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Chapter 1

Introduction

1.1 Background

This thesis deals with analysis of musical instruments and sound synthesis methods
to mimic the sounds of plucked stringed instruments. Analysis of the instruments
falls typically under the category of musical acoustics, while sound synthesis is
a part of music technology. Also, as in this thesis, analysis results can be used
directly for purposes of music technology. A sound synthesis method that imitates,
on a computer, the behavior and sound production mechanism of a sound source is
called physical modeling synthesis or model-based sound synthesis [1, 2, 3, 4, 5, 6,
7, 8, 9].

The history of plucked string instruments started about four thousand years ago
in Mesopotamia, situated in modern day Iraq [10]. The construction of stringed
instruments has evolved tremendously over the years, and plucked stringed instru-
ments are nowadays practically used in every corner of the globe. Some musical
instruments are fine examples of constructions with complicated machinery, such
as the piano and the harpsichord. Also, the violin is an example of a sophisticated
instrument. The violin and the piano have played a crucial role in the develop-
ment of western music. What is more, they both have a significant role in the
progression of musical acoustics [11, 12, 13]. They have played an important role
in acoustical findings and investigations regarding phenomena such as inharmonic-
ity [14, 11], phantom partials and longitudinal vibrations [15, 16], string coupling
[17], Helmholtz motion and wolf tones [12], and body modeling [18]. The violin
has also been a part of virtual reconstruction by eliminating both the strings and the
resonating body [19]. Plucked stringed instruments are also part of this trajectory,
and, for example the guitar has been investigated thoroughly [20].

17



18 1. INTRODUCTION

Besides the general development of musical instruments over the years, the trend of
building louder instruments has been on going for a few hundred years now. This
is to meet the requirements of larger audiences and concert halls. The evolvement
of keyboard instruments, or the emergence of the piano, is a prime example of this
kind of a progression: clavichord⇒ harpsichord⇒ piano [20]. The acoustic guitar
underwent a stepwise jump in the treatment of luthier de Torres [20]. Similarly, the
modern flute is an example where a single instrument builder, Mr. Boehm, made
significant changes. The violin has also experienced many changes over the years,
i.e., a violin built today differs from the ones built by Antonio Stradivari. That is to
say, today the neck is longer, the strings are under higher tension, and the bass bar,
or sound bar, is tuned better than during the baroque era [20].

In the field of sound synthesis, the first physical modeling scheme was proposed
in the early 1970s by Hiller and Ruiz [21, 22], by using the finite-difference time-
domain (FDTD) approximation of the wave equation. The first real-time system
was the CORDIS system presented in the early 1980s [23, 24]. The first commer-
cial synthesizer, the Yamaha VL-1, applying physical modeling or model-based
synthesis was introduced in 1994 [25]. Consequently, the field of sound synthe-
sis is still relatively young compared, for example, to the history of acoustical in-
struments. The research around sound synthesis, and especially model-based syn-
thesis has been active during recent years (see for example recent doctoral theses
[26, 27, 28, 29, 30, 31, 32, 33, 34]). The discussion on sound synthesis methods
will continue in Section3.

Control issues are also a crucial part of sound synthesis and have been discussed,
e.g., in [35, 36, 37]. Software environments as well are important for sound syn-
thesis and research purposes. Such applications have appeared: e.g., the Synthesis
Tool Kit (STK) [38], Pure Data (PD) [39, 40] and physical modeling extensions for
it [41, 42], the BlockCompiler [43], and the PWGLSynth [44].

The usage of physical models in music has mostly occurred via modern and ex-
perimental composers [45] and this widespread use is hopefully just around the
corner. The concept physics in physical models can partly scare some composers
and restrain them to use physical sound synthesis models. On the other hand, even
if physical models can seem complex the control parameters involved have strong
equivalence with a real instrument. Therefore, the control parameters should be
more familiar to the users, but so far it is not yet the case. This thesis deals with the
issues for making stringed instruments louder, proposes a method for control, and
attempts to narrow down the gap between academia and musicians by for example
using the PWGLSynth [44] for implementations of the sound synthesis algorithms
it proposes.
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1.2 Scope of the thesis

The scope of this thesis is analysis and model-based sound synthesis of plucked
stringed instruments. The instruments used in this thesis are the harpsichord, the
kantele, the guqin, and the acoustic guitar. Acoustical measurements and analysis
have been performed for all the instruments. The output and goals of these analysis
procedures vary. The main focus areas are loudness and timbral investigations,
including plucking point identification and model-based sound synthesis.

Acoustical measurements have been performed in the form of recording of tones
and playing with microphones, vibrations of the body have been measured with mi-
crophones and a laser vibrometer. Also, formal listening tests have been executed
to gain knowledge of the perceived loudness of the kantele and the harpsichord.
When applied to model-based synthesis, on one hand, the measurement data have
been used to understand the properties of the instrument. On the other hand, the
measurement data have been used to calibrate the synthesis models. Thereafter, the
measurement data are compared, by signal analysis means, with the output of the
synthesis to verify the legitimacy of the synthesis algorithm. Calibration is based on
methods introduced and discussed in [46, 47, 48]. Extensions to these calibration
routines in the publications of this thesis are given and used regarding inharmonic
inverse filtering [P4 and P6], flageolet tone synthesis [P6], and synthesis of phan-
tom partials [P6].

The model-based sound synthesis approach taken in this thesis is physically ori-
ented. The sound synthesis models are designed with the knowledge that they will
be used and implemented in a real-time synthesis environment. The synthesis envi-
ronment encompasses the synthesis engine PWGLSynth [44], which is a visual syn-
thesis language, and the Expressive Notation Package (ENP) [49], which controls
the PWGLSynth. Recently, an interface has been designed for the PWGLSynth for
real-time control purposes [50].

Models for loudness have been developed and they are evolving towards modeling
of time-varying properties [51, 52, 53]. However, the models are very recent and
are not yet at a satisfactory level to replace formal listening tests with human sub-
jects. This applies especially to the case of a vibrating string, since the behavior of
a vibrating string is highly non-stationary as it exhibits timbre changes, initial pitch
drift, non-linear phenomena, which all occur as functions of time. Since this thesis
concentrates on analysis and synthesis of musical instruments, the development of
perceptual loudness models is outside the scope of this thesis.

The sound synthesis algorithms proposed in this thesis can be viewed as virtual
instruments that mimic and approximate acoustic instruments. This thesis touches
on some of the control issues regarding sound synthesizers, e.g., in [P2] and [P3],
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and in [P4] - [P6], in terms of musical control of an expressive sound synthesizer
with timbre, pitch, and loudness properties. On the other hand, there is the world
of pure virtual instruments, where a synthesis engine is controlled with a digital
interface in a way where the objective is to create completely new instruments
[54, 55, 56]. These instruments and their control issues [57, 58, 59] are beyond the
scope of this thesis.

1.3 Content of the thesis

This doctoral thesis consists of six articles and an introduction. The articles inves-
tigate the behavior of plucked string instruments through analysis, synthesis, and
design, with an emphasis on loudness1 and timbral2 issues. The articles in this the-
sis cover a wide range of issues related to plucked string instruments, some of the
issues overlapping with each other. These overlaps are highlighted by looking at
the content of the articles from different view points.

Analysis has been performed in all the publications of this thesis, but in [P1], [P2],
and [P3] the emphasis is particularly on acoustical measurements and signal anal-
ysis. More specifically, in [P1] rules based on the ideas of instrument builder Jyrki
Pölkki for making a plucked string instrument louder are introduced. These rules
have been implemented and verified in the case of the kantele by means of acousti-
cal measurements and subjective listening tests. Furthermore, articles [P2] and [P3]
follow the development of an automatic plucking point algorithm. Sound synthesis
has a more significant role in articles [P4], [P5], and [P6], so that [P4] and [P5]
discuss the sound synthesis and analysis of the harpsichord and [P6] tackles the
Chinese instrument called the guqin. Loudness issues are discussed in publications
[P1] and [P5], where signal analysis has been conducted and listening tests have
been performed to investigate the perception of the sound of these instruments.
Timbral issues are present in all the articles in one way or another. Moreover, the
body or soundboard of a musical instrument has a major effect on its timbre. Body
modeling methods are proposed in [P4], [P5], and [P6].

1loudness - the attribute of a sound that determines the magnitude of the auditory sensation pro-
duced and that primarily depends on the amplitude of the sound wave involved. (Merriam-Webster
Online, URL: http://www.m-w.com/, 2006.)

2timbre - that quality which distinguishes two sounds with the same pitch, loudness, and duration.
(as defined by the Acoustical Society of America, ASA)



Chapter 2

Acoustics and analysis of plucked
string instruments

Next, the acoustics of plucked stringed instruments are discussed relating prior and
ongoing research to this thesis. To understand the acoustics of plucked stringed in-
struments, it is beneficial to look at the system as separate sub-blocks, as illustrated
in Fig.2.1. Consequently, this also helps to discuss the synthesis of the instruments.
Good sources for covering the basic concepts and the research field in general are
[60] and [20], whereas reference [61] gives an in-depth technical review and [62]
discusses issues related to the physics and numerical simulations of stringed instru-
ments.

The divided system shown in Fig.2.1 works as follows. The system, i.e., the
stringed instrument, is excited by plucking (exciter). In other words, the player
displaces the string by applying a force distributionf(x, t) on the string, wherex
is the coordinate along the string andt denotes time. The string is then released and
the system starts to vibrate. The vibration energy of the string is then distributed
via the bridge to the soundboard and from there to the cavity of the instrument
and the surrounding air. These distribution steps are separated from each other in
Fig. 2.1, but are connected with bidirectional arrows. This means that the systems
are coupled to each other and interact as a function of time. As will be discussed
later, these couplings result in characteristics that help to explain the properties of
stringed instruments. Figure2.1(b) shows a generalized plucked stringed instru-
ment from where most instruments of the family can be drawn. Optional parts,
such as the neck, frets, and soundhole, are shown with a dashed line. In the guitar
the saddle is a part that rests on top of the bridge and guides the strings, whereas
frets are at right-angles to the strings and placed in small grooves on the neck or
fingerboard. In the following the separate sub-blocks are discussed in more detail.
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String

Bridge

String

Bridge
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Soundhole

Soundboard

Frets

Neck

Figure 2.1: Two block diagrams of a plucked stringed instrument. (a) The func-
tional sub-blocks and (b) a generalized plucked stringed instrument with optional
parts shown with a dashed line.

2.1 Vibrating string

Research around a vibrating string is not in its adolescence anymore. Pythagora has
been reported to have noticed to the pleasing sound two segments of a stretched
string produced when the ratio of the segments is simple, such as 2:1, 3:1, 4:1,
and so on [20]1. These are examples of the normal modes of a string fixed at its
ends. Later, it has been revealed that the normal modes depend upon the massm
of the string, its lengthL, the tensionT applied to it, and the end conditions [20].
By expressing the linear mass densityµ of a stretched string, the familiar wave
equation for transverse waves in a vibrating string, can be expressed as

f(x, t) =
∂2y

∂t2
− T

µ

∂2y

∂x2
=

∂2y

∂t2
− c2

t

∂2y

∂x2
, (2.1)

wherect is the speed of the propagating transverse wave,t is time,x the coordinate
along the string, andy is the displacement of the string.∂y

∂x and ∂y
∂t are the spatial

and the temporal derivatives, respectively. Equation2.1 is a simplification of what
happens in a real string but, for example reveals aspects of how a harmonic, lossless,
and flexible string behaves. For a plucked stringf(x, t) becomes zero after the
release of the string. As expressed in Eq.2.1 the transversal speed of the wave is

ct =
√

T
µ . Similarly, the motion of the longitudinal wave can be expressed like in

Eq.2.1, butct is replaced by the longitudinal speed

cl =

√
ES

µ
, (2.2)

1The ratio 3:2 mentioned in [20] is not a normal mode that an individual string exhibits, but rather
a ratio that two strings or two parts of a string can exhibit.
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whereE is Young’s modulus andS is the cross-sectional area of the string.

The traveling wave solution (to Eq.2.1, when f(x, t) = 0) first presented by
d’Alembert (1717-1783), can be formulated as

y = f1(ct− x) + f2(ct + x), (2.3)

where functionsf1 andf2 represent the waves traveling to the right and left, re-
spectively. In an ideal case for a string, Eq.2.3 tells us that the vibrations of the
string constitute of two pulses traveling in opposite directions. The traveling waves
reflect from the end terminations and withy = 0 for a fixed end whenx = 0, Eq.2.3
becomes

y = 0 = f1(ct− 0) + f2(ct + 0), (2.4)

and furthermore
f1(ct) = −f2(ct). (2.5)

This means that a positive pulse, or an up pulse, reflects as a negative pulse. The
knowledge of the traveling wave decomposition and the speed of the transversal
wave as a function of frequency were crucial for formulating and designing the
automatic plucking-point estimation algorithm discussed in [P2] and [P3].

The general solution for the equation of a freely vibrating, lossy, and rigidly sup-
ported string that is transversely displaced at a position0 6 x 6 L, i.e., the pluck-
ing point isx and timet > 0 can be stated as

y(x, t) =
∞∑

n=1

An cos(2πfn + ϕn)e−t/τn sin(
nπx

L
), (2.6)

wherefn is the frequency,τn is the decay time,An is the initial amplitude, andϕn

is the initial phase of moden, andL is the length of the string. Thee−t/τn term
represents the losses. From Eq.2.6, by using the Fourier analysis,An can be solved
for fixed boundary conditions so that [63]

fn =

√
T

µ

n

2L
(2.7)

and

An =

√
2
L

sin
nπx

L
. (2.8)

With these solutions one can look at the effect the plucking point has in the fre-
quency domain. This is the typical and most obvious way to look at the conse-
quences of the plucking point, also for automatic estimation purposes as in [64, 65,
66], because it reflects how the plucking point effect is auditorily perceived.
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To include dispersion, energy dissipation, and the transfer of energy from the string
to the rest of the system Eq.2.1 has to be altered. Naturally, the solutions change
accordingly. The changes and mathematical solutions are discussed in detail, for
example in [67].

2.1.1 Strings loose energy

After the initial release of the string the vibrations start to decay. There are three
main causes for these losses: air damping, internal damping, and energy losses
through the supports [20]. These damping mechanisms are frequency dependent
and their effect varies in relation to each other and the rest of the vibrating system
[68].

Air damping has to do with the fact that a vibrating string radiates poorly. This
is because the string acts as dipole radiator that produces a compression (dense)
in front and a rarefaction (sparse) behind as it moves. The radius is so small that
these fronts effectively cancel each other out2. However, this means that the string
interacts with the surrounding air. Hence, under some conditions viscous flow of
air around the moving string can cause considerable damping [20]. The effect of
viscous drag causes the mode frequency to lower very slightly and an exponential
decay in amplitude. The viscous decay timeτair is proportional to the string density
but depends on the string radiusr and frequency: at low frequencies asτ ∝ µr2

and at high frequencies asτ ∝ µr/
√

f .

Internal damping is prominently characterized by the Young’s modulus of the string.
Moreover, all strings show an elastic behavior where when a stress is applied, im-
mediately a strain occurs that increases slightly with time. This chain of events can
be presented with a complex Young’s modulus [20, 69]

E = E1 + iE2. (2.9)

This equation represents the viscoelastic losses, while the thermoelastic losses are
described with the same formula but with a different ratio ofE1 and E2. Vis-
coelastic losses affect mainly the high frequencies and thermoelastic losses have a
resonant frequency at a lower frequency region.

Energy loss through the supports is introduced via the mechanical characteristics of
the supports. The mechanical characteristics of the supports, i.e., the way the string
and the bridge are in contact with each other, is usually described as the mechanical

2Somewhat similar behavior occurs during the radiation from the soundboard of a traditional
kantele. This is one of the things design rule III proposed in [P1] tries to prevent.
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admittance (reciprocal of impedance)

Y (f) =
F (f)
V (f)

, (2.10)

whereF (f) andV (f) are the Fourier transforms of the force exerted on the support
and the speed at the support, respectively. The damping is described by the real part
of Y and the imaginary part changes the effective length of the string, respectively
[63]. Measurement techniques for measuring the admittance for the guitar are dis-
cussed in [70] and for the violin in [71, 72]. Measuring the admittance functions of
the kanteles investigated in [P1] had a crucial role in the analytical comparisons of
the input power of the instruments.

On the whole, the different damping mechanisms contribute to the decay time in
the following manner

1
τ

=
1

τair
+

1
τint

+
1

τsup
. (2.11)

In the better part of musical instruments, the rate for energy transfer from the string
to the bridge and soundboard is slow. In other words, usually air and internal damp-
ing are dominant loss mechanisms. In more detail, in metal strings air viscosity
often determines the decay time for upper partials as 1/f and in gut or nylon strings
the internal damping prevails with a 1/f2 trend [20].

2.1.2 Strings interact through the bridge

Vibrating strings interact within the string and with other strings, both interactions
occur through the bridge. The interactions within the string occur between the three
orthogonal directions (longitudinal, horizontal, and vertical), for example, either
one of the transverse directions (horizontal or vertical) are coupled with the longi-
tudinal vibrations [16]. Furthermore, the admittance function given in Eq.2.10can
be generalized to an admittance matrix that describes the behavior of the bridge via
three orthogonal directions [73].

Real strings exhibit two-stage decay and amplitude beating of decaying partials
due to differences between admittance functions of the horizontal and the vertical
directions [17]. In other words, if the vibrational modes of the string have slightly
different frequencies in the horizontal from the vertical direction, complicated non-
exponential decay patterns appear.

Some harmonics have a very low amplitude in the spectrum of a string due to the
plucking point. Generation of missing or weak harmonics occur if the admittance
function in at least one direction has a finite value, i.e.,Y 6= 0 in any direction [74].
In other words, if a harmonic is missing due to the plucking point it is possible
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that it regains energy. Moreover, whenY 6= 0 the tension modulated driving force
(TMDF) is able to couple back to the string [75].

Typically, analytical treatments concentrate on single strings. However, many mu-
sical instruments have more than one string, which implies that energy will be
transferred via the bridge to the other strings that can start to vibrate. When a
string sets a neighboring string, which has not been excited directly, into motion,
the vibrations are called sympathetic vibrations. Sympathetic vibrations have been
discussed in [17, 76, 77].

2.1.3 Strings are nonlinear

The wave equation in Eq.2.1 is a linear approximation of string behavior. This
approximation assumes that the length of the string does not change during vibra-
tion. This, however, occurs and affects also the tension of the string, and in effect,
causes tension modulation. The first analytical and experimental investigations of
nonlinear string vibrations are reported in [78, 79] during the 1940’s. Later com-
prehension of the issue has widened, see for example [80] for an overview. Here,
a few related issues are mentioned and a short discussion on the coupling between
transversal and longitudinal motion is given.

A fundamental property of all strings, the initial pitch glide, has been proven to be
caused by tension modulation [78, 63]. When a string is excited with continuous si-
nusoidal force that has a frequency close to the fundamental of the string it has been
shown that tension modulation also causes whirling motion3 in the string [82, 81],
coupling between different modes and planes of motion [82, 74], and amplitude
jumps [83].

The longitudinal motion of a string has been a recent and active subject of research.
The effect of the longitudinal vibrations on tone and string design in pianos was
pointed out by Conklin [84]. Also, it was found that the amplitude of the longitudi-
nal vibrations is a nonlinear function of the amplitude of the transverse vibrations
[85]. Nakamura and Naganuma [86] found a second set of partials with one fourth
of the inharmonicity of the main set of partials. Conklin later named these phantom
partials [87] and still later explained that the generation occurred through nonlinear
mixing [15], apparently without being aware, at the time, of [86]. Also, Woodhouse
reported of the same phantom partial set [88]. Recently, Bank and Sujbert aggre-
gated these reports and provided a theoretical explanation for the phenomenon [16].
They explain that the generation of phantom partials and longitudinal free modes
arise from the coupling of transverse vibrations to the longitudinal polarization.

3Whirling motion - Such motion corresponds to each point of the string moving in phase in an
elliptical orbit about the equilibrium position [81].
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In other words, the second set of partials found by [86] and named by Conklin
as phantom partials[87] exist due to the coupling between longitudinal vibrations
and transverse vibrations. In [P6] a linearized model for synthesizing the phantom
partials is given.

2.2 Vibrating body and radiation

The string is a poor radiator, as mentioned above. Therefore, an acoustic ampli-
fier, a wooden box and/or a plate of some kind, is attached to the stringed instru-
ment. Multitude of practical implementations for this amplification are evident
from the wide range of existing musical instruments. The research tradition around
the acoustic guitar, the violin, and the piano is wide [20]. For the harpsichord
the behavior of soundboards, and air and structural modes have been discussed in
[89, 90, 91]. The acoustics of the kantele has been addressed in [92, 93, 94].

To a good approximation the soundboard and body can be considered to behave
as a linear and time invariant (LTI) system, as suggested in Refs [18, 95, 96] and
by sound synthesis algorithms that have a body model of some kind. An opposite
opinion is given in [97] based on experimental data, but this opinion is mentioned
as a side remark since no supporting formulation has yet appeared and there is
a possibility that the amplitude region where the measurements were conducted
cannot force the system into the nonlinear region. On the other hand, for example
the top-plate in the tanbur [98] could produce nonlinear behavior due to its curved
form.

Typically, at low frequencies the body response of an instrument tends to have a
few distinct modes, which are very clear, for example in the acoustic guitar [20]. At
higher frequencies the mode density increases and modes overlap heavily with each
other. Following the path from the plucking event after the string has interacted
with the admittance of the bridge the motion is filtered by a frequency dependent
radiation function. In [P1] the radiation characteristics, at a point one meter above
the instrument, of two designs of the kantele are compared with each other.
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Chapter 3

Model-based sound synthesis of
plucked string instruments

3.1 Model-based sound synthesis

Model-based algorithms aim to model the behavior of the sound source, in this
case, the musical instrument at hand. These mathematical formulations produce a
discrete output that can be implemented on a computer. When a synthesis algo-
rithm is built this way, based on the physics, its output should resemble the original
instrument. The resemblance is not perfect but is typically a good starting point
for development. In addition to the resemblance between the sounds, the model-
based algorithm possesses resemblances to the real world. This is beneficial in the
sense that when a parameter, e.g., the length of the string, of the synthesis model is
changed it has a relevance to the real instrument. In contrast, more abstract sound
synthesis methods such as FM-synthesis, wave shaping, and others aim to synthe-
size sound with any method, without any restrictions to the methodology behind
the algorithm [99]. These methods also produce synthetic sound, but do not have
the controllability of model-based algorithms. However, while model-based algo-
rithms are superior in control issues the sound quality at the moment is still better
in sample-based synthesizers.

Within the field of physical modeling of musical instruments lie two schools, re-
flecting the outlook on computational complexity. One extreme concentrates on
being completely physical with the burden of heavy computation and being far
from the possibility of practical real-time implementation. The other end has the
real-time implementation as an important objective and concentrates on it and usu-
ally cuts corners on being completely physical. Both have the goal of producing
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convincing and natural sounding synthesis. The research of this thesis falls closer
to the computationally efficient school of thought.

There are at the moment six categories in the way to do physical modeling or
model-based synthesis [100, 9]: source-filter modeling, finite-difference (FD) meth-
ods , mass-spring networks, wave digital filters, modal synthesis, and digital waveg-
uides. Next a nutshell overview of the five first methods is given and the last is
discussed in Sec.3.2.

In a source-filter model the source signal is filtered with a time-varying filter.
Speech and singing models are examples that contain a physical interpretation of
this method [101]. Finite-difference schemes solve partial differential equations,
such as the wave equation, numerically. As mentioned, Hiller and Ruiz where pi-
oneers in this field [21, 22]. This line of research has continued [102, 103, 104].
The advantages are that by changing parameters of the model, the properties of the
real system can be investigated as the model directly uses physical variables as pa-
rameters. However, FD methods are computationally very expensive. The compu-
tational cost of mass-spring systems are at the same level as FD methods and com-
bine finite masses to each other through springs and dampers [23, 24]. Even with
a high computational cost, the first real-time sound synthesis system (CORDIS)
was created with powerful computers and was based on mass-spring systems [23].
Wave digital filters are based on the conversion of analog electronic circuits into
digital filters [105]. The thesis by Bilbao studied the application of wave digital fil-
ters in the context of modeling of musical instruments [27]. Wave digital filters can
also be used for modeling the excitation mechanism of an instrument [106]. Modal
synthesis models a system through its modes of vibration that each have a reso-
nance frequency, damping factor, and physical shape described on a discrete grid.
Also, modal synthesis can be applied for sound synthesis [107, 108]. The idea of
modal synthesis was extended to synthesize percussive sounds by Cook [109]. The
functional transformation method is a novel technique related to modal synthesis
[110]. It ends up describing a system as a set of vibrational modes after applying
two separate integral transformations on the differential equations describing the
system.

3.2 Digital waveguide models for plucked strings

Digital waveguides (DWG) are a computationally efficient way to model acoustic
vibrations in the digital domain [1]. Actually, a proper DWG implements directly
the discretized solution of the wave equation Eq.2.1, namely the traveling wave
decomposition of Eq.2.3. The computational efficiency is based on lumping the
distributed delay and loss elements [1]. The DWG theory formulated by Smith [1]
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can be seen as a generalization of the Karplus-Strong algorithm [111, 112, 4]. For
a review see, e.g., [1, 2].

Typically, the DWG models the resonating part of the instrument, such as the string
[113, 114, 115, 116] or the tube [117, 30]. The modeling scheme can also be
extended to two and three dimensions and in this way be able to model drums
and other multidimensional systems [118, 119, 120, 121]. Banded waveguides are
another recent extension to the DWG family where the feedback loop(s) contain a
cascade of a bandpass filter and a delay line [122].

Based on the LTI assumption of the body of a stringed instrument the so called
commuted waveguide synthesis (CWS) method was developed [123, 124]. Here
commuting means that the order of the process is changed, i.e., the effect of the
body is moved to the beginning (compare with Fig.2.1). In practice, the crux of
the matter is to remove the string resonances from a recorded tone. This way an
excitation signal is created which is inserted into the DWG that models the string.
Furthermore, the excitation signal contains the interactions occurring during the
attack, the effect of the body and radiation, and the nonlinear string behavior not
removed during the inverse-filtering process. Hence, the body is inserted into the
string, which is the complete opposite of what occurs in the acoustic instrument.
This method works especially well for stringed instruments [26, 31].

Figure3.1shows the block diagram for a single-delay loop (SDL) digital waveguide
filter. It contains the traditional SDL componentsHLF(z), F (z), andAd [4] that
have the following purpose. Frequency dependent losses in the string are modeled
with a simple loop filter [47]

HLF(z) = g
1 + a

1 + az−1
, (3.1)

whereg is the gain term anda controls the frequency-dependent decay character-
istics. The fundamental frequency of the string model is tuned with a fractional
delay filterF (z) [125], such as Lagrange interpolator [125]. Inharmonicity and
dispersion in DWGs is often modeled with allpass filtersAd [112, 126, 127, 128].
The transfer function of the SDL-DWG is

S(z) =
1

1− z−L1F (z)Ad(z)HLF(z)
, (3.2)

wherez−L1 is the integer part of the delay line. A complete commuted DWG syn-
thesizer consists of an excitation database, string model, and tonal control units
[129], see Fig.3.2. Alterations and additions are usually added for accurate instru-
ment specific modeling, such as special guitar sounds difficult to model [129] or
knocks caused by key release in the clavichord [130].

The effect of the body can be modeled with carefully designed digital filters or
reverb algorithms [131, 132, 133, 134, 135, 136, 137, 138]. Body modeling issues
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and synthesis methods are discussed in [P4], [P5], and [P6]. Model-calibration and
extensions to this string model are discussed further in the next section (Sec.3.3).
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Figure 3.1: Block diagram of a simple one-polarization DWG string model, after
[4].
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Figure 3.2: Block diagram of a model-based synthesizer with a tone corrector, a
string model, and a release sample database, based on [129].

3.3 Parameters for digital waveguide models

Parameters for a sound synthesis algorithm can be derived from the physical mea-
surements of the system [113], typically these being a combination of acoustical
measurements and recordings of isolated tones [31].

Usually the starting point in automatic parameter estimation is to locate the start of
the event, i.e., define the onset of a tone. A simple derivative based method has been
used in this work in the context of model estimation. More sophisticated methods
do exist [139, 140], and in [P2]-[P3] an onset detection algorithm is proposed which
operates in two steps and uses a pitch-synchronized analysis window. After the
onset detection the next step in parameter estimation is to estimate the fundamental
frequencyf0 of the tone. An autocorrelation based technique, the YIN method, was
used in this work [141]. Algorithms for estimating thef0s of polyphonic signals
are also available [142] and can be used, for example to analyze chords.

Parameters for controlling the decay characteristics of the string model in Fig.3.1
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can be derived analytically from the physical model [143]. Recorded tones can
be viewed by the short-time Fourier transform (STFT) analysis to obtain the same
information [46, 47]. Design methods for the one-pole loop filterHLF(z) have
been addressed in [46, 47, 137]. Design methods for higher order infinite impulse
response (IIR) filters are discussed in [144, 145]. Recently, a higher order finite
impulse response (FIR) design method has also been proposed [146]. [P4] proposes
the ripple filter extension and [P5] discusses the calibration of the ripple filter for
flageolet tone synthesis. Other ways to extract model parameters include parametric
techniques [147, 148] and nonlinear optimization methods [149, 150].

The model in Fig.3.1is a simplification of what happens in a real string. To be able
to model other phenomena than just the frequency dependent exponential decay of
partials the model has to be made more complex. In a way, the addition ofAd is
such a step. There are methods to model dispersion in stiff strings [112, 126, 127,
151, 128, 152]. As mentioned above, strings exhibit two-stage decay and amplitude
beating of decaying partials, see, for example [153, 137] for methods to estimate
and model these phenomena. Differences in horizontal and vertical vibrations can
be estimated and synthesized with the methods discussed in [4, 137]. Sympathetic
coupling between strings is addressed in [4, 154]. In [P4] a simple lumped and
unidirectional model for modeling sympathetic vibrations of the highest octave in
a harpsichord is proposed.

Nonlinearities in physical models was first addressed in [155]. This was a finite-
difference time-domain (FDTD) method, whereas an early nonlinear DWG model
was presented in [93] for the kantele. After this, the issue of tension modulation
has been investigated further [156, 80, 75, 157]. Nonlinear synthesis methods for
bowed stringed instruments and fret-string interactions or nonlinear boundary con-
ditions have also been discussed [158, 159, 160, 161]. Nonlinear models relevant
and interesting with regard to this thesis are the ones that consider the synthesis of
phantom partials. Many synthesis models for this phenomenon have been proposed
recently [162, 163, 16]. Another computationally efficient solution for this purpose
is proposed in [P6]. Calibration of DWG synthesis models is addressed and novel
synthesis methods are proposed in [P4], [P5], and [P6].

Perception and, more importantly, inaudibility of different features in instrument
tones rises to a momentous topic when considering sound synthesis and its compu-
tational burden. It is an interesting and useful topic that has been addressed to some
extent, see for example [33]. Moreover, this thesis has used the results reported in
[33] to make decisions if a feature, such as the initial pitch glide or inharmonicity,
should be synthesized or not (see [P4]- [P6]). Additionally, based on the results ob-
tained in [P5], it can be said that harpsichords exhibit observable dynamics, hence
this characteristics should be included in high quality synthesis of the instrument.
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Chapter 4

Summary of articles and main
results of this thesis

4.1 Publication [P1]

This paper discusses analysis and measurement results of a modified kantele, de-
signed to have an increased loudness. New design rules to make the modified kan-
tele louder are also proposed. The conducted measurements confirm and support
the proposed design rules. The design rules suggest (1) to increase the tension of
the string, (2) to increase the radiation surface, and (3) to isolate the top plate from
the sound-box with an air gap. To some extent rules (1) and (2) are straightforward
and familiar to most musical acousticians. In contrast, rule (3) is more evolved and
unique since it enables a freely vibrating top plate. To confirm the design rules the
traditional design is compared with the new one through analytical treatments and
acoustical measurements. Two listening tests were also conducted and the results
of these tests support the assumption of an increase in loudness for the new kantele
design. More specifically, on the average, loud plucks of the modified design are
perceived as 3 dB louder than in the traditional design. Furthermore, on certain
strings the loud plucks are perceived as 6 dB louder. It was also found out that the
initial pitch glide does not affect the perception of loudness. The proposed design
ideas can also be applied to other string instruments.

Main results:

• New design of the kantele proven to be louder

• Design rules for making a plucked stringed instrument louder

• Initial pitch drift does not affect the perception of loudness
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4.2 Publication [P2]

This is the first publication of two that together propose a new method for estimat-
ing the plucking point of guitar tones. Previous research concentrated on looking
at the phenomenon in the frequency domain. This algorithm relies on investigating
the time lag between two consecutive pulses arriving at the bridge of the guitar. In
practice, the minimum of the autocorrelation function for one period of the input
signal is used. The minimum of the autocorrelation function gives the time lag that
can be converted into the plucking point, i.e., the distance from the bridge where
the string is plucked. The signal is detected with an under-saddle pickup attached
to the bridge. The results obtained with the algorithm are good, so that the error
remains smaller than one centimeter, except for a few outliers.

Main results:

• Automatic plucking-point estimation algorithm

• New view point to the plucking event and its effect

4.3 Publication [P3]

This paper continues the work proposed in [P2] by improving the plucking-point
estimation algorithm, providing a real-time implementation of it, and testing the
real implementation usage. The improvements were made to the onset detection
part of the algorithm by dividing it into two parts and by doing pitch-synchronous
analysis. First, the rough onset detection signals a plucking event. Then, the exact
detection block looks for the exact moment of the pluck. This is analyzed pitch-
synchronously with a window which is half of the wavelength of the fundamental
frequency of the signal. This improves the robustness to extract the correct first
period of the signal. The real-time implementation is done as an external in the pure
data (PD) environment. The testing of the algorithm was executed with the real-
time implementation and with a database created for the purpose. The testing has
been done for separated signals for reasons of consistency, but the onset detection
algorithm is able to detect a new onset also during continuous playing. In addition,
the used under-saddle pickup receives the signal of all the strings, hence, for a more
practical implementation of the system a six-channel microphone would be needed,
one channel for each string. This way all the strings are managed separately and
the algorithm is able to process normal playing. The proposed algorithm can be
used to control, e.g., audio effects and a sound synthesizer.



4.4. PUBLICATION [P4] 37

Main results:

• Improved version of the automatic plucking-point estimation algorithm pro-
posed in [P2] including real-time testing and implementation

• Onset algorithm proposed for plucked tones with pitch-synchronous analysis

• A manner to do real-time control

4.4 Publication [P4]

A physically inspired model-based sound synthesis method for the harpsichord is
proposed in this article. The synthesis method is computationally efficient and
applies the theory of digital waveguide modeling. A modified version of the com-
muted waveguide synthesis principle is used since the soundboard response is mod-
eled with a separate filter. Also, the ripple filter is introduced which is an alteration
to the loss filter of the string model. The ripple filter allows more flexible con-
trol over the decay rates of partials than is possible with a one-pole filter, which
is the usual choice for the loss filter. A common excitation is inserted into the
string model that has a second-order resonator in parallel. The second-order res-
onator, previously proposed for this purpose, simulates the beating effect appearing
in harpsichord tones. The output of the string model is directed to the soundboard
model, which simulates the response of the soundboard, the undamped strings, and
the ringing of the short parts of the strings behind the bridge. The soundboard re-
sponse is long (> 4.5 s) and modeling it with a filter gives a more natural response
than a triggered sample.

Main results:

• Efficient parametric model-based sound synthesis method for the harpsichord

• Analysis of harpsichord tones and timbre

• Digital body model filter for soundboard response, the undamped strings, and
the ringing of the short parts of the strings behind the bridge

4.5 Publication [P5]

The investigations around the harpsichord are continued in this paper by address-
ing the issue of playing dynamics in harpsichords and by proposing a synthesis
model for the phenomenon. In spite of the common assumption, it is shown that
the harpsichord contains a limited amount of dynamics and some timbral changes
occur when the tangent is pressed down with different speeds. The signal analy-
sis made on recorded harpsichord tones revealed differences in the levels of string



38 4. SUMMARY OF ARTICLES AND MAIN RESULTS OF THIS THESIS

harmonics, so that stronger playing forces produced higher levels. The differences
for isolated harmonics were as high as 5 dB for some low tones. For higher tones
the level differences were smaller, about 1-3 dB. Based on the conducted listen-
ing test, it can be said that during each dynamic step (from piano-pianissimo (pp)
to mezzo-forte (mf ) and from mezzo-forte to forte-fortissimo (ff ) the loudness
of the instrument increases about 1 dB. In addition to the changes in the level of
harmonics, their relative levels differ according to the used dynamic level. Fur-
thermore,mf andff level tones exhibit soundboard resonances, so that theff
tones have the most prominent soundboard resonances. A general framework for
building a model-based synthesis algorithm for the dynamic behavior of the harp-
sichord is also proposed. Based on this, a digital waveguide model is proposed
with a dynamic gain and timbre control, and a dynamic soundboard filter. The dy-
namic soundboard filter is connected in parallel with the string model to simulate
the soundboard knock.

Main results:

• Harpsichord observed to contain dynamics and changes in timbre occur ac-
cording to playing level

• Refined version of the synthesis algorithm proposed in [P4]

4.6 Publication [P6]

This paper proposes a sound synthesis model for the ancient Chinese plucked string
instrument called the guqin. The guqin has seven strings and is fretless, which en-
ables smooth glides from a tone to another. The body of the guqin is 120 cm long
and 18 cm wide hollow box made from two pieces of wooden board, and the top
board is carved into an arch while the bottom is flat. The strings are pressed with
the left hand against the top board, and hence, it is used as the fingerboard. For
pressed tones, one end of a vibrating string is terminated either by the nail of the
thumb or a fingertip. The right-hand fingers pluck the strings. Guqin playing also
incorporates plenty of flageolet tones in its music. Analysis showed that the string
vibrations are inharmonic enough to be audible and that the tones terminated with
a fingertip decay faster than those terminated with a thumb. Also, guqin tones ex-
hibit phantom partials. The model-based sound synthesis algorithm uses the digital
waveguide approach. A body model filter is placed in cascade with the string model
so that when the length of the string changes some of the filtering effect of the body
is preserved. Flageolet tones are synthesized with the so called ripple filter structure
and a systematic calibration method is introduced. The ripple filter is an FIR comb
filter used as an extension to the one-pole loss filter in the delay line of the digital
waveguide model. The synthesis model takes into account the important character-
istics of the instrument and is able to reproduce them. The synthesis model will be
used for rule based synthesis of guqin music.
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Main results:

• Efficient parametric model-based sound synthesis method for the guqin

• Analysis of guqin tones and timbre. First systematic acoustic analysis of the
guqin to the author’s knowledge

• Digital body model filter to compensate for time-varying string

• Flageolet tone and phantom partial synthesis and calibration
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Chapter 5

Conclusions and future directions

This thesis explores issues around plucked stringed instruments, namely their acous-
tical properties and their sound synthesis. Loudness of the instruments is addressed
in the case of the kantele and the harpsichord. A new design of the kantele was
proven to be louder, based on acoustical measurements and formal listening tests.
Also, loudness changes of the harpsichord was studied and, contrary to common
belief, it was found that the harpsichord exhibits dynamics, albeit limited. This
issue was investigated through signal analysis and formal listening tests.

The topic of timbre is investigated in the case of the guqin, the harpsichord, and
the acoustic guitar. Analysis of timbral features of the guqin revealed that for most
of the strings the inharmonicity is large enough to be noticeable and the initial
pitch glide is at the boundary of auditory threshold. In addition, the termination
technique, fingertip or nail, makes a difference in the decay time of a tone. The
exquisite playing of the guqin contains a lot of flageolet tones. A computationally
efficient model and calibration scheme is proposed for this purpose. The model-
based sound synthesis algorithm for the instrument has covered these characteris-
tics and has also a body model. The timbre of the harpsichord was also approached
through its inharmonicity and body response behavior. Dynamic playing was found
to affect the timbre of the harpsichord so that an increment in the playing level in-
creases the level of body mode radiation and slightly alters the relative spectral
content. A DWG based synthesis algorithm is introduced that accommodates the
important features of the instrument. For the acoustic guitar, the plucking point
event was addressed, which has a profound effect on the timbre of a tone. As a
result of looking at the process from a new point of view, an automatic plucking
point estimation algorithm was designed and proposed.

As for future directions of research related to the field of this thesis the themes of
sophisticated control schemes, objective sound quality measurements of synthesis,

41
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and virtual instrument building can be raised. Naturally, previously not modeled
instruments can, will, and should be tackled with the existing methods, and con-
sequently stretch the known algorithms. This would also include improving of
already modeled instruments. At the current state, many sound synthesis schemes
are able to reach a relatively high level of sound quality. In other words, a synthe-
sized tone is not necessarily distinguished from a recorded one. One of the future
steps required is to obtain sophisticated, user friendly, control schemes that make
the music played with a synthesis model sound natural. This should occur both in
the algorithm and interface domain. That is to say, a gap remains between the rigid
tones/music produced with a computer and a human playing an acoustic instrument.
Extensive methods for objective sound quality measurement of musical instrument
synthesis algorithms, which account for auditory perception (and human taste), are
still missing at large. Sound synthesis algorithms have so far been assessed through
basic signal analysis schemes, which is well validated. However, formal listening
tests, methods, and research around this topic are juvenile or completely missing,
whereas research around quality assessment of, e.g., speech codecs is far more
mature. Beyond this, a future dream of probably all musical acousticians is to be
able to accomplish instrument design in the digital domain. This would mean that
one could build and reshape an instrument on the computer and listen to how the
changes affect the final instrument before a single finger has even touched wood.
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