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Linköping University, ITN - Digital Media Group

Media technology programme

1



Abstract

This thesis report describes a virtual musical instrument capable of time domain
synthesis of guitar tones of acoustic and electrical character. Apart from the
problem of the generation of guitar timbres, attention is paid to the interaction
between the guitar and the player. A real time implementation with a graphical
user interface has been developed, using modern software synthesis technology.
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0.1 List of symbols

μ String linear mass density
Fx String tension
t Time
y String displacement
x Spatial string position
c Transversal string speed
m Discrete spatial string position
mp Pluck position
n Discrete time
Δ Spatial step size
X Discrete spatial step size
T Discrete temporal step size
b1 String damping
b2 Frequency dependent string damping
fs Sample rate
ff Fundamental string frequency
M Finger/pick mass
K Finger/pick stiffness
R Finger/pick damping
r Finger/pick normalized damping
F Excitation force
Fs String reaction force
h Excitation displacement wave component
w Reflected displacement wave component
c1 − c5 Excitation model coefficients
ta Excitation force attack time
tr Excitation force release time
sa Excitation force segment shape
sr Excitation force segment shape
Af Maximum excitation force amplitude
α Related to string release
td “Pre-damping“ duration
gf Fret board finger damping
η Fret board finger filter cutoff frequency
L String length
l “Normalized“ String length
ttransition Time duration for a fret change
κ String stiffness
E Young’s modulus
d String diameter
ω0 Fundamental string frequency
u Coupling coefficient
σ Modal component
ωc Modal resonant frequency
a Modal gain
γ Modal “peak width“
v String velocity
Ft→l Transversal to longitudinal excitation force
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A Longitudinal mode impulse response
gl Amount of audible longitudinal mode effect
gt Overall decay rate of free longitudinal modes
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0.2 Structure of this report

Section 0.3 to 0.6 gives a brief background on the subject of guitar tone synthesis
and digital waveguides. Section 0.6 to 0.13 discuss the various physical modeling
approaches used in the “Plucksynth“. A brief overview of the complete program
implementation, the MIDI control methods and the user interface is given in
section 0.13.

0.3 Introduction

The synthesis of acoustic instruments dates long back in the history of synthe-
sized sounds. While early synthesis technology, based upon filtering and mod-
ulation of simple source waveforms have an interesting sound, attempting to
synthesize acoustic instruments with such methods usually gives poor results.
In recent years, methods for computationally efficient physical simulations of
musical instruments have been developed as an alternative. By focusing on
the underlying physics of the instrument vibration, synthesis algorithms that
realistically reproduce an acoustic instrument’s timbre may be devised.

0.4 Methods for efficient guitar simulation

0.4.1 Sample based synthesis

Sample based synthesis is currently the dominant method used to reproduce
acoustic and electro acoustic instruments. The approach is to simply record
samples from real instruments, and trigger these sounds by certain rules as-
sociated with a chosen control method set by the instrument designer. The
sound quality and real time performance is naturally excellent. A drawback of
the sample based approach is evident; a significant amount of waveform data
must be recorded, sometimes hundreds of megabytes of data is required in order
to archive a quality result, leading to high storage requirements and a labor-
intensive production process. The core problem with sample-based technology
though, is that it cannot reproduce any sounds that are not covered by the
pre-recorded dataset in a natural way - a certain instrument articulation or de-
tail is often represented by a separate sample. In the guitar case, performances
are highly articulated and a sample based guitar synthesis approach often gives
a somewhat “mechanical“ impression, since samples often are “recycled“ and
result in an overall lack of natural variations.
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0.4.2 Physical modeling

Physical modeling methods can theoretically solve the issues of pre-recording. If
the underlying instrument physics is accurately simulated, the subtle variations
and wide range of expression that define a real instrument performance may
appear “automatically“, provided that the physical model is designed in such
a way that it mimics the dynamics and sound radiation of the real instrument.
The end user can also be given the ability to shape the instrument timbre by
modifying the “virtual construction“ of the instrument, effectively avoiding the
limited range of possible sound characteristics of sample based approaches.

Typical problems arising in physical modeling approaches are, not surpris-
ingly, complexity and high computational costs. Significant amounts of pa-
rameters that require adjustment are also to be expected, as well as the need
to approximate or substantially simplify physical reality. A commonly arising
question is whether the simulation of a physical attribute actually matters for
the result, or may be neglected or roughly approximated.

An interesting aspect of physical modeling is the possibility of improvement
in sound quality compared to that of a real instrument. For example; a long
sustain time is a desired feature of a guitar. In the “virtual“ case, as opposed to
physical reality, the sustain time can be set to an arbitrary duration simply by
adjusting a numerical parameter value. However, any improvement of such kind
of course requires that accurate and well sounding physical models is developed,
which in practice is a big challenge.

0.4.3 Hybrid methods

With the complexity problem associated with physical modeling and the expres-
sion problem arising from sample-based technology in mind, a natural approach
would be to combine the two methods. In the guitar case, If a pluck from an
acoustic guitar is recorded and inspected in detail, an immediate conclusion
is that waveform complexity arises mainly during the transient phase, while
the sustained decaying phase is, by comparison, “simple“. The idea of using
transient data extracted from recorded tones, combined with physical modeling
techniques for the resulting sustain phase may be realized with a method called
“commuted synthesis“. The basis of this approach is the Karplus Strong string
synthesis algorithm - a structure is similar to a comb filter with a low pass filter
present in the feedback path. By adjusting the properties of the filter and the
characteristics of an incoming transient signal, the string tone characteristics
are altered.

While the resulting sound quality and computational efficiency of this ap-
proach is great, problems from the fully sample based approach still remain.
Vast amounts of transient signals must be stored, and unless pre-recorded, the
method fails to “automatically“ reproduce audible details (such as details arising
from subsequent string excitations). In an instrument where the player’s inter-
action is such that the human body is in direct contact with a sound generating
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component of the instrument, such details arise frequently.

0.5 Digital Waveguide Synthesis

The guitar model developed in this work is based on the bi-directional digital
waveguide formulation, as introduced in [1]. The method can be used to simulate
a wide range of musical instruments, and does not only apply to the plucked
string case. A digital waveguide can be regarded as a basic component in an
approximate time domain simulation of a particular wave equation describing
the dynamics of, for example, a musical instrument string. Digital waveguides
have big computational advantages (in fact they are the most efficient known
means to simulate wave equations in the time domain) and are therefore well
suited for real time applications.

0.5.1 Traveling wave decomposition

An ideal string may be represented by the following standard one dimensional
wave equation

μ
∂2y

∂t2
= Fx

∂2y

∂x2
(1)

Where μ is the linear mass density of the string and Fx is the tension. y
is transversal displacement and x represent spatial position along the string.
In order to represent a physically meaningful scenario, the equation is defined
over a spatial interval L representing the length of the string, accompanied by
boundary conditions at x = L and x = 0.

The solutions to a one dimensional wave equation such as (1) may be rep-
resented by a superposition of two waves traveling in opposite directions with
speed c. Under the common assumption that the tension is constant and uni-
form along the string, c is given by

c =
√

Fx/μ (2)

A traveling wave decomposition of the solutions of a wave equation is com-
monly called the d’Alembert form of the solution. Denoting y+ as a wave trav-
eling to the right and y− as a wave going to the left, an expression for the string
displacement at a time t and position x along the string is:

y(x, t) = y+(x − ct) + y−(x + ct) (3)
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An important remark is that, individually, y− and y+ do not have any
particular physical meaning. They each represent a component of the solution,
and may take on an infinite number of forms as long as their sum along the
string at any time t represents a physically meaningful scenario.

0.5.2 Traveling waves as delay lines

Discretization of a wave equation describing a string implies that the string
length is divided into a number of spatial samples, spaced at a s X , each rep-
resenting a small section of the string. The d’Alembert solution in (3) may be
sampled in such a way that

x → mX

t → nT
(4)

Where X denotes the spacing if the spatial samples and T the sampling
time interval. In a discrete simulation running at sample rate fs, giving a time
step T = 1/fs, a wave component travels a distance cT . Using X = cT as
spatial sampling distance, the discrete version of the solution (3) is

y[n, m] = y+[T (m − n)] + y−[T (m + n)] (5)

The relationships resulting from sampling of (3) imply that a traveling wave
component of a discrete D’Alembert decomposition may be simulated using a
digital delay line. Each delay line cell, separated by a time delay T , represent
a spatial sample of the traveling wave solution at a certain time instance, as
illustrated in figure 1

z -1 z -1 z -1

X

z -1

Figure 1: Digital delay line representation of a traveling wave component.

By using two delay lines, and configuring their inputs and outputs in such a
way that they respectively represent a left and right traveling wave component,
a discrete simulation strategy for (3) is obtained.

From (5) it can be deduced that a physical displacement measure at a
certain fixed position p along a simulated string is given by

yp[n] = y+[p, n] + y−[p, n] (6)

7



z -1 z -1 z -1z -1

z -1 z -1 z -1z -1

Figure 2: Digital delay line representation of two wave components traveling in
opposite direction.

Hence, a physical displacement signal yp(n) at spatial position p can be
observed from the two delay lines according to figure 3

z -1 z -1 z -1 z -1

z -1 z -1 z -1 z -1

p

+ y(n)

Figure 3: Digital delay lines with output taken at spatial position p.

0.5.3 Wave variables

Naturally, other quantities than transversal displacement arise in physical sim-
ulations. An important result is that equivalent digital delay line / waveguide
formulations can simulate wave propagation of other physical quantities than
displacement, such as velocity, slope, force, acceleration etc. The choice of wave
variable is usually a “design choice“ in digital waveguide synthesis, and depends
on the nature of the simulation. Frequently, waveguide simulations require run-
time conversions between related quantities, which often can be done by using
a conversion specific formula. For example, velocity waves may be derived from
displacement waves by a discrete differentiation in time. In general, velocity
waves is a preferred choice since conversions into related wave variables result
in convenient conversion functions [1].

0.5.4 The “lossy“ waveguide

During the vibration of a real string, any traveling wave quantity is subject
to losses over time due to internal friction, heat dissipation, etc. The simplest
means to add losses to (1) is to include a damping term b1 proportional to the
first derivative in time of string displacement.
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μ
∂2y

∂t2
= Fx

∂2y

∂x2
+ b1

∂y

∂t
(7)

Solutions to (7) exhibit an exponentially decaying envelope. In order to
take losses into account in a digital waveguide analogue of (7), a gain factor
0 < g < 1 may be introduced “in between“ each delay cell [1], as shown in
figure 4

z -1

g
z -1

g
z -1

g
z -1

g

Figure 4: A “lossy“ delay line.

For each step in the simulation the value of each delay cell is not only prop-
agated one spatial step to the left or right, but also multiplied by g. It can be
shown that these “in between“ distributed losses commute due to linearity, and
may be lumped into one single point loss. For example, instead of having 50 de-
lay cells and a 50 loss terms ”‘in between”’, resulting in 50 multiplications each
sample instance, if the waveguide is not to be observed at any of these points,
only one loss is necessary and gives, in general, equivalent results. This fact is
of great importance, since it is the primary reason for the computational effi-
ciency of digital waveguide simulations. In a physically accurate simulation, any
observation point should be associated with a lumped loss, but sometimes such
distributed losses is grouped into a single factor for the sake of computational
efficiency and simplicity.

0.5.5 Tuned waveguides

Real strings are of course of a certain finite length. A guitar string is terminated
at the bridge and at the nut/fret, where traveling waves reflect. In a guitar
simulation, common practice is to regard the nut/fret to be perfectly rigid, that
is, a displacement wave sample will completely reflect with a sign inversion as it
“bounces“ at the termination. Sign inversion does not apply to all wave variable
reflections. Some wave quantities, such as force waves, reflect without it. At
the bridge, the incoming wave is multiplied every “round trip“ by a lumped loss
factor gb that causes the string vibration to decay exponentially. For stability,
0 < gb < 1. The sustained vibration time increases as gb approaches one.

The time 2MT it takes a wave to make a “round trip“ in the delay line
structure determines the string’s fundamental frequency. The delay time M
can be calculated as

M = fs/2ff (8)

Where ff is the fundamental frequency of the particular tone that is to
be produced. Since (8) will rarely result in a pure integer M , efforts must be
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-1

z -M

-1

bg

z -M

Figure 5: Bridge/nut terminated waveguide with a lumped loss gb at the bridge.

taken in order to also include the fractional part of the delay time, otherwise the
produced tone would be slightly out of tune. To modify a waveguide structure
so that also the fractional delay part is taken into account, a filter with, ideally,
an all pass frequency response together with a group delay close to the desired
fractional delay is added at some point in the delay path. Common fractional
delay filters used in digital waveguide simulations are Thiran all pass IIR fil-
ters and Lagrange interpolation FIR filters. More information on the design of
fractional delay filters can be found in [3].

0.5.6 A simple plucked string model

With little modification, a simple plucked guitar string may be modeled by the
structure shown in figure 5. The simulation is initialized in such a way that the
left and right going delay lines contain a triangular displacement distribution,
where the “tip“ of the triangle is located at the plucking position. Real strings
have frequency dependent damping of low pass character, meaning that the
lumped “round trip“ loss will depend on the frequency content of the incoming
wave. Frequency dependent damping is introduced by adding a low pass filter
H(z) in addition to gb. In order to keep the structure stable, the modulus
of H(z) should not exceed one. An output similar to figure 3 is located at
the rightmost endpoint of the string. The observed displacement wave is also
converted into a physical force wave F (n), simulating the string to body force
transfer in an acoustic guitar. The structure is depicted in figure 6.

-1

-1

bg

H(z)+F(n)

Figure 6: A simple plucked string model at initial time.

By controlling properties of the initial displacement distribution, the cutoff
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frequency of H(z), as well as the value of the gain factor gb, the force signal
F (n) from this simple model has the principal characteristics of a guitar tone.
However, if the results are compared to real guitar tone recordings, it becomes
clear that more advanced simulation structures are necessary for realistic results.

0.6 String excitation

If a real guitar is played, it is easily observed that the timbre of the guitar
is highly dependent on how and with what the string is excited, plucking the
string with a hard pick gives the tone a bright and “metallic“ character. Using
the finger, the tone character becomes softer. Furthermore, during a realistic
performance, a string is practically never plucked from a completely resting po-
sition, depending on the strings vibration during the time a finger or pick is in
contact with the string, noises and other subtle characteristics can be distin-
guished in the produced tone transients. With this in mind, modeling the initial
displacement as a triangular spatial distribution (or any other initial condition
of a displacement derived wave variable, such as an acceleration impulse) as de-
scribed in the previous section can be regarded as a rather crude simplification
of physical reality.

0.6.1 The finger/pick as a string coupled dynamic system

To bring a guitar simulation closer to physical reality, dynamic characteristics
of the pick or finger used during string excitation can be taken into account.
In [4] a finger is modeled as a dynamic system subject to an external force,
coupled with the string. The method results in interaction between waveguide
simulated string vibration and a “virtual finger“, the model used here takes on
the similar approach.

The dynamic properties of the finger/pick is represented by a mass M , a
stiffness K and a damping coefficient R. Hence, the finger is represented by
a standard mass spring damper system subject to an external excitation force
F (t)

M
∂2λ

∂t2
+ R

∂λ

∂t
+ Kλ = F (t) (9)

where λ denotes displacement. In order to couple the system given by (9)
to a string simulation, it is assumed that the displacement λ equals the string’s
displacement at the excitation position. During contact, the finger is assumed
to be “stuck“ to a single spatial section of the string having mass μΔ, giving
a total combined mass of M + μΔ. As the string is excited, a reaction force
Fs(t) is produced by the string’s tension that acts at the excitation position, in
opposite direction to the excitation force. The equation for the string coupled
dynamic system becomes
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(μΔ + M)
∂2y

∂t2
+ R

∂y

∂t
+ Ky = F (t) − Fs(t) (10)

y here denotes the string displacement at the excitation position. The
damping coefficient R is taken to be normalized to the string’s characteristic
impedance

R =
Fx

c
r (11)

The reaction force Fs(t) is calculated using the difference of displacement
increments [4] between the two spatial positions respectively located to the left
and right of the plucking point xp.

Fs(t) = Fx

(
Δy

Δx

∣∣∣
x<xp

− Δy

Δx

∣∣∣
x>xp

)
(12)

Combining (10) and (12) gives

(μX + M)
∂2y

∂t2
+ R

∂y

∂t
+ Ky = F (t) − Fx

(
Δy

Δx

∣∣∣
x<xp

− Δy

Δx

∣∣∣
x>xp

)
(13)

Discretizing the model

A common method to obtain a computational model of a partial differential
equation such as (13) is to use finite difference approximations. Each derivative
expression is replaced by a discrete, approximate counterpart. In the discrete
form of (13) used, the plucking point is restricted to only one discrete spatial
string element, denoted mp. A set of possible finite difference expressions for
the derivatives in (13) at mp is:

∂y

∂t
≈ y[n, mp] − y[n − 1, mp]

T
∂2y

∂t2
≈ y[n + 1, mp] − 2y[n, mp] + y[n − 1, mp]

T 2

(14)

Δy

Δx

∣∣∣
x<xp

≈ y[n, mp] − y[n, mp − 1]
X

Δy

Δx

∣∣∣
x>xp

≈ y[n, mp + 1] − y[n, mp]
X

(15)
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If a string is excited from an initially resting state, two “outgoing“ waves
from the excitation point are generated, traveling in opposite directions. After
a certain time, these waves reflect at the terminations and start traveling back
to the excitation point - where they influence the dynamics of the excitation.

In total, four waves should be considered along the string and at the ex-
citation position. Two, from the pluck position, “outgoing“ waves are directly
generated by the excitation. Letting h denotes the component of the excitation
point string displacement that is caused by the finger force, the resulting right
and left propagating displacement wave components are denoted h+ and h−.

As the waves h+ and h− reflect at the terminations, two, to the plucking
position, “incoming“ waves originates. These are denoted w−, w+. In terms of
these four waves, the string displacement y[n, m] at any time and position along
the string is expressed by the following d’Alembert decomposition

y[n, m] = h−[n, m] + w−[n, m] + w+[n, m] for m < mp

y[n, m] = h+[n, m] + w−[n, m] + w+[n, m] for m > mp

y[n, mp] = h[n, mp] + w−[n, mp] + w+[n, mP ] for m = mp

(16)

The particular waveguide situation arising from this formulation is illus-
trated in figure 7.

w  +

w  +

w  -

w  -

mp

h  - w  -+

h  - w  -+

h  + w  ++

h  + w  ++y = + y = +

Figure 7: Delay line representation of (16). The excitation point is here located
in the midpoint of the string for clarity.

Next, using (16) in the finite difference expression (14), omitting the com-
mon mp index where applicable, at the excitation point we obtain:
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∂y

∂t
≈ h[n] + w[n] − (h[n − 1] + w[n − 1])

T
∂2y

∂t2
≈ h[n + 1] + w[n + 1] − 2(h[n] + w[n]) + y(h[n − 1] + w[n − 1])

T 2

(17)

Where

w[n] = w−[n, mp] + w+[n, mp] (18)

Further, by switching temporal and spatial indexes, (any loss occurring
during the one spatial step propagation is neglected).

y[n, mp − 1] = h[n, mp − 1] + w+[n, mp − 1] + w−[n, mp − 1]
= h[n − 1, mp] + w+[n + 1, mp] + w−[n − 1, mp]

y[n, mp + 1] = h[n, mp + 1] + w+[n, mp + 1] + w−[n, mp + 1]
= h[n − 1, mp] + w+[n − 1, mp] + w−[n + 1, mp]

Again, dropping the common spatial index mp gives

y[n, mp − 1] = h[n − 1] + w+[n + 1] + w−[n − 1]
y[n, mp + 1] = h[n − 1] + w+[n − 1] + w−[n + 1] (19)

Plugging (19) into (15) gives

Δy

Δx

∣∣∣
x<xp

− Δy

Δx

∣∣∣
x>xp

≈ 2(h[n] − h[n − 1] + w[n]) − (w[n + 1] + w[n − 1])
X

(20)

Finally, combining (20) (17) and (13) and solving for h[n + 1] gives

h[n + 1] = c1h[n− 1] + c2h[n] + c2w[n] + c3w[n− 1] + c4w[n + 1] + c5F [n] (21)

Where the coefficients c1 to c5 are given by
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c1 =
−2 X M − 2 X2μ + 4 Fx T 2 + RTX

X (RT + 2 M + 2 X μ)

c2 =
4 X M + 4 X2μ − 4 Fx T 2 − 2 KT 2X

X (RT + 2 M + 2 X μ)

c3 =
−2 X M − 2 X2μ + 2 Fx T 2 + RTX

X (RT + 2 M + 2 X μ)

c4 =
−2 X M − 2 X2μ + 2 Fx T 2 − RTX

X (RT + 2 M + 2 X μ)

c5 = 2
T 2

RT + 2 M + 2 X μ

(22)

R is computed according to (11). The derivation outlined may also be
used with other initial dynamics models than the linear damping and stiffness
present in (10). A non linear spring model such as the one used for piano
hammer interaction in [5] may replace the linear stiffness. As in [4], simulation
of different actions on the string is realized by using different force input signals,
and a control scheme based on modulation of the parameters M , K and r.
Details on this parameter modulation are given in following sections.

0.6.2 Implementation

Equation (21) has the structure of a IIR filter and is implemented as such.
The “string feedback“ signal w[n] is calculated by summing the incoming waves
present in the righ and left going delay lines at the pluck position. Immediately
after the start of an excitation of a initially zero-valued waveguide, no excitation
waves have reflected at the terminations, thus, w− and w+ are both zero valued.
During this short time duration, (16) reduces to

y[n, m] = h−[n, m] for m < mp

y[n, m] = h+[n, m] for m > mp

y[n, mp] = h[n, mp] for m = mp

(23)

The perturbation values h[n] obtained from (21) should rightfully be in-
troduced “in between“ two delay line cells, assuming (23) holds, this results
in

y[n, mp] = h[n]
y[n, mp + 1] = h[n + 1]

(24)

If this detail is not taken into account, problems with observations of the
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displacement at the actual pluck position may arise. Related issues are discussed
in [5] and [6] and [7]. In pseudo program code, the implementation reads;

for each sample
1 Calculate feedback displacement w[n + 1] = LeftGoingDelay[mp] + RightGoingDelay[mp]
2 Process (21) with w[n + 1] and F [n] to calculate h[n + 1] and h[n]
3 Set RightGoingDelay[mp + 1] = RightGoingDelay[mp + 1] + h[n + 1]
4 Set LeftGoingDelay[mp] = LeftGoingDelay[mp] + h[n]
5 Compute string displacement using LeftGoingDelay[m] + RightGoingDelay[m].
6 Compute reflections and losses at the terminations
7 Propagate delay lines one spatial step

next sample

An important remark is that w[n + 1] must be calculated after the newly
introduced h[n] and h[n + 1] values has been propagated one spatial step away
from the pluck position, otherwise, w[n+1] would not represent a reflected wave
and the algorithm will be unstable.

