N"~1, points are added to the left and right system in an alternating
fashion:
p" =[(p")", Lr"]"

ynm1/2 = [(ynm1/2)T | [gnm 2T if N" is odd,

o (32)
q" = [I3r",(q")"] oA
e if N" is even,
{Wn—l/Q _ [I;,_Zw 1/2’ (Wn—l/Q)T]T
where .
r't = [pTJLVI"—lva](WHq(TJL?q?] ’
n—1/2 _ 1 n—1/2 n—1/2 n—1/2 n—1/21T
2, = [UNI”'71/27UJW”+1/2’M1/2 » W3 /9 " =, (33)
n—1/2 _ 1.n—1/2 n—1/2 n—1/2 n—1/21T
2y, % = [U]V["—3/27UM"—1/27w—1/2 » Wy /9 '+,
and cubic Lagrangian interpolator
_ a(a+1) 20 2 20
L= -GSty 25 ok ) (34)
Here,
m=n 2= (w1 =) - 10,0,1, 107 (35)

adds an offset to half of the elements in the z vectors depending on the dif-
ference between U"M_nlﬁ /2 and wfz/lz/ ®. Why this is necessary will be further
explained in Section 4.3. Finally, I5~ and n* are flipped versions of (34) and

(35) respectively.
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If N < N"~1, points are simply removed from the vectors according to

n __ 7 T T
{P (PG5 - - Phgn_1] if N" is even,

n— n—1/2 n—1/2
v 1/2 = [v1/2 / 7~..7UM7111/2T (36)
A = e i )T -
n— n—1/2 n—1/2 if N" is odd.
{w 1/2:[wl/2 ""’wM;l—/1/2]T

Notice that the even and odd conditions in Egs. (32) and (36) can be swapped.
To stay as close to the desired location of adding and removing grid points as
possible, this requires the ceiling and flooring operations in (20) to be swapped
as well.

4.3 Drift of w

The inner boundaries of the pressure states p and ¢ are connected by (27), but
no such connection exists for the velocity states v and w. As the radiating
boundary is implemented on the pressure grid, this leaves w without any
boundary condition; it is only “held in place” by the pressure values of ¢, or
more specifically, by derivatives (both spatial and temporal). As FD schemes
are an approximation, it does not give a perfect solution and w tends to ‘drift’
during the simulation, especially when L" is changed.

Luckily, as the pressure values are also calculated from derivatives of the
velocity, the absolute state of w does not matter. The difference in values at
the connection point is also irrelevant as there is no spatial derivative taken
between v and w (refer to Figure 2). Finally, the pressure values are used for
the output audio of the simulation, so the drift does not affect the audio.

The absolute states of the velocity vectors do, however, need to be accounted
for when adding points to the v and w using (32). The current drift can be
approximated by observing the difference between wi}% * and vanﬁ /27 @S
these have approximately the same « location (z3, _, , = =7, ..., ) Wwhenagrid
point is added. This is then used in a drift-correction vector n"~'/2 presented
in (35). When a point is added to v, the values of w in z, are offset by the
aforementioned difference and when a point is added to w the same happens
(inverted) for the values of v in z,,. This way, the drift is allowed, but does not
affect the state of the newly added grid points. Notice that the drift does not

affect the operations of point removal in (36).

4.4 State Correction

As L", and consequently the number of grid points, is decreased, it might
occur that the grid points at the inner boundaries p};. and ¢f have a very
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different value when « 2 0, i.e., right before a point is removed. This violates
the rigid connection in Eq. (26).

We propose in [8] to add an artificial spring-like connection between the
grid points at the inner boundaries that “corrects” the state of these points.
Applying this to system (21) extends Egs. (21a) and (21c) according to

Sy

n n+1/2 n n
Réﬁrplp = _5z7(Sl+1/2vlp—:1//2) + Jp(xpMn)Fscv (37a)
gl n n+1/2 n n
O, = 0 (S 2wy VR = T P, (37b)

where the spreading operators are defined as

Jp(xn) — { %’ lp = I_l‘?/hj and

1 .
0, otherwise,

L ly=|at/h] — M" )
Ja(ai) = { (])1,7 c;ltherwlise.
Furthermore, the correction effect is defined as
Fg =B (pene + 0scbrmge) (39)
with spring damping o, pressure difference
e = 45 — Phrns (40)
and scaling coefficient .
-«
B=Bla) = —. @)

Here, ¢ < 1 to prevent division by 0. Just like in [8], the implementation of
the correction effect allows for an infinite 5 when o = € = 0 acting like a rigid
connection between Egs. (37a) and (37b).

5 Implementation

The implementation has been done in C++ using the JUCE framework !, and
is available online? as well as a demo showcasing it.> The audio output of
the system can be retrieved by selecting a grid point on the pressure grid and
listening to this at the given sample rate f;. Here, the radiating boundary
Qi i chosen, as this is where the sound enters the listening space in the real

thttps:/ /juce.com/
2https:/ /github.com/SilvinWillemsen/cppBrass/releases /
Shttps:/ /youtu.be/Ht5gVNrshYo
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Table 1: Geometry of a measured trombone taken from [16]. Numbers correspond to Figure 3.

Part of tube Length (cm) | Radius (cm)
Inner slide (1) 70.8 0.69
Outer slide (extended) (2) 53 0.72
Slide crook (3) 17.7 0.74
Outer slide (extended) (4) 53 0.72
Inner slide (5) 71.1 0.69
Gooseneck (6) 24.1 0.71
Tuning slide (7) 254 0.75,1.07
Bell flare (8) 50.2 1,10.8

(1) (2)

D (©)]

4)

Fig. 3: Diagram showing the trombone geometry (not to scale). Numbers correspond to the parts of the tube
found in Table 1 and dashed lines highlight where the different parts are separated. The tube is split in the
middle of the slide crook with the colours corresponding to those in Figure 2.

world. To mimic low-pass filtering happening due to a distributed radiating
area, a 4M-order low-passing Butterworth filter with a cutoff frequency of
fe = \/m/S(L) ~ 3245 Hz is used. This equation is retrieved by choosing
the listening point to be at the bell surface and integrating over the bell area.

5.1 Parameters

For the most part, the parameters used in the simulation have been obtained
from [13, 16, 17]. The lengths and radii of different parts of the tube can be
found in Table 1 and a diagram showing this geometry is shown in Figure 3.
The system is split in the middle of the slide crook such that the ranges for the
lengths of the two tubes are L} € [0.797,1.327] and L} € [1.796, 2.326].

Other parameters used in the simulation can be found in Table 2. Not
included here is A, which has been set slightly lower than the stability condition
in (16), i.e.,, A = 0.999. Although the implementation works when A = 1, this
is done to tolerate (much) higher speeds of change in L™ before instability
occurs (see Section 5.2). Not satisfying condition (16) causes bandlimiting and
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Table 2: List of parameter values used for the simulation. Taken from *[16], *[13] or **[17] with temperature
T = 26.85°C.

Name | Symbol (unit) | Value

Tube

Length L (m) 2.593 < L < 3.653"
Air density po (kg/m?) 1.1769**
Wave speed c(m/s) 347.23**
Geometry S (m?) See Table 1.
Lip reed

Mass M, (kg) 5.37-107°*
Frequency wr (rad/s) 20 < wy/2m < 1000
Mouth pressure Py (Pa) 0 < Py <6000
Damping o (s71) 5%

Eff. surface area S: (m?) 1.46 - 1075*
Width wy (M) 0.01*
Equilibrium sep. Hy (m) 2.9.107%*
Coll. stiffness K. (N/m) 10*
Nonlin. coll. coeff. ac (-) 3

Other

State corr. damping Osc 1

Sample rate fs (Hz) 44100

dispersive effects [15], but such a small deviation from the condition has no
perceptual influence on the output sound and outweighs the problems caused
by instability.

As the tube acts mainly as an amplifier for specific resonant frequencies it
is important to match the frequency of the lip reed to a resonating mode of the
tube. This frequency depends on L" in the following way

2me

n+1/2
Wr 7fp0Ln+1/27

(42)
where L"+1/2 = [ and scalar multiplier 7 = 2.4 was heuristically found to
best match the 4™ resonating mode of the tube and generates a recognisable
brass sound.

5.2 Limit on speed of change

To reduce audible artifacts and instability issues from adding and removing
points, and to stay in the sub-audio rate regime, a limit can be placed on (29)
as

L(T;lliff < Nmaxdiffh7 (43)
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LipFrequency (Hz): 235.08  Length (m): 2.97  Pressure (Pa): 2995.17

Fig. 4: Screenshot of the graphical user interface (GUI). The geometry (in orange) as well as the states of the
pressure (in blue) and velocity scaled by S (in green) are shown. For clarity, the start and end of the outer
slide are denoted by dashed lines. The drift of w as explained in Section 4.3 is visible from the “kink” in the
green line exactly in the middle of the outer slide.

where Mpaxitr is the maximum change in N per sample and has been set to
Nmaxdit = 1/20. This means that a grid point can be added or removed every
20 samples and allows the entire range of L to be traversed in ca. 0.06 s at a
sample rate of f; = 44100 Hz.

5.3 State correction

The introduction of system states at n + 1 through the centred operators in Eq.
(39) seem to make the scheme implicit. It is, however, possible to calculate Fi.
explicitly [15, 18]. The same operators also introduce the need for values at
n—1,ie., pi.' and ¢~ '. Therefore, the vectors p”~! and q"~! will need to
be stored, and the operations to add and remove grid points as described in
4.2 need to be applied to these as well. One could argue that only two points
at the inner boundaries are needed for the calculation and to create r in (33)
at n — 1. For generality, we continue with the entire vectors defined over the
same domains as p” and q" respectively.

5.4 Graphical User Interface and Control Mapping

A screenshot of the graphical user interface (GUI) is shown in Figure 4. The
geometry of the tube is plotted along with paths showing the pressure states
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while application is running do

Retrieve new parameters
Update Ly and Ly
Calc. N and N™
Calc. "
if N* # N"~! then
Add or remove point
Update M™ and M}
end
Calc. pjy;n, and ¢"
Calc. v"+1/2 and wn+1/2
Calc. y"13/2 w/o collision
Calc gnt1/?
Calc. y"3/2 with collision
Calc. Ugﬂ/z and U TY/?
Calc. p"*! and q"*!

(L™, wi* and P)

(Egs. (29), (43) & (28))
(Egs. (24) and (17))
(Eq. (25))

(Eq. (32) or (36))
(Eq. (20))

(Egs. (27))
(Egs. (21b) and (21d))
(Egs. (18))
(Eq. (19)
(Egs. (18)
(Egs. (18c) and (18d))
(Egs. (37))

Retrieve output

Update system states (p"~ ! =p", p" = p"*') (same for

Vn—1/2 =..,
yn—l/Ql yn+1/2, and ,L/)n)
Update N1 (N1 =N™)
Increment n
end

Algorithm 1: Pseudocode showing the order of calculations of the algorithm
implementing the trombone.

in blue and the velocity (scaled by the geometry S) in green. The audio thread
of the application runs at 44100 Hz whereas the graphics are updated at a rate
of 15 Hz.

The real-time application is controlled by interacting with the bottom panel
using the mouse. The x-axis is mapped to tube-length L™ and also modifies the
lip-reed frequency w; according to Eq. (42). The y-axis changes the multiplier
Fin Eq. (42) and the black line in the vertical middle of the control panel is
mapped to F = 2.4. The pressure is modulated by a slider at the bottom of
the control panel. As of now, no focus has been put on intuitive parameter
mapping; it has only been implemented for simple parameter exploration.
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5.5 Order of Calculation

Algorithm 1 shows the order in which the different parts of the system pre-
sented in this paper are calculated.

6 Results and Discussion

The real-time implementation has been tested on a MacBook Pro with a 2.2
GHz Intel i7 processor and was informally evaluated by the authors. The
speed of the algorithm was tested with and without the graphics-thread and
using three different styles of interaction: static excitation at the shortest and
longest length, and rapidly (and continuously) changing L and w, between
their minimum and maximum values given in Table 2. The pressure was kept
at P, = 3000 Pa at all times. The results are shown in Table 3. Differences in
CPU usage between a short and long tube length are because more grid points
need to be calculated in the long case. The recalculation of the geometry
maximally once every 20 samples in the rapidly moving case explains the
increase in CPU usage there. These results show that the implementation can
easily be used as an audio plugin, with or without graphics.

Table 3: Average CPU usage (in %) for different graphics settings and various interactions with the
application.

Tube length Graphics (%) | No graphics (%)
Short (L™ = 2.593 m) 12.1 43
Long (L™ = 3.653 m) 14.4 52
Rapidly changing 17.7 10.1

Informal listening tests by the authors confirm that the audio output of the
simulation exhibits brass-like qualities. However, the implementation requires
some further refinements to be considered as a complete trombone. Possible
extensions to improve the realism of the simulation sound could be to add
viscothermal losses [19] or nonlinear effects [3]. Furthermore, for lower values
of the lip frequency wr, the sound exhibits extra oscillatory behaviour making
the output “non-smooth”. This might be due a higher average displacement
of y for lower w; and the nonlinear collision present in the lip model will have
a greater effect on its displacement. Variable collision stiffness might solve this
issue but is left for future work.

Informal listening by the authors shows that the method used to implement
the dynamic grid does not introduce perceivable audible artifacts, even when
L™ is changed very rapidly. Naturally, this needs to be confirmed by formal
listening tests. Despite the limit placed on the speed of change of L™ in (43)
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the control of the application does not exhibit a noticeable delay and changes
in L™ feel immediate.

The main difference between the method in [8] and the version used here,
is that the method is applied to a system of first-order equations rather than
the second-order 1D wave equation. Because the connection between the inner
boundaries is only applied to the grid functions describing pressure, a drift
occurs in w as it is left without boundary conditions. Although this drift does
not have an effect on the output sound, as discussed in Section 4.3, too high or
low values might cause rounding errors in the simulation. As it is expected
that this only happens at extremely high or low values after a long simulation
length, the drift is not considered an issue at this point.

7 Conclusion

In this paper, we have presented a full implementation of the trombone in-
cluding a lip reed, radiation and a tube, discretised using FDTD methods on a
dynamic grid. Informal evaluation by the authors shows that the implemen-
tation exhibits no audible artifacts when grid points are added and removed,
even under relatively fast variation in tube length. Naturally, this needs to be
confirmed by formal listening tests. Moreover, the simulation easily runs in
real-time allowing it to be used as an audio plugin.

Future work will include extending the tube model to include more realistic
viscothermal and nonlinear effects and variable collision stiffness in the lip
model. Furthermore, the investigation of more intuitive control parameter
mappings is a necessary step towards a real-time instrument.
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Appendix A

Paper Errata

This appendix presents a few errors that appeared in the papers [D] and [F].

Real-time Implementation of a Physical Model of the Tromba Marina [D]

e The minus sign in Eq. (28) (and thus Egs. (31) and (35)) should be a plus
sign.

e 015 in Eq. (21) should be oy .

e The unit of the spatial Dirac delta function § should be m~1.

DigiDrum: A Haptic-based Virtual Reality Musical Instrument and a Case
Study [F]

e 0pand o; in Eq. (1) should be multiplied by pH in order for the stability
condition to hold.

o The stability condition is wrong. It should be:

h > \/c%? + do1k + \/(c2k2 + 401 k)? + 16K2k2. (A1)

e The unit for membrane tension is N/m.
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Appendix B

Matrices

This appendix aims to provide some fundamental knowledge on matrices and
linear algebra used throughout this thesis.

A matrix is a rectangular array with numerical elements and its dimensions
are denoted using “row x column”. A 3 x 5 matrix, for example, thus has 3
rows and 5 columns (see Figure B.1a). Along those lines, a row vector is a
matrix with 1 row and more than 1 column and a column vector is a matrix with
1 column and more than 1 row.

In this document, matrices and vectors are written using bold symbols.
A matrix is denoted by a capital letter — such as A — whereas vectors are
decapitalised — such as u. An element in a matrix is denoted with a non-bold,
decapitalised variable, where the subscripts indicate the indices of the row
and column. For example, the element in the 2@ row and the 4" column of
a matrix A is denoted as as4. An element in a vector only has one subscript,
regardless of whether it is a row or a column vector.

B.1 Operations

Multiplying and dividing a matrix by a scalar (a single number) is valid and
happens on an element-by-element basis. For a 2 x 2 matrix A and scalar p the
following operations hold

p-air p-aiz ai/p aia/p
A=Ap= , and A/p= .
P P [p “a21 p- 022} /P [am/p 022/1)]

Notice that although a matrix can be divided by a scalar, a scalar can not
necessarily be divided by a matrix. See Section B.2 for more information.
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Appendix B. Matrices

Matrix transpose

A matrix or vector can be transposed, which is indicated by the T" operator.
Transposing a matrix A is denoted by A”. This means that the elements in the
i row and the j column of the original matrix become the elements in the
j row and the i column of the transposed matrix. Essentially the row and

column indices of the elements inside the matrix get switched according to

Also see Figure B.1. For a row vector, the transpose operation simply changes
it to a column vector and vice versa. Another way of seeing a transpose is that
all the elements get flipped over the main diagonal of the matrix. The main
diagonal comprises the elements a;; where i = j and a transpose does not
affect the location of these elements.

ajl G221 a3z
a2 Gz a3

ailr a2 a3 Ay ais AT = a3 ax a3

A=laxn ax» a3 au ax a4 Q24 Q34

asy ag2 az3 as  ags ais Qs ass

(a) A 3 x 5 matrix A. (b) A transposed matrix AT of size 5 x 3.

Fig. B.1: A matrix A and its transpose A”. The elements get flipped along the main diagonal of
the matrix according to Eq. (B.1).

Matrix multiplication

Matrix multiplication (this includes matrix-vector multiplication) is different
from regular multiplication in that it needs to abide several extra rules. The
multiplication of two matrices A and B to a resulting matrix C is defined as

K
Cij = Z airbj, (B.2)
=1

where K is both the number columns of matrix A and the number of rows in
matrix B. It thus follows that, in order for a matrix multiplication to be valid,
the number of columns of the first matrix needs to be equal to the number of
rows in the second matrix. The result will then be a matrix with a number of
rows equal to that of the first matrix and a number of columns equal to that of
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B.2. Matrix inverse

the second matrix. See Figure B.2 for reference.

As an example, consider the L x M matrix A and a M x N matrix B with
L # N. The multiplication AB is defined as the number of columns of matrix
A (M) is equal to the number of rows of matrix B (also M). The result, C, is a
L x N matrix. The multiplication BA is undefined as the number of columns
of the first matrix does not match the number of rows in the second matrix. A
valid multiplication of two matrices written in their dimensions is

A B C
—— —— —
(LxM)-(MxN)=(LxN). (B.3)
6 x 6 6x1 6x1 6 x6
: 1x6 1x6
- - EEEEEE] = (I 111
B (a) (©)
6x1 6x1 6x6
1x6 : 1x1 1x6
- = = O T =

o (b) @

Fig. B.2: Visualisation of valid matrix multiplications (see Eq. (B.2)). The “inner” dimensions
(columns of the left matrix and rows of the right) must match and result in a matrix with a size of
“outer” dimensions (rows of the left matrix and columns of the right).

B.2 Matrix inverse

If a matrix has the same number of rows as columns, it is called a square matrix.
Square matrices have special properties, one of which is that it (usually) can
be inverted. A square matrix A is invertible if there exists a matrix B such that

AB=BA=1. (B.4)

This matrix B is then called the inverse of A and can be written as A~!. Not
all square matrices have an inverse, in which case it is called singular. Rather
than going through manually inverting a matrix, or determining whether it is
singular, the following function in MATLAB will provide the inverse of a matrix
A:

A_inverted = inv (A);
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The inverse of a diagonal matrix (a matrix with non-zero elements on its main
diagonal and the rest zeros) is obtained by replacing the diagonal elements by
their reciprocal. So for a diagonal 3 x 3 matrix, the following holds:

ail 0 0 a1 0
0 a2 O = 0 é 0
0 0 ass 0 0 ﬁ

B.3 Systems of linear equations

Matrices can be conveniently used to solve systems of linear equations, a set of
linear equations containing the same set of variables.
For example, take the system of linear equations

4+ z=06,
z—3y=1"1,
2z 4y + 3z = 15,

with independent variables , y and z. The goal is to find a solution for these
variables that satisfy all three equations. This system could be solved by hand
using algebraic methods, but alternatively, the system can be written in matrix
form:

Au=w. (B.5)

Here, column vector u contains the independent variables z, y, and z, matrix
A contains the coefficients multiplied onto these variables and w contains the
right-hand side, i.e., the coefficients not multiplied onto any of the variables:

1 0 1 T 6

-3 1 =7

2 1 3 z 15
5}f—/\,_/ ——

This can be solved for u by taking the inverse of A (see Section B.2) and
multiplying this onto w
u=A"'w. (B.6)

Generally, if X unknowns are described by X equations, the unknowns can be
solved for, by using this method.

Solving a system of linear equations can be implemented in MATLAB by
using the code given in Section B.2 and multiplying this onto a vector w

u = inv(A) * w;
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B.4. Eigenvalue problems

or more compactly, by using the “\" operator:

u = A\w;

B.4 Eigenvalue problems

A square matrix A is characterised by its eigenvalues and corresponding eigen-
vectors. In a FDTD context, these are usually associated with the modes of a
system, where the eigenvalues relate to the modal frequencies and the eigen-
vectors to the modal shapes. Section 3.5 provides more information on this.

To find these characteristic values for a p x p matrix A, an equation of the
following form must be solved

Ap = \o. (B.7)

This is called is an eigenvalue problem and has p solutions (corresponding to
the dimensions of A). These are the p™ eigenvector ¢, and the corresponding
eigenvalue )\, which is calculated using

Ap = eig (A), (B.8)

where eig () denotes the ‘p eigenvalue of’. Instead of delving too deep into

eigenvalue problems and the process of how to solve them, an easy way to
obtain the solutions using MATLAB is provided here:

[phi, lambda] = eig(A, ’'vector’);

The p' eigenvector appears in the p™ column of p x p matrix phi and the
corresponding eigenvalues are given in a p x 1 column vector 1ambda.
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Appendix C

Code Examples

C.1 Mass-spring system (Section 2.3)

%% Initialise variables
fs = 44100;

k =1/ £fs;

lengthSound = fs;

sample rate [Hz]
time step [s]
length of the simulation (1 second)

o o° o

f0 = 440; % fundamental frequency [Hz]
omegal = 2 x pi x f0; % angular (fundamental) frequency [Hz]
M=1; % mass [kg]

K = omegal0"2 x M; spring constant [N/m]

%% initial conditions (u0 = 1, d/dt u0 = 0)
u = 1;
uPrev = 1;

o

% initialise output vector
out = zeros (lengthSound, 1);

%% Simulation loop
for n = 1l:lengthSound
% Update equation Eqg. (2.35)
uNext = (2 - K = k"2 / M) * u — uPrev;

out (n) = u;

% Update system states
uPrev = u;
u = ulNext;

end
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Appendix C. Code Examples

C.2 1D wave equation (Section 2.4)

%% Initialise variables

fs = 44100; Sample rate [Hz]

k =1/ fs; Time step [s]

lengthSound = fs; Length of the simulation (1 second) [samples]

o o oe

c = 300; % Wave speed [m/s]

L =1; % Length [m]

h =c¢c * k; % Grid spacing [m] (from CFL condition)

N = floor (L/h); % Number of intervals between grid points

h =1/ N; % Recalculation of grid spacing based on integer N

lambdaSqg = c¢c”2 % k"2 / h"2; % Courant number squared

% Boundary conditions ([D]irichlet or [N]eumann)
bcLeft = "D";
bcRight = "D";

%% Initialise state vectors (one more grid point than the number of

intervals)
uNext = zeros (N+1, 1);
u = zeros(N+1, 1);

%% Initial conditions (raised cosine)

loc = round (0.8 = N); Center location
halfWidth = round(N/10);
width = 2 x halfWidth;
rcX = 0:width;

Half-width of raised cosine
Full width
x—locations for raised cosine

o0 de e o

rc = 0.5 - 0.5 * cos(2 * pi * rcX / width); % raised cosine
u(loc-halfWidth : loc+halfWidth) = rc; % initialise current state

[

% Set initial velocity to zero
uPrev = u;

% Range of calculation

range = 2:N;

% Output location
outLoc = round (0.3 * N);

%% Simulation loop
for n = 1l:lengthSound

% Update equation Eq. (2.44)
uNext (range) = (2 - 2 x lambdaSqg) =* u(range)
+ lambdaSqg * (u(range+l) + u(range-1)) - uPrev(range);

% boundary updates Eq. (2.49)

if bcLeft == "N"
uNext (1) = (2 - 2 % lambdaSqg) * u(l) - uPrev(l) ...
+ 2 x lambdaSqg * u(2);
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end

C.3. 2D wave equation (Section 6.2)

end

% Eg. (2.50)

if bcRight == "N"
uNext (N+1) = (2 - 2 » lambdaSqg) * u(N+1l) - uPrev (N+1)
+ 2 % lambdaSqg * u(N);

end

out (n) = u(outlLoc);

% Update system states
uPrev = u;

u = uNext;

C.3 2D wave equation (Section 6.2)

%% I
fs =
x =

leng

rho

(Ol
o

h =
Nx =
Ny =
h =

lamb
h =

%% C
Nxu
Nyu
Dxx
Dyy

% Kr

o o

= 1;

nitialise variables
44100; % Sample rate [Hz]
1 / fs; % Time step [s]
thSound = fs; % Length of the simulation (1 second) [samples]
= 7850; % Material density [kg/m”3]
0.0005; % Thickness [m]
1000000; % Tension per unit length [N/m]

sqrt (T / (rho % H)); Wave speed [m/s]

Length in x direction [m]
Length in y direction [m]

o0 o

’

sgqrt (2) * c * k;
floor (Lx/h);
floor (Ly/h);

min (Lx/Nx, Ly/Ny);

Grid spacing [m]

Number of intervals in x direction
Number of intervals in y direction
Recalculation of grid spacing

o o° o o

dasg = c*2 * k"2 / h"2;
max (Lx/Nx, Ly/Ny);

Courant number squared
Recalculation of grid spacing

o° o

reate scheme matrices with Dirichlet boundary conditions
= Nx - 1;

= Ny - 1;

= toeplitz ([-2, 1, zeros(l, Nxu-2)]);

= toeplitz ([-2, 1, zeros(l, Nyu-2)1]);

onecker sum

kron (speye (Nxu), Dyy) + kron(Dxx, speye (Nyu));
D / h"2;
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% Total number of grid points
Nu = Nxu x Nyu;

%% Initialise state vectors (one more grid point than the number of

intervals)
uNext = zeros(Nu, 1);
u = zeros(Nu, 1);

%% Initial conditions (2D raised cosine)
halfWidth = floor (min (Nx, Ny) / 5);

width = 2 » halfwidth + 1;

xLoc = floor (0.3 =% Nx);

yLoc = floor (0.6 % Ny);

xRange = xLoc-halfWidth : xLoc+halfWidth;
yRange = yLoc-halfWidth : yLoc+halfWidth;

rcMat = zeros (Nyu, Nxu);

rcMat (yRange, xRange) = hann(width) »* hann(width)’;
% initialise current state

u = reshape(rcMat, Nu, 1);

% Set initial wvelocity to zero
uPrev = uj;

% Output location

xOut = 0.45;

yout = 0.25;

outLoc = round( (xOut + yOut x Nyu) = Nxu);
out = zeros(lengthSound, 1);

%% Simulation loop
for n = 1l:lengthSound

%% Update equation Eq. (6.21)

uNext = (2 x eye(Nu) + c”2 % k*2 % D) * u - uPrev;
% Update system states

uPrev = u;

u = uNext;

end
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Appendix D

Intuition for the Damping
Terms in the Stiff String PDE

This appendix will delve deeper into the damping terms in the PDE of the stiff
string presented in Chapter 4, especially the frequency-dependent damping
term 2010,0%u. Recalling the compact version of the PDE of the stiff string in
Eq. (4.4):

8fu = 0233@ — H2aﬁu — 2000iu + 20181535% (D.1)

consider first the frequency-independent damping term —20(0,u. The more
positive the velocity d,u is, i.e., the string is moving upwards, the more this
term applies a negative, or downwards force (/effect) on the string. Vice versa,
a more negative velocity will make this term apply a more positive force on
the string.

As for the frequency-dependent damping term, apart from the obvious
o1, the effect of the term increases with an increase of 9;0%u, which literally
describes the ‘rate of change of the curvature’ of the string.

First, consider the meaning behind positive and negative curvature, i.e.,
when 92u > 0 or §%u < 0. Counter-intuitively, in the positive case, the curve
points downwards. Think about the function f(z) = 2. It has a positive
curvature (at any point), but has a minimum. This can be proven by taking
x = 0 and setting grid spacing h = 1.

Bua () = 13 (F(=1) = 20(0) + (1),

= 1—12 ((-1)? —2-0%+1?), (D.2)
=(1-0+1)=2.

In other words, the second derivative of the function f(z) = x? around z = 0
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is positive.

As the term does not only include a second-order spatial derivative but
also a first-order time derivative, this is referred to as a positive or negative rate
of change of the curvature, i.e., when 9,0%u > 0 or 8;0%u < 0. A positive rate of
change of the curvature means that the string either has a positive curvature
and is getting more positive, i.e., the string gets more curved over time, or that
the string has a negative curvature and is getting less negative, i.e., the string
gets less curved or ‘loosens up’ over time. In the same way, a negative rate
of change of curvature means that the string either has a negative curvature
and is getting more negative, or that the string has a positive curvature and is
getting less positive.

Let’s see some examples. Take the same function described before, but
now f changes over time, e.g. f(z,t) = tz®. When ¢ increases over time, the
curvature gets bigger. Repeating the above with = 0 and grid spacing h = 1,
but now with ¢t = 2 and step size k = 1, and with a backwards time derivative
yields:

be-tenft) = 1z (11,2202 + 70,2

- (f-1. - 270, + s1.1))),

1
=——(2-(-1)*?-2-2-(0)>+2-1?

_(1.(_1)2_2.1-(0)+1-(12))>,
=2+2-(14+1)=2.

So the rate of change of the curvature is positive, i.e., the already positively
curved function z? gets more curved over time.

If the curvature around a point along a string gets more positive (or less
negative) over time, the force applied to that point will be positive, effectively
‘trying’ to reduce the curvature. Vice versa, if the curvature around a point
along a string gets more negative (or less positive) over time, the force applied
will be negative, again ‘trying” to reduce the curvature.

From an auditory point of view, a higher curvature in space (generally) cor-
responds to a higher frequency in time. As the frequency-dependent damping
term aims to reduces the curvature along the string, it effectively damps higher
frequencies.
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Appendix E

Considerations in real-time
FD schemes

As an addition to what has been presented in Chapter 13, this appendix pro-
vides some considerations when working with FD schemes in real-time appli-
cations. Consider this some ‘tips and tricks’.

Prototyping in MATLAB

Before creating any real-time FD scheme, it is usually a good idea to prototype
a physical modelling application in MATLAB. Various reasons include, but are
not limited to:

1. The code is easier to write and debug.

2. Data is more easily visualised, allowing for better insight to, e.g., the
state of your system (one could use drawnow for real-time plotting).

3. There is no need for memory handling.
4. Programming errors causing unstable schemes do not happen in real
time.
Creating a limiter

Stability issues in FD schemes have been mentioned several times in this work.
To protect speakers, headphones, or —most importantly —ears, it is thus impor-
tant to implement a limiter as one of the first things in any real-time application.
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Below is an example of a limiter that limits an input value between -1 and 1.

double limit (double wval)
{
if (val < -1)
{
val = -1;
return val;
}
else if (val > 1)
{
val = 1;
return val;
}

return val;

Vector indexing

One of the most common sources of error when translating MATLAB code to
C++ (apart from the differences in syntax), is the fact that MATLAB is 1-based,
and C++ is 0-based, which refers to the indexing of a vector. If u is a vector
with 10 elements, the first element is retrieved as u (1) and the lastas u (10).
In C++, on the other hand, retrieving the first and last element of a size-10
vector happens through u[0] and u[9] respectively.

Real-time control

For the real-time control of any application using FD schemes, whether it uses
the mouse or an external controller, the important thing is to not affect the
scheme while it is performing the update equation. If the system is excited
while the scheme is calculated, this might cause instability, or at the very least,
unpredictable behaviour. The best thing to do is to work with flags that get
triggered by outside control and get checked once per sample (or even only
once per buffer), before the calculation of the scheme.

Premature optimisation

As Donald E. Knuth states “premature optimization is the root of all evil [...]
in programming” [124] (see full quote at the start of Chapter 13). Often during
this project, much time was spent trying to find a variable mistake or a sign
error that could have easily been prevented if the code was not prematurely
optimised.

Most often it will take less time to write the code in a non-optimised, but
understandable way, followed by several iterations of optimisation. One might
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even find that the difference in speed is extremely small and might not even
need the optimisation at all.

Debug and Release modes

This might seem trivial for C++ developers, but whether one builds the ap-
plication in ‘Debug’ or ‘Release’ matters a lot for the eventual speed of the
algorithm. Depending on the mode, the compiler uses different optimisation
flags and could increase the speed of the application tremendously. The Debug
mode is still useful, as —apart from being able to debug the code —building the
application takes (much) less time, depending on the size of the application.

Denormalised numbers

The damping present in FD schemes causes the state of the system to expo-
nentially decay. What this means for the values of the state vectors in imple-
mentation, is that they keep getting closer to 0 but never reach it. After a long
period of time, which depends on the value of the damping coefficients, state
values can get in the range of ~1073%7! Numbers in this range are referred to
as denormalised numbers and operations performed with these are “extremely
slow” [125].

Although it rarely happens that numbers end up in this range, especially
when the application is continuously interacted with, it is good to account
for the possibility. For example, due to the strong damping in the body in
the tromba marina presented in Chapter 15, denormalised numbers appear
after only ~10 s of not interacting with the instrument, and the CPU usage
increases considerably. There are specific processor flags that can be activated
to truncate denormalised numbers to 0. To retain generality (cross-platform,
various processors), one could implement a simple check per buffer to see
whether values are closer to zero than e.g. 10725, and truncate all values of
that system to 0, as was done in paper [D].
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Appendix F

Derivations

This appendix contains derivations of several equations used in this thesis.

F.1 Summation by parts

To see why some of the summation by parts identities in Section 3.2.2 hold
true, it is useful to briefly go through a derivation. As an example, Egs. (3.12a)
and (3.13a) are derived as they have the same inner product as a starting point,
but yield different results. In the following, d = {0,...,N} and N = 2 are
used.

Starting with Eq. (3.12a), suppressing the n superscript for brevity, and
using the definition for the discrete inner product in Eq. (3.8), yields

2
1
(fv,00—g1)a = thlg (90 = g1-1)
1=0

= fogo — fog—1 + f191 — f190 + f292 — fag1,
= go(fo — f1) = fog—1 + 91(f1 — f2) + g2(f2 — f3) + f3g2,
=—go(fr — fo) — 1 (f2 — f1) — 92(f3 — f2) + f392 — fog—1,

2
1
= - E hgzg (fixr = f1) + f392 — fog-1,
=0

= —(0at S, q1)a + f392 — fog—1.

As N = 2, the result is identical to Eq. (3.12a).

467



Appendix F. Derivations

Similarly, identity (3.13a) can be proven to hold:

2
1
(fi,02-g1)a = E hflﬁ (g —g1-1),
=0

= fogo — fog—1 + f191 — f190 + f292 — fag1,
= —fog—1+ g90(fo — f1) + 91(f1 — f2) + fag2,
= —go(f1 — fo) — g1(f2 = f1) + fag92 — fog—1,

1
1
= E hglﬁ(fl-‘rl — fi) + f292 — fog—1,
=0

= (0t fi, 91)d + fog92 — fog-1,

where the resulting inner product has a reduced domainof d = {0, ..., N —1}.
Similar processes can be used to prove the other identities presented in Section
3.2.2.

F.2 von Neumann analysis damped stiff string

This section performs the von Neumann analysis presented in Section 4.3 in
greater detail and derives the stability condition for the damped stiff string.
Starting with the characteristic equation in Eq. (4.23):

80’1k‘

(1+ook)z + (16M2 sin(Bh/2) + (4)\2 + =3 ) sin?(Bh/2) — 2)

8ok . _
+ (1 ook = B sn(an/)) <o,

one can rewrite this to the form in Eq. (3.25), and using S = sin?(j3h/2) for
brevity, yields

=0.

2 (164787 + (4N 4+ 51E) S -2 | 1— ook — *}ES
25+ z+
1‘FO-O‘Z{: 1+0’0k

Stability of the system can then be proven using condition (3.26), and substi-
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F.2. von Neumann analysis damped stiff string

tuting the coefficients into this condition yields

8o1k 801k
16/,62824—(4)\24—?)8—2 71<1_00k_h7;8<17
14+ o9k - 1+ o0k -
8ok 8ok
‘16u282+(4)\2+ Z; >8—2‘—(1+00k)<1—00k— Z; S <1+ ook,
8a1k 8ok
16u282+(4)\2+ e )82 <2 =58 <2+ 200k

The second condition is always true due to the fact that 0y, 01 > 0. Continuing
with the first condition:

80’1k
h2

80’1k
h2

80’1k
h2

-2+ S§16u282+<4>\2+ )S2§2 S,

160’1k
h2

0<164%S? +4X28 <4 — S.

As 16128? + 4\%S is non-negative, the first condition is always satisfied. Con-
tinuing with the second condition:

1601k
164282 + (4)\2 + 6;1 ) S<4,

do1k
4282 + <)\2+ 3 )5 <1.
As the left-hand side takes its maximum value for S = 1, one can substitute
this and continue with the substituted definitions for A and x from Eq. (4.11)
to yield
4k%k2 k% + 4ok
W + 52 <1,
4k2k% + (Pk? + 4o k)h® < h?,
Rt — (k? + 401 k)h? — 4k%k* > 0,

which is a quadratic equation in h?. Using the quadratic formula, the grid
spacing h can then be shown to be bounded by

(E.1)

b \/02k2 + 401k + \/(2k% + 4o1k)? + 16K2k>
iy 2 bl

which is the stability condition for the damped stiff string also shown in Eq.
(4.12).
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F.3 von Neumann analysis implicit damped stiff
string

This section performs the von Neumann analysis presented in Section 4.6.1 in
greater detail and derives the stability condition for the damped stiff string,
using a centred difference operator for the frequency-dependent damping
term.

Recalling the characteristic equation in Eq. (4.36):

(1 + ook + 4Z;k sinz(ﬁh/2)> z 4 (16p” sin®(Bh/2) + 4A? sin®(Bh/2) — 2)

+ ( 4Z§k SinQ(Bh/2)> =

one can rewrite this to the form in Eq. (3.25) and, using S = sin?(j3h/2) for
brevity, yields:

o 16p28% +4)02S -2 N 1 — ook — 49kS
z V4
1+ ook + 21ES 1+00k+4”1k8

Stability of the system can then be proven using condition (3.26), and after
substitution of the coefficients yields

1— ook — 21kS
< o <L
1+ ook + 24ES

16428 +4X°S —2|
1+ ook + 27ES

ok dork
161282 + 428 — 2| — (1+c70k:+ h; S> < l—aokf%s
do1k
< 1t ook + =5,
202 2 81k
|16°S? 4+ 4X>S — 2| <2 < 24 200k + S.

h2

Because 0,01, k,S and h are all non-negative, the last condition is always
satisfied. Continuing with the first condition:

—2 < 16428 +4N2S -2 < 2,
0 < 16p%S? +4)\2S < 4.

Again, the first condition is always satisfied due to the non-negativity of all
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coefficients. Continuing with the second condition yields
428? + NS < 1,
and knowing that S is bounded by 1 for all 3, the process can be finalised:

Ap® + X2 < 1,

42k A2R?
e b

ht — Ak*h? — 4k*k* > 0,

and yields the following stability condition:

> \/0214;2 4+ Vctk? + 16Kk2K2
iy 2 .

F.4 Webster’s update equation
This section derives the update equation for Webster’s equation in Eq. (5.9):

S n n n— n
ﬁ(qjl 297 + v H=¢ ((5x51+1/2)(ux61+\111 )
+ (Mmsl+1/2)(5méz+qj?)>v

Mot Op— W' =0, 7"

n+1 n n—1 __ 62k2 1 1 n n
U =20+ 0T = — E(Sl+1/2 = S1-1/2) (U1 —07y)

S 2h
1 1 n n n
+ 5(51+1/2 + Sl71/2)ﬁ(\1/l+1 =207 + Uy ),
A=k
PG
1 n n—1 /\2 n n
Yt =20 — Pt 4 25 (Sl+1/2‘I’z+1 = Siy12971 4

= S1212V + 81212V + S 2V + S22

+ 812172971 + Si—1 297 — 2(Si41 /2 + 51—1/2)‘??)7

n n n— /\2 n n Qayn
U =207 -0 (251+1/2‘1’z+1 + 25121, — 457 >’

25
’ , A\2S NS
wpt = 2w — gl %W\I/?H + ZTI/Q L1 — 2N,
n n n— )\QSH‘l 2. rn A2Sl_1 2qn
\Ijl,+1 _ 2(1 - AZ)\I,I _ \Ijll 1 4 T/ 1 + T/ [

471



Appendix F. Derivations

F.5 Boundary terms Webster’s equation

This section derives the process of obtaining the values for ¢ and ¢, such that
the boundary terms in Webster’s equation are strictly dissipative. The result
is presented in Eq. (5.31) and will be derived here.

Starting with the second term in the energy balance in Eq. (5.27):

— (6007, 0 (Spy1/2(64 )N T, (F2)
and using identity (3.15a):
(f'02—9")q"" = — (Ot 1", 91"V a + [NIN -1 — [0'90
+ SRR — gk ) + 50 (g8 — "),
this can be rewritten to (with f = 0, ¥ and g = Sj;1/2(0.4 ¥))
(0197, 80— (S141/2(001 U))) 3 = (01024 VT, (Sig1/2(024 7)) )a — b,

where
b="0b,— 0, (E.3)

with
(6a—TR)

by = (6. 9% (S 5y U
r C(t~ N) N—1/2(m+ N—l)

€r n n n
+ 5(5#‘1’1\1) (5N+1/2(5a:+‘1’1v) —Sn-1/2 (5w+‘I/N—1))7
—_——
(0x—T7%)

and
[]1 = C2 (5t\1’8) <S1/2 (6z+\116l)>

€ n n n

- 51(5t~‘1’o)(31/2(5z+‘1’o) =512 (5w+‘1’—1))-
(62-T%)
«—¥o

This can be rewritten to
2 n €r n €r n
by = (5, 07%) (5SN+1/2(51+\1/N) 4 (1 _ 5) sN_l/Q(az,qu)) . (F4)
€ €
by = (6, W7) (515_1/2(535,\1/3) + (1 - 5‘) 51/2(5”\1/3))) . (E5)

Then, for the centred radiating boundary condition in Eq. (5.17) to be
strictly dissipative, i.e., §,. U} = 0 = b, = 0, the special choice for ¢, =
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SN—-1/2/HzzSN needs to be made:

[ Sn_ Sn_ L
by = (6, 9%) (%SN+1/2(§w+W§<{) + (1— 2:[ ;{;)SNUQ((SI\II}V)) )

S SN
D 5w+ (10 ) 5,

Sn_1/ Snt1/2(024 YY)

N-1/2 2022 SN n

VRS2 (1 2umSN> (1-5222) re )
2pex SN

(5t ‘I/N SN 1/2

c Snt1/2(82+Th)
r 2zs SN n
(5t lI}N SN 1/2 (1 5) (2,LL(I‘ESN Sn— 1/2) +617\I}N ’
2Uze SN
€r SNt1/2(64+P)
Y xf\Ijn ’
(6, VR )Sn_1/2 (1 2) (2,ugcchN Sn_1/2 + 0,V
€r Sn11/2(624+PR) )
5:.9%)S 1— = + 0,0 ),
(0TS - 1/2( 2) (SN+1/2+SN 12— SN-1/2 N
€r "
(6. W) SN -1/2 (1 5) (624 W + 02—y,
€r 1 n n n n
(600N )Sn-1/2 (1 5) (h (TRy1 — TR + TR — ‘I’N1)> ;
€r n
= (6. V%) SN-1/2 (1 5) 2(0,. YY),
=cC ((St \IIN)SN 1/2 (2 Er) ((Sm )
(F.6)
The same can be done for by with ¢ = S} 5/ 12250 to get
by = (6, 95) 812 (2 — @) (0. 95). (E7)

F.6 Levine and Schwinger radiation model update
equation

This section provides a derivation for the update equation in Eq. (5.58) and
follows [62, Sec. 4.1.3, pp. 109-111]. Recalling system (5.56)

_ 1
= [0y + &, ) + Crde4 (1), (F.8a)
=1L (5t+’0(1 (F8b)
<1 + ) pe+Py + R1Crdyp(ry, (F.8¢c)
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where p"1/2 and 5"*+1/2 are related to the tube by (see Eq. (5.57))

p = [Lt+DN (F.9)
Sno = o (Sni1 203 (F.10)
one can start the derivation.

The radiation can be applied to the right boundary of the tube by evaluating
the update equation of the pressure in Eq. (5.41a) at! = N

n n _ POCA
pNJrl PN — ;N (SN+1/2'UN+1/2 SN 1/27}]\{ 11//22> (Fll)

rewriting this to
nt1l _n _ POCA [, S 12} _gg nt1/2
Py =DPN — SN Mz — N+1/2UN+1/2 - N—1/2vN71/2 )

and substituting Eq. (F.10) to get

n n 2pocA n+1/2
i = oy — 2 (Swo = Sn_1p0i Y)Y (F.12)
A definition for v can then be found by first expanding Eq. (F.8a) to
= 1 n+1 n 1 C n+1 1 Cl’ n
V=3 (vt + o) + (2R + ) rhy t\og, % )P (E13)
after which it should be made solely dependent on the known values v(},, pf))
and p%, and the unknown p"Jrl (as this can be obtained using Eq. (F.12)).
Equation (F.8b) can be expanded to
ot = F o F.14
= P+ vy, (F.14)

and Eq. (F.8¢c) to

p= <1 + ;) pe+p1) + BiCrdepa),
1
2

Rl n+1 RlOr n+1 n
(H 7 ) (pu) + (1)) 5 ( P() _pu))a

1 Rl RlC n _ Rlc 1 R1
(++ r>p(1+)1:p+< kr_2_2R>P(1)7
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and finally solved for p{;|* as
ntl 2R2/€ _ 2R1R2Or - k(Rl + RQ) (F 15)
Pa) T\ 2R RoC, 1 k(Ry + R») 2R, RoCy + k(R + Ro) Ply:
¢1 C2

Equations (F.14) and (F.15) can then be substituted into Eq. (F.13) and, using
the definition of p from Eq. (F.9), yields

1k . . 1 G .
V=3 fr(#t+PN)+2”(1) + T]%ng? CLp+PN

1 C’ L Gy o,
+ R Copyy + T P(1)

_ G GG n n G+1  CG—-C\ ,

(3 Ca

<

Finally, substituting this definition for v into Eq. (F.12), yields

n n 2000 (o PN P n n nt1/2
PN =P ;N (SN {C?’ <2N + 0y + Gpfyy | = Sn-a2on g )

25N-1/ 2”§<7+ 11//22

Sn ’

PR =P = poed | GRT R + 20 + Gaplyy) —

and yields a definition for p' based on known values of the system

+1/2
17,006/\(3 2p00)\ SN 1/2Y N 1/2
il _ 0 _ n no ZNTURINC12 ) gy
DN I poCACgpN 1+ pochGa v(hy + Capyy — Sn , (B17)

which is Eq. (5.58). After piy"! is calculated, v"“ and p"+1 can be updated
according to Egs. (F.14) and (F.15), respectlvely

F.7 Derivatives for Newton-Raphson for the elasto-
plastic friction model
This section provides the derivatives for the Newton-Raphson iteration for the

elasto-plastic friction model in Eq. (8.41).
Recalling the functions needed to compute the Newton-Raphson iteration
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for the elasto-plastic bow model in Section 8.5.1, being Eq. (8.38):
2 s f(0™2™)
n(".) = (24200 ) o 4 aREIE =0

and Eq. (8.40)
gV, 2" =7r" —a" =0,

the derivatives needed to solve the Newton-Raphson iteration in Eq. (8.41)

-1
S = - E) [
2"l 2] S G2 92

can be shown to be

991 _ 2 sillfi(a)lI7 Or | s2llJu(@)|13
T Ry S ri ey e
991 _ sollJi(=g)lI3 n s1||Ji(zg) 7 Or

0z pA pA 0z’

agz - or

v v

892 - or 2

0z 0z k

Recalling from Eq. (8.36) that

oo™ oz n
6’]" n <(an + v n)ans - v [0 Un>

v ()2
or — fﬂ EZ’” + o™
0z 2o\ 0z ’
with
da™ — 2"
81} = Sgn(Z S) m B COS (Sgn( ) )
da™  sgn(z")m cos (sgn(z")®)
8z 2(|Z Zba) ’
Ozg 2|’U \ (v Jvs)?
8'(} - (fS fC)e .
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SUMMARY

Digital versions of musical instruments have been created for several dec-
ades, and for good reasons! They are more compact, more easy to maintain,
and less difficult to play than their real-life counterparts. One way to digit-
ise an instrument is to record it and play back the samples, but this does not
capture the entire range of expression of the real instrument. Simulating an
instrument based on its physics, including its geometry and material prop-
erties, is much more flexible to player control. Although it requires more
computational power to generate the sound in real time, the simulation could
possibly go beyond what is physically possible. A violin growing into a cello,
bowing your trumpet, your imagination is the limit...

ISSN (online): 2446-1628
ISBN (online): 978-87-7210-976-3 AAT.RORG TINTVERSITY PRESS



	Omslag_SW
	PHD_SW_TRYK.pdf
	Kolofon_SW.pdf
	TheEmulatedEnsemble.pdf
	Front page
	Abstract
	Resumé
	Preface
	Contents
	Contents
	I Introduction
	1 Physical Modelling of Musical Instruments
	1.1 A brief history
	1.2 Exciter-resonator approach
	1.3 Physical modelling techniques
	1.4 Applications of physical modelling
	1.5 Project objectives and main contributions
	1.6 Thesis outline

	2 Introduction to Finite-Difference Time-Domain Methods
	2.1 Differential equations
	2.2 Discretisation using FDTD methods
	2.3 The mass-spring system
	2.4 The 1D wave equation

	3 Analysis Techniques
	3.1 Matrices in a FDTD context
	3.2 Mathematical tools and product identities
	3.3 Frequency domain analysis
	3.4 Energy analysis
	3.5 Modal analysis
	3.6 Conclusion


	II Resonators
	4 The Stiff String
	4.1 Continuous time
	4.2 Discrete time
	4.3 von Neumann analysis and stability condition
	4.4 Energy analysis
	4.5 Modal analysis
	4.6 Implicit scheme

	5 Acoustic Tubes
	5.1 Webster's equation
	5.2 First-order system

	6 2D Systems
	6.1 PDEs and FD schemes in 2D
	6.2 The 2D wave equation
	6.3 The thin plate
	6.4 The stiff membrane


	III Exciters
	7 Physically-Inspired Excitations
	7.1 Initial conditions
	7.2 Time-varying excitations

	8 The Bow
	8.1 Brief history of bowed-string simulation
	8.2 Interpolation and spreading operators
	8.3 The Newton-Raphson method
	8.4 Static friction models
	8.5 Dynamic friction models
	8.6 Discussion and conclusion

	9 The Lip Reed
	9.1 Mass-spring systems revisited: Damping
	9.2 Continuous time
	9.3 Discrete time
	9.4 Energy analysis


	IV Interactions
	10 Collisions
	10.1 The mass – rigid barrier collision
	10.2 Mass-spring – string collision
	10.3 Two-sided collision: A connection

	11 Connections
	11.1 Interpolation and spreading in 2D
	11.2 Connected ideal strings
	11.3 Rigid connection
	11.4 Spring connection
	11.5 String-plate connection


	V Contributions
	12 The Dynamic Grid
	12.1 Background and motivation
	12.2 Extended summary
	12.3 Interpolation experiments
	12.4 Examples of use cases

	13 Real-Time Implementation and Control
	13.1 Real-time FD schemes
	13.2 Code structure
	13.3 Hardware devices

	14 Large Scale Modular Physical Models
	14.1 Physical models
	14.2 Summary

	15 The Tromba Marina
	15.1 Summary
	15.2 Physical model
	15.3 Implementation details

	16 The Trombone
	16.1 Summary
	16.2 Dynamic grid considerations
	16.3 Lip-reed with collision


	VI Conclusions and Perspectives
	17 Conclusions and Perspectives
	17.1 Summary
	17.2 Perspectives and future work

	References

	VII Papers
	A Real-Time Control of Large-Scale Modular Physical Models using the Sensel Morph
	B Physical Models and Real-Time Control with the Sensel Morph
	C Real-Time Implementation of an Elasto-Plastic Friction Model applied to Stiff Strings using Finite-Difference Schemes
	D Real-time Implementation of a Physical Model of the Tromba Marina
	E Resurrecting the Tromba Marina: A Bowed Virtual Reality Instrument using Haptic Feedback and Accurate Physical Modelling
	F DigiDrum: A Haptic-based Virtual Reality Musical Instrument and a Case Study
	G Dynamic Grids for Finite-Difference Schemes in Musical Instrument Simulations
	H A Physical Model of the Trombone using Dynamic Grids for Finite-Difference Schemes

	VIII Appendix
	A Paper Errata
	B Matrices
	B.1 Operations
	B.2 Matrix inverse
	B.3 Systems of linear equations
	B.4 Eigenvalue problems

	C Code Examples
	C.1 Mass-spring system (Section 2.3)
	C.2 1D wave equation (Section 2.4)
	C.3 2D wave equation (Section 6.2)

	D Intuition for the Damping Terms in the Stiff String PDE
	E Considerations in real-time FD schemes
	F Derivations
	F.1 Summation by parts
	F.2 von Neumann analysis damped stiff string
	F.3 von Neumann analysis implicit damped stiff string
	F.4 Webster's update equation
	F.5 Boundary terms Webster's equation
	F.6 Levine and Schwinger radiation model update equation
	F.7 Derivatives for Newton-Raphson for the elasto-plastic friction model




	Omslag_SW.pdf
	Blank Page
	Blank Page
	Blank Page