0.6.3 The force signal

The force exerted on a guitar string may be represented by a two-segment signal,
during the initial attack phase, the force rise from zero to a final maximum
and then rapidly goes back to zero as the string is released (The force is not
distributed along the string, it only act at one spatial position, as described in
the previous section). Depending on how the player approaches the string, the
force curve is here assumed to take on different shapes and time durations. Two
types of curves are used for the construction of force signal segments, one “S-
shaped“ and one exponential curve with variable slope. Denoting attack time
as ta, release time as tr, and Af as the maximum force magnitude, “S-shaped“
force segment curves are given by

F (t) =

⎧⎪⎪⎪⎪⎪⎪⎪⎨
⎪⎪⎪⎪⎪⎪⎪⎩

Af
1
2

[
1 − cos

(
π t

ta

)]
for 0 ≤ t ≤ ta

Af
1
2

[
1 + cos

(
π t−ta

tr

)]
for ta < t ≤ ta + tr

0 for t > tr + ta

(25)

And the exponential curves are given by
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F (t) =

⎧⎪⎪⎪⎪⎪⎪⎪⎨
⎪⎪⎪⎪⎪⎪⎪⎩

Af

(
t
ta

)sa

for 0 ≤ t ≤ ta

Af

(
t−ta

tr

)sr

for ta < t ≤ ta + tr

0 for t > tr + ta

(26)

Where sa and sr determine the curve slopes, if sa = sr = 1 a linear segment
is obtained. Modifying these slope parameters together with ta and tr, a range of
different force inputs can be created. The segment shapes may also be combined,
so a linear attack segment may for example proceed an “S-shaped“release. Three
possible variations are depicted in figure 8.

t

F(t)

t

F(t) F(t)

t
I II III

0 00

Af AfAf

Figure 8: I) Exponential segments, sa and sr < 1 II) Exponential attack and
linear release. sa > 1 and sr = 1 III) Linear attack segment with “S-shaped“
release segment.

If the release time is too long, the string will be unnaturally damped during
the release phase, (as if the string is slowly released and never really given any
excitation). As in [4], proper release times is taken to be around one half a
period of the strings’ fundamental frequency f0. The release time is calculated
and controlled using tan in the following relation

ta =
1

2f0
tan

During excitation, additional frictional forces may be assumed to influence
the force signal as the finger or pick slides along the string; a physical treatment
of this process would result in a very complex model. The approach used here
is to simply add a short burst of noise of low amplitude to the release segment
of the force signal. The character of the noise sample used represents different
surface properties of a pick/finger.

0.6.4 String release

String release is performed as a two-stage process, first the force release curve
segment reaches zero, next, the finger/pick lose contact with the string. This
“model detach“ is performed by letting the mass, damping and stiffness pa-
rameters rapidly approach zero. In this implementation the dynamic system’s
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parameter are lowered by multiplying them with a constant 0 < α < 1 each
time step. The following pseudo program code describes the procedure used
to compute the perturbation values during this final stage (The time varying
variables Mr, Rr and Kr initially equals the non-zero valued M , R and K).

if t ≤ ta + tr
compute h[n + 1], h[n] using (21) with M , R, K

end

if t > ta + tr
Mr = α × Mr

Rr = α × Rr

Kr = α × Kr

compute h[n + 1], h[n] using (21) with Mr, Rr,Kr

end

As soon as all parameters are close to zero, free string vibration follows. This
recursive approach generates exponentially decaying parameters. Other ways
of letting the parameters reach zero are also possible, and may give improved
control over the resulting sound. This particular method was chosen mainly
because it can be conveniently controlled using only the one parameter α.

0.6.5 Displacement waves simulations

The following figures show various displacement signals as observed at the pluck
position together with the corresponding force input signal, illustrating the ef-
fects of the different parameters M , r,K and α. Initially, the string is at rest
(each delay line cell is zero valued). The Sample rate is set to 44.1 kHz and the
waveguide is tuned to 110 Hz. Fx = 71N , μ = 0.4 × 10−3kg/m. The time axis
is labeled in seconds.

Figure 9 and figure 10 show the effect of the α parameter, increasing its
value toward one results in a slightly smoother shaped time series (with α = 1
the string is never released, and string motions quickly damped). In effect,
during the release stage described in 0.6.4, a nonzero α parameter “rounds off“
the tip of the string’s triangular like displacement distribution that is formed
during the attack. It can be used to simulate (unphysically) the rounding/low
pass effect a finger causes on a real plucked string. Figure 11 shows a more step
like “pizzicato“ force input that causes reflected waves from the terminations
to quickly gain amplitude and slightly increase the interaction activity before
string release. Figure 12 shows how a very small mass and a high stiffness
makes the pluck very “springy“ and increases the overtone excitation. In gen-
eral, mass decrease and stiffness increase will make the resulting sound more
“metallic“, as if the string is plucked by a plectrum or with the fingernail. The
damping parameter affects the final amplitude of vibration, and overall effect of
the stiffness. As will be discussed later, damping also becomes important in a
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Figure 9: M = 0.005 r = 1 K = 2000 α = 0.1
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Figure 10: M = 0.005 r = 1 K = 2000 α = 0.99

more realistic performance situation when the string is plucked from a vibrating
state.

0.6.6 Velocity waves simulations

Displacement wave simulations suffer from a few problems related to the string
release and the D’Alembert formulation in (16). As the string is released M, K
and R equals zero, with X = cT , the coefficients in (22) reduces to:
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Figure 11: M = 0.0005 r = 1 K = 1000 α = 0
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Figure 12: M = 0.00006 r = 0 K = 5000 α = 0.2

c1 = 1
c2 = 0
c3 = 0
c4 = 0

c5 =
T

cμ

(27)

Since also F (t) = 0, (21) reduce to

h[n + 1] = h[n − 1] (28)

20



The coefficients (27) and equation (28) may look strange at first, since
they indicate that a constant displacement signal will be added to the delay
lines during free vibration. The behavior of the wave solution (16) during force
excitation indicates that this will be the case for a displacement wave situation.
Figure 13 illustrates the waveguide state as a result of the algorithm described
in section 0.6.2. When a typical force signal F (t) has been applied for a certain
time duration, a discontinuity is formed at the pluck position.

mp

Left + right delay line - physical displacement

Right going delay line

Left going delay line

Figure 13: Discontinuity arising during force application

If the string is immediately released (α = 0) from the simulation state
shown in figure 13, in following time steps, all content of the delay lines should
start propagating freely without any influence other than lumped losses. Waves
must pass the discontinuity just as if it “were not there“, otherwise, the sum
of the delay lines would not remain continuous and not represent a physically
plausible scenario. The actual effect of (28) is that waves do “propagate across“
the discontinuity, keeping the resulting physical displacement distribution con-
tinuous. As vibration later stops due to the lumped losses at the terminations,
the simulation state will look like in figure 14.

These discontinuities are not a problem for single pluck displacement wave
simulations, such as the simulations in figure 9 to figure 12. However, in a
more realistic instrument-playing situation, simulation of subsequent plucks at
different excitation positions is desirable. In such cases, a displacement wave
algorithm would cause several discontinuities to be present along the delay lines,
each associated with the introduction of a constant displacement signal that
must be kept track of. A similar scenario is discussed in [8]. Furthermore,
internal displacement wave components accumulate [6], constantly increasing
in magnitude during the force presence, and might eventually cause numerical
overflows to occur.

With these complications in mind, it is desirable to be able to eliminate the
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Figure 14: Waveguide state as string vibration have stopped

discontinuity as the string is released. Equation (28) gives h[n+1]−h[n−1] = 0,
indicating that derivatives with respect to time of the outgoing displacement
wave h will approach zero at string release. By simply replacing the displace-
ment waves with velocity waves, the discontinuity at the pluck position gradually
disappears as soon as the string is released. An algorithm simulating velocity
waves can be described as follows:

for each sample
1 Calculate feedback velocity wv[n + 1] = LeftGoingDelay[mp] + RightGoingDelay[mp]
2 Integrate wv[n + 1] to form the displacement w[n + 1]
3 Process (21) with w[n + 1] and F [n] to compute next h[n + 1] and h[n]
4 Differentiate h[n + 1] and h[n] to velocity values hv[n + 1] and hv[n]
5 Set RightGoingDelay[mp + 1] = RightGoingDelay[mp + 1] + hv[n + 1]
6 Set LeftGoingDelay[mp] = LeftGoingDelay[mp + 1] + hv[n]
7 Compute string velocity using LeftGoingDelay[m] + RightGoingDelay[m]
8 Compute reflections and losses at the terminations
9 Propagate delay lines one spatial step

next sample

The differentiator/integrator filter pair used at step 2 and 4 can be based on
any type of derivative approximation, however, suitable is the first order central
finite difference in time.

∂y

∂t
≈ y[n + 1] − y[n − 1]

2T
(29)

Inverting (29) yields an integrator. For best stability, the differentiator and
the integrator pair should perfectly invert each other. As the release process as
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described in section 0.6.4 is complete, hv will always vanish and it is possible to
safely “turn off“ the excitation computation and reset the internal variables to
zero. The excitation model can now be relocated to a new string position for
the next pluck. A possible modification to the excitation model that address
the discontinuity issue in an alternative way is discussed in [15].

0.6.7 Simulating subsequent plucks

In a playing situation, guitar strings are practically always plucked from a vi-
brating state. A few modifications to the algorithms given so far are required in
order to simulate this case, the practical difference from the examples discussed
so far is that the reflected wave feedback w[n] is nonzero when the force starts
acting on the string (if the string is plucked from a resting state, w[n] = 0 up
until the point when an excitation wave has reflected and traveled back to the
pluck position). Depending on whether the string is plucked with a finger or a
plectrum, the dynamics during the short time instant when the finger/plectrum
approaches and touches the string can be considered different. If the string is
directly approached with a plectrum or a finger nail, the plectrum’s stiffness
starts acting immediately, causing a small audible “rattle“ or “zip“ to the per-
ceived sound. If the string is approached and touched with the finger, the string
may be assumed to be lightly damped before the forced pluck begins.

In order to simulate these differences, a “pre-pluck damping“ phase can be
added that occurs before the attack stage. If M and K equal zero in (22),
(21) becomes a pure damping model [4] and in effect it only stops any string
vibration when active. Depending on r, effective damping increases or decreases.
By modulating r using an additional input signal rmod(t), a gradually increasing
damping can be applied prior to the pluck. Figure 15 illustrates the additional
damping signal rmod(t) and its time relation to F (t).

t

F(t)

t

r    (t)

1

td ta tr

0

mod

String release

Figure 15: F (t) and rmod(t) signals for a “pre damped“ pluck. During td, string
vibration is only damped
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During td, M and K equal zero, and rise to finite values as soon as the
force signal becomes nonzero. As soon as F (t) drops to zero again, the string
is released as described in section 0.6.4. The curve used for the initial segment
of rmod(t) is given by the “up going“ case in (25). The time varying damping
parameter used in the simulation according to (21) is calculated as

r(t) = ra × rmod(t)

Where ra is used to control the amount of damping. Typically, td is set to
a few milliseconds, a longer damping time will create a slight muting between
each note, as if the player softly picks the string with the finger. Shorter td will
make the playing more “pizzicato“ like, depending on the settings for F (t), M ,
ra And K, small “rattling“ noises can be distinguished as the excitation starts
acting on greater string amplitudes. figure 16 depicts the real time instrument
output resulting from two different parameter cases.

I

II

Figure 16: I) Five subsequent plucks on the same fret and string using a long
damping time. II) Same sequence using a short damping time and lower ra,
interaction increase and small audible “rattles“ appear.

0.6.8 Parameter modulation

During forced excitation, it may be assumed that also the stiffness and mass
parameter change; a constant stiffness and mass is most likely not representative
of a real pluck. For example, the stiffness can be considered to increase as a
soft plectrum is deformed during contact, or vary when the player “switches“
from driving the string with the finger to “grab it“ with the nail, a situation
when also the mass parameter can be assumed to change. The exact variations
that can correspond to realistic situations are difficult to estimate, so the aim
of the approach taken here is to create a flexible tool for setting up different
variations.
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Like the damping parameter, also the mass and stiffness are taken to be
functions of time rather than constants, and their corresponding modulation
curves Mmod(t) and Kmod(t) should be considered as input signals to the simu-
lation. Mmod(t) and Kmod(t) are represented by 4-segment envelopes where the
time and magnitude coordinates are controllable. During the forced excitation,
Mmod(t) and Kmod(t) can take on any nonzero value up to 1. However, the
envelopes always start at zero and end at 0.5, from where the release phase
described in 0.6.4 takes control of the parameter values. The envelope is shown
in figure 17.

t0

1

0.5

ta tr+

String release

Figure 17: Parameter modulation envelope used to create time varying stiffness
and mass.

Using the envelope, the values to be used in (21) and (22) are calculated as:

M(t) = Ma × Mmod(t)
K(t) = Ka × Kmod(t)

(30)

Where Ma and Ka are “peak“ values on the mass and stiffness values used
during the pluck. Methods involving different formulas for creating time varying
parameters are of course possible, this method was chosen mainly because it can
be given a convenient user interface. Although it may not correspond to physical
intuition, the damping parameter r remains constant during the force presence,
it is possible to modulate it as well, but this was not found to make a particularly
significant perceptual difference to the produced sound.

0.7 The fretboard finger

The approach taken to tune the simulated string and make the guitar model
“playable“ is to add a third termination to the string simulation, placed in
between the nut and bridge terminations. The termination structure and control
setup mimics a guitar player’s finger action on the fret board. The structure
used is similar to the one-filter dynamic scattering junction as described in [13].

gf is a gain factor between zero and one, used to control the damping prop-
erties and the overall effect of the termination. D(z) is an interpolated variable
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Figure 18: The fretboard “finger“.

length fractional delay line, used to create pitch bend effects by extending the
total waveguide length. ρ(z) if a simple first order IIR low pass filter having
transfer function

ρ(z) =
η

1 + (η − 1)z−1
0 ≤ η ≤ 1 (31)

This setup can be used to model various playing situations, in a typical
“clean tone“ situation, the finger is pushed hard against the fret board, and
creates an approximately rigid termination as the string is resting on the fret.
The “clean tone“ parameter settings are; the cutoff parameter η in (31) is set to
1, ρ(z) now reduces to a “pass through“, as can easily be seen from its difference
equation

y[n] = η x[n] − (η − 1) y[n − 1] (32)

Also, gf = 1, and the structure is a rigid termination that only reflects
incoming waves (with a sign inversion). The open string situation is given
by gf = 0, the termination structure will be of no effect and waves will pass
unaffected.

0.7.1 Simulation of muted playing

If the string is not pushed hard against the fret board, but rather just touched, a
low pass effect as well as a static non-frequency dependent damping is assumed
to occur at termination position. That is, for “muted playing“ 0 < gf < 1 ,
0 < η < 1. It is convenient to be able to control the damping properties by only
one parameter, so η is calculated from gf as

η =

{
gf if gf ≤ 0.5
1 − gf if gf < 0.5

(33)
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The motivation behind using the conditional on the calculation of η comes
from the assumption that the fingers frequency dependent damping reaches it’s
maximum as the finger “strongly“ touches the string (without letting the string
touch the fret), when only in “light“ contact the damping is assumed to be less.
Obviously, a more “realistic“ function than the conditional can be devised for
modeling of the damping variation with touch, but the perceived effect of this
simple formulation is quite consistent with the real sound.

0.7.2 Simulation of melodic playing

On guitars, the length of the string is directly linked to the fundamental fre-
quency of the tone, a string length equal to the distance between the bridge
and the fret position where the string is pushed down will produce a tone of
a certain fundamental frequency (if the string is plucked along this distance).
Makers of western tuned classical guitars commonly use the following formula
for calculating the positions where fret number j should be placed on the neck
(j = 1 correspond to the fret closest to the nut).

Lnuttobridge(j) =
Lopen

2j/12
(34)

Where Lopen is the length of the open string (also called the scale length
of the guitar). Setting Lopen = 1 results in “normalized“ fret positions lj , from
where “waveguide fret positions“ are easily obtained using

pj = lj × Mopen (35)

Mopen is the delay line length corresponding to the open string frequency.
The string can now be tuned to different notes by locating the termination
in figure 18 to a position equal to the integer part of pj, and adjusting the
waveguide’s fractional delay time to be the fractional part of pj.

The “naive“ approach to dynamically vary the string tone over time is to
simply move the structure in figure 18 from one position to another in one
sample instant. However, this results in sound artifacts, the traveling wave
components do not remain continuous at the position where the structure in
figure 18 is active. A sample instant relocation of the structure will cause this
discontinuity to propagate and be present in any physical output observation.
To overcome this problem, smooth variation of the gf parameter is used.

A fret change on the same string can be generalized as raising the finger,
relocating it and pushing it down again, a sequence taking place during a time
span of a few milliseconds up to a second, depending on the players style. In
addition, a player may change a string from open state to fret terminated state
and vice versa. To mimic such transitions, the parameters gf and η is varied
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over time using curves similar to the S-shaped functions given in (25). An “open
string to fret terminated string“ action is modeled by varying gf according to

gf (t) =
1
2

[
1 − cos

(
π

t

ttransition

)]
for 0 ≤ t ≤ ttransition (36)

During the time ttransition, the finger model gradually goes from being of no
effect, toward taking on the form of a low pass damping, partly “pass though“
junction and finally becoming a rigid termination. A “fret terminated to open
string“ transition is simulated with the “down going“ S-curve

gf (t) =
1
2

[
1 + cos

(
π

t

ttransition

)]
for 0 ≤ t ≤ ttransition (37)

In both cases, a time varying η(t) is also calculated according to (33). A
“ fret-to-fret“ transition is created by first using the “fret-to-open“ transition.
As soon as gf (t) equals zero, the termination is of no effect and the model can
safely be relocated to any new position given by (35). Next, the “open to fret“
transition is triggered in order to archive a rigid termination at the desired
position. figure 19 illustrates the variation of gf and η.
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Figure 19: Variation of gf and η during a “fret-to-fret“ transition on the same
string. The termination relocation occur as gf (t) = 0.

The parameter ttransition can be used to alter the way the virtual player
changes the finger setting, a longer transition time increase the overall damping
caused by the low pass filter, creating slight amplitude notches in between notes.
Short times will make the note transitions more “slide like“. Figure 22 shows
the real time instrument output for two values of ttransition (plucks are triggered
as fret transitions are complete.).

For simplicity, the modeling strategy outlined here neglects several physical
scenarios that should ideally be paid attention to, for example, the player may
excite the string at the fret position by pushing the string down fast so that it
collides with the fret - making rattling sounds. The damping a finger causes on
a guitar string and its variation is certainly of a more complicated nature than
what is represented by the low pass filter and the modulation of η and gf . A
player may also have several fingers touching the string at the same time.
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Figure 20: I) fret trasition with ttransition ≈ 150 ms II) fret transition with
ttransition ≈ 30 ms.

0.8 Loss filters

Modeling of frequency dependent string losses is of significant importance since
it greatly influences the perceived realism of a synthetic string tone. A com-
monly used wave equation describing a string subject to frequency dependent
damping is

μ
∂2y

∂t2
= Fx

∂2y

∂x2
− κ2 ∂4y

∂x4
− 2b1

∂y

∂t
+ 2b2

∂y3

∂x2∂t
(38)

To obtain (38), the damped wave equation (7) is extended with a mixed
partial derivative term and a secondary damping coefficient b2. The presence of
b2 causes solutions of (38) to take on the form of a sum of exponentially decaying
sinusoidal components, where decay rate on a particular component depend on
its frequency. In (38) also a stiffness term is present, that introduces dispersion
- the inharmonicity effect that arise in real strings due to the fact that also
traveling wave speed slightly depend on frequency. Dispersion increases with
material stiffness and string thickness. The stiffness coefficient κ is here assumed
to be related to the string material and the string’s geometrical properties and
is given by

κ = πc2 d4E

64Fx
(39)

Where E is young’s modulus and d is the string diameter. In [9] a method
for linking a digital waveguide model to (38) was introduced. The problem
consists of finding an expression for the loss filter present in the delay line path
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in terms of the physical parameters present in (38) and L, the string length.
The expressions for the filter’s modulus and phase becomes [9]

|F (ω)| = exp(−D(b1 +
b2π

2ξ(ω)
2BL2

))

arg(F (ω)) = ωD − π

√
ξ(ω)
2B

(40)

Where

B = κ2w2
0/c4 (41)

ξ(ω) = −1 +
√

1 + 4Bω2/ω2
0 (42)

D = L/c (43)

and ω0 is the fundamental frequency of the string. From (40) it can be
concluded that the modulus of a lumped filter will be affected by all parameters
in (38), as well as by the effective string length. By using (34) to calculate
the normalized string lengths from fret to bridge, fundamental frequencies and
string lengths can be obtained as

f0 = fopen/lj

L = Lopen × lj
(44)

By setting fopen, Lopen, Fx, μ, b1, b2, d and E to values assumed to corre-
spond to physical reality for a particular set of six guitar strings (For example,
modifying the young’s modulus parameter E allows for modeling of nylon and
steel strings), and vary w0 and L according to (44) and (34), a modulus and
phase curve can be obtained via (40) that corresponds to each possible string
length situation on the virtual guitar. These filters model the losses of travel-
ing waves at each “round trip“ in the fret to bridge section of the waveguide,
terminated by the fret board finger model and the bridge. Figure 21 illustrates
the idea.

Using the filter design tool for least-squares error minimization, firls, avail-
able in Matlab, each of the modulus curves is matched to a linear phase FIR
filter [14]. In this implementation, the resulting FIR coefficients are stored in a
lookup table, in total containing 6 × 20 filters, one for each possible tone on a
six stringed guitar with 20 frets. When the fret board termination moves to a
new position described in section 0.7, the filter coefficients are changed in order
to simulate the new loss situation.
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I)

II)

H1(z)

H2(z)

fret

fret

Figure 21: Two loss situations, I) The filter H1(z) takes into account losses
occurring during propagation along a length L = 12X II) H2(z) models losses
for a propagation length L = 5X

The set of 6× 20 FIR filters are considered to represents the physical prop-
erties of the string. Several sets are pre computed and stored in intermediate
data files, each representing a certain string type.

Only the damping properties of the string is simulated, dispersion simulation
may be added by using an all pass filter with a phase response approximating
the expression in (40) [14].

Using the model in 0.7, sometimes waves may be “trapped“ in the nut to
fret segment of the waveguide. If no damping is present along this segment,
waves will propagate undamped and sometimes cause sound artifacts as they
are “released“ again by a fretboard transition. To overcome this, nut to fret
vibrations are damped by a secondary low pass filter similar to (31) (use of a
first order IIR saves some computational cost compared to longer FIR filters)
and a gain factor close to one. Wave coupling through the neck, nut and fret is
neglected in this simulation, nut to fret vibrations does not directly affect the
sound - the cutoff is therefore set to a value around 0.8, unaffected by bridge to
fret string length.

0.9 Two planes of vibration

Real strings vibrate in three dimensions, to extend a waveguide simulations
to model 3D wave propagation, a linear superposition of two waveguides can
be used - one modeling vertical vibration, and one representing perpendicular
horizontal movement. Due to the physical nature of guitar bodies, strings are
more “willing“ to vibrate in the vertical direction. Horizontal vibration is effec-
tively damped by the “anisotropic“ guitar body dynamics, resulting in a beating
“chorus“ effect and two stage decay of the guitar tone waveform.
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The two planes of vibration is in reality non linearly coupled along the full
string length, but common is to regard the planes of vibration to be linearly
coupled only at the bridge position [10]. Linear velocity waveguide coupling
may be written in terms of matrix notation

[
vv−
vh−

]
=

[
uvv uvh

uhv uhh

] [−vv+

−vh+

]
(45)

Where each u represents the “wave amount“ transferred between the in-
dexed planes of vibration. Commonly uvh = uhv is used, so that the wave
exchange amount is equal for both the vertical to horizontal and the horizontal
to vertical case. Each u is a simple constant gain factor ranging from zero to
one, simplifying the more realistic case where each u is frequency dependent.
Equation (45) results in the following calculation for the bridge velocity wave
reflections.

vv− = −(uvv × vv+ + uvh × vh+)
vh− = −(uhv × vv+ + uhh × vh+)

(46)

uhh, uvv, uvh and uhv act similar to the loop gain as described in section
0.5.5. Marginal stability / instability occurs if

uvv + uhv ≥ 1
uhh + uhv ≥ 1

(47)

where uhh < uvv due to the physical nature of guitar bodies. To ensure
waveguide stability, uvh and uhv are calculated using

uvh = (1 − uvv) × ucoupling

uhv = uvh

(48)

ucoupling, uvv and uhh are the actual parameters available at the synthe-
sizer’s user interface, controlling the overall sustain and envelope of the guitar
tone. In order to also simulate the beating or “chorus“ effect, an additional
fractional delay filter is added to the horizontal waveguide whose the delay time
is also set from the user interface. [10], [16].

The same set of loss filters are used for both polarizations. In order to
extend the excitation model described in section 0.6 to excite two planes of
vibration - the “string feedback“ w is computed using the linear combination of
the two polarizations. Next, the perturbation values for each plane of vibration
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Figure 22: Simulated waveform with beating and two stage decay. Output from
the real time instrument.

is computed using an “pluck angle“ parameter 0 ≤ ap ≤ 1. hvert[n] = ap ×h[n],
hhoriz[n] = (1 − ap) × h[n].

Sympathetic coupling, the effect arising from cross coupling between the six
guitar strings can be simulated in a similar fashion, and would be represented
by a 6 × 6 coupling matrix. [16]. Sympathetic coupling is neglected in this
model.

0.10 Acoustic guitar simulation: Body model

The sound radiating from acoustic guitars is heavily influenced by the body, that
acts as an “amplifier“ that adds depth and “color“ to the sound. A true phys-
ical treatment of the acoustic guitar body would require a simulation in three
dimensions taking into account the dynamics of each part of the body, such
as the top plate, ribs, neck as well as the surrounding air [19] [21]. Further,
the bridge to string coupling is of importance - the physical correctness of the
coupling described in section 0.9 can be improved by involving frequency depen-
dent admittance quantities, related to the guitar body dynamics. A mechanical
admittance is defined to be the inverse of impedance, or the ratio between force
and velocity. As the bridge is affected with an incoming force signal of a certain
frequency, it “admits“ the body to start moving at a certain velocity, in turn
affecting the string velocity. Each string, and also each plane of vibration would
be associated with a different admittance (a common simplification is to regard
all bridge admittance’s to be the same). Methods for taking such string coupled
body dynamics into account are discussed in [21], [4], [20], and [11].

For real time, using a 3D mesh simulation or processing several big admit-
tance filters is too demanding. For the purpose of only approximately simulating
the actual sound radiation, a complete physical model of the guitar body may
also be unnecessary, since simplifications can lead to acceptable sound quality.
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Measurements on guitar bodies [24] [23], where the body dynamics is inves-
tigated by measuring mechanical impulse or sinusoidal signal responses, suggest
that a linear filter approximation of a certain dynamic property of a guitar
body can be expressed in term of isolated modal components. A single modal
component can be represented by a second order resonator on the form

σ(z) =
a

1 − 2γcos(ωcT )z−1 + γ2z−2
(49)

The magnitude response of σ(z) is illustrated in figure 23. A filter modeling
a set of N peak resonances can be constructed by the following modal synthesis
formulation

σN (z) = (1 − z−1)
N∑

n=1

an

1 − 2γncos(ωcnT )z−1 + γ2
nz−2

(50)

Where each n parameter set represents an isolated mode.
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Figure 23: I) Frequency response of a single resonator σ(z). ωc determines
frequency of resonance, γ < 1 determines the amount of resonance or “peak
width“ a adjusts the overall gain / peak height. II) Frequency response of three
parallel resonators with different resonant frequencies and peak widths

Simplified body simulation

In this simulation, bi directional coupling between strings and body is neglected
- hence the guitar body is placed “outside“ the actual string simulation. A
convenient property of this approach is that since no “feedback“ is given to
the string from the body, no restrictions is required on the formulation in (50)
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for the waveguide’s stability [11] [12]. The string simulation is not sensitive to
changes in the properties of the body filter, making it easier to control. The
simplification implies that string vibration is completely unaffected by the body
dynamics. In reality, damping of individual string modes is highly influenced
by the body. Any interaction between the excitation process and the body
vibration is missing as well, affecting the transients.

The input signal to the body is the force present at the bridge. Conversion
into force from velocity waves takes on the following form [1]

F (n, m) =
Fx

c
[v−(n, m) − v+(n, m)] (51)

Using two waveguides for 3D wave propagation, an output is observed as
the linear combination

F (n, m) =
Fx

c
[(vv−(n, m) − vv+(n, m)) + (vh−(n, m) − vh+(n, m))] (52)

The force Fb(n) present at the bridge is now given by (52), with m corre-
sponding to the right end of the waveguide.

String Simulations

Total bridge force Percieved sound
+

Body, air

s  (z)N

Figure 24: Simplified simulation of guitar body dynamics.

The body filter used, constructed using (50), is assumed to represent the
complete transfer function from the “uncoupled“ force signal at the bridge to
the actual sound pressure as perceived by the listener. This filter’s amplitude
response curve is assumed to be consistent with sound pressure response mea-
surements and shows similarities to measured guitar bridge admittance curves
[24]. Typical in such measurements is the presence of strong peaks approxi-
mately around 90Hz and 200 Hz, corresponding to the first “bassy“ modes of
vibration of the coupled air cavity and bridge. As modal frequency increases to-
ward the high end, modes become increasingly dense and harder to distinguish.

In this model, modal frequencies, peak widths and gains were set partly
by relying on measurements and partly by “hand tweaking“ of the resonators
(simply by listening to and judging the synthesized sound). Convenient for this
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approach is to use a value in decibels for the modal gain and a frequency in
Hz, as well as implementing the total filter according to the structure shown in
figure 25.

s (z)1

s (z)2

s (z)n

+

Figure 25: Guitar body filter structure.

In order to add parametric control over the body sound, the body model is
divided into three bands, the overall gain for the set of the low end, mid and
high frequency resonators can be altered. The presence of the guitar body filter
increases the overall realism of the synthesized sound, the typical “knocking“
sound that can be distinguished in real guitar transients is also present.

0.11 Electric guitar simulation: Pickup model

In order to simulate electric guitars, a simple pickup model is used. Magnetic
guitar pickups are sensitive to the string velocity and behave much like reso-
nant low pass filters. Hence, a pickup is simply an observation point in the
velocity wave delay lines, whose output is filtered with a 12db/octave resonant
low pass filter. This filter’s cutoff and resonance determines the sound charac-
ter of pickup. Two pickups with variable positions are located along the string
(For simplicity, lumped losses are not present at the pickup observation points).
Solid electric guitar bodies do not influence the sound as much as an acoustic
guitar body does, however, the solid body does make a difference. Without
any particular physical motivation (it simply “improves the sound“), a body
filter with a structure similar to the one used for the acoustic guitar is added in
parallel with the outgoing velocity signal according to figure 26.

+

String Simulations

Total velocity
+

12 db/oct LP filter

body

s  (z)N

Figure 26: Electric guitar simulation structure.
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0.12 Longitudinal modes and “Phantom partials“

An accurate description of a vibrating string should take into account longitu-
dinal vibrations. In [18] a theoretical background as well as physically accurate
simulation strategies are presented. A complete treatment of the physics sur-
rounding longitudinal string motion is beyond scope of this study and is here
given a brief treatment. In summary, longitudinal string vibrations may be
classified as the result of two types of motion, “forced“ and “free“ longitudinal
vibration. “Forced“ longitudinal modes give rise to a phenomenon commonly
referred to as “phantom partials“ and are specifically to be found in the spec-
trum of piano tones, appearing at frequencies close to transverse. This type of
partials has also been found present in guitar tones [18] and is therefore taken
into consideration for this model as well. The secondary type, “free“ motion, is
related to the well-known type of longitudinal vibration that occurs at signifi-
cantly higher frequency than the transversal one.

Longitudinal vibration is continuously excited from several spatial positions
during the full string vibration duration - forced responses in turn excite free
longitudinal modes. With reference to [18], the excitation forces at any position
x along the string arising from transverse motion is given by

Ft→l(x, t) =
1
2
ES

∂[∂y(x, t)/∂x]2

∂x
(53)

The force exciting a particular longitudinal mode k is obtained by

Ft→l,k(t) =
∫ L

0

Ft→l(x, t)sin(
kπx

x
)dx (54)

A combined forced and free amplitude response Al of a particular longitu-
dinal mode k is the convolution between its excitation force and the impulse
response Aσ,k(t) of longitudinal mode k, representing its frequency and decay
time.

Ak(t) = Ft→l,k(t) ∗ Aσ,k(t) (55)

According to (53) to (55), a full physical simulation of longitudinal mode
motion for one plane of vibration would, for each sample instant, require a
summation along the full simulated string order to obtain a set of excitation
signals Ft→l,k(t) for each k longitudinal mode that we wish to simulate. For
real time simulation, this accurate modeling of longitudinal modes are clearly
very computationally expensive, an optimization used in [18] is to compute
only one excitation force and use this for all longitudinal modes. However the
integration in (54) will still be present, and is problematic not only due to the
computational cost associated with the discretized string length integration, but
also - for a digital waveguide equivalent to the finite difference scheme used in
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[18], lumped losses create a physically inaccurate situation. A possible way to
improve performance would be to spatially down sample the calculation in (54),
performing the summation using only a reduced amount of spatial samples, as
well as placing distributed losses around each waveguide observation point used
for the integration. However, the complexity and computational drawbacks
arising make this particular approach unsuitable for a demanding real time
situation.

An approach is to “cheat“ and find computationally efficient approximations
that lead to similar audible effects as accomplished by a more physically correct
model. A possible method, similar to the one presented in [17], is shown in
figure 27.

+++
-M

2

s[n]

s[n]

gt

gl

z

Figure 27: “Physically inspired“ longitudinal modes simulation. The signal s[n]
results from a string simulation, in the case of the acoustic guitar, s[n] represents
bridge force.

The squaring operation is motivated by (53). The comb filter is approximat-
ing the impulse responses and associated convolutions for all free longitudinal
modes present in (55). Since free longitudinal vibration frequency is significantly
higher than transverse, the comb filter is tuned to a frequency around 8 to 12
times the transverse frequency (this frequency is also readjusted at fret change).
Means to control gl, the amount of audible longitudinal response, is present at
the synthesizer’s user interface. gt affects the overall decay time of each free
longitudinal mode. The perceived effect is an increased attack “sharpness“ as
well as a slightly “warmer“ tone. Although it might not fit reality, the same
settings for gt and gl is used for all strings. Other approximate methods can be
found in [2].

0.13 The complete synthesizer

0.13.1 Structure

By “piecing together“ the modeling strategies outlined, a synthesis structure
for one plane of vibration is obtained as illustrated in figure 28. The excitation
model is here restricted to be positioned after the last fret position, so it is not
possible to excite the string at the nut to fret segment of the string. The basic
structure surrounding the string models is depicted in figure 29.
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Figure 28: Structure and signal flow of the complete string model.
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Figure 29: Overall synthesizer structure.

0.13.2 MIDI control

Since the instrument is designed to be played with a MIDI keyboard, special
MIDI handling is necessary due to the way tones are located on a guitar fret
boards. Guitars are also a typical chord instruments, so two types of MIDI
responses are implemented, a “chord mode“ and a “solo mode“.

Chord mode

A straightforward way to represent a guitar chord is with a column vector,
where each integer value represents a fret board position. For example, an open
A minor in standard guitar tuning is given by
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Am =

⎡
⎢⎢⎢⎢⎢⎢⎣

0
1
2
2
0
0

⎤
⎥⎥⎥⎥⎥⎥⎦

Where zero represents the open string. B minor is easily obtained as Am+1,
C minor as Am + 2 and so on. A set of chord vectors are predefined that all
represent “first position“ chords, from each such vector, a set of transposed
chords can easily be calculated. At the synthesizer’s user interface, a set of
12 different chords can be specified, each associated with a MIDI note number.
Changes from one finger setting to another is accomplished by pressing down the
corresponding key on the MIDI keyboard, with causes the structures described
in section 0.7 to be relocated to fret positions specified by the desired chord’s
vector. Plucks, upstrokes and down strokes are triggered by the following octave
set of MIDI note numbers. figure 30 illustrates the system.
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Figure 30: “Chord mode“ MIDI keyboard layout.

As the player triggers a stroke or pluck, force signals are generated according
to 0.6.3. For a stroke, each string excitation is delayed. For an upstroke, the
force signal exciting the high E string is generated first, and subsequent force
signals come slightly after one other. The delay time between each excitation
is proportional to MIDI velocity value received from the stroke key. Average
“in between“ pluck delay time can also be altered from the synthesizer’s user
interface.

Solo mode

Since notes on a guitar neck are located in a such a different way than on a
keyboard, it is necessary to decide for a mapping between MIDI note numbers
and string / fret positions. A high number of such mappings are possible, the
particular one used in this model is illustrated in figure 31. The mapping pattern
repeats itself as midi note number increase, “restarting“ at fret nr 5, 10,15 and
so on.

At note on, the fret board termination on the string given by the mapping
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Figure 31: A possible keyboard to fretboard mapping.

is relocated as described in section 0.7 (if needed) and the string is then excited.
The excitation force signal’s maximum amplitude is set proportional to the
received MIDI velocity.

Modulation wheel and pitch bend

Practically all midi keyboards are equipped with a pitch bend and modulation
wheel. With reference to 0.7 the modulation wheel is affecting to the parameter
gf , creating string mutes. The pitch bend is mapped to the fractional delay time
of D(z). The modulation wheel equally affects each of the six strings, however,
which of the six strings is to be affected by the pitch bend wheel is up to the
user. This way it is possible to, for example, play a barre A minor chord with
a pitch bend on only the A string.

0.13.3 Synthesizer implementation

The software development work of this project was significantly aided by Syn-
thedit, a modular DSP programming and GUI design environment [22]. Using
Synthedit’s SDK for custom module creation, a C++ implementation of the
structure shown in figure 28 was created. Various surrounding tasks such as
MIDI handling, body filters and excitation signal generation were also imple-
mented in C++. “High level“ component connections and user interface pro-
gramming was rapidly implemented using the modular environment. Due to
the non-linear nature of the full simulation, digital aliasing is to expect, as the
resulting waveforms may not be band limited to the Nyquist frequency. In order
to reduce aliasing, and at the same time improve the overall simulation accuracy
and resulting sound quality, the full simulation is oversampled with a factor of
two, running at 88.2 kHz. After summing of the six contributing force or ve-
locity signals, the complete output is down sampled by a factor of two. Care is
also taken so that any input signal to the excitation process does not contain
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sharp discontinuities.

0.13.4 User interface

Modern software instrument commonly come with custom graphical user inter-
faces, figure 32 shows the looks for the developed “Plucksynt“. The interface
was designed using software like Adobe Photoshop and Autodesk 3D studio
MAX.

Figure 32: The graphical user interface of “Plucksynth“.

0.14 Results

The goal of this thesis project is not to re-synthesize a particular guitar sound
based upon measured data, but rather to construct a parametric synthesizer
with a suitable interface design capable of reproducing a range of guitar sounds.
The resulting sound quality of the full instrument is fairly good and may be mis-
taken for a real guitar. However, an important remark is that the realism of the
sound critically depends on parameter settings. Notable features is small “zips“
and noises accompanying the string excitations, emerging from the interaction
between the excitation model and the string simulation. Sound amplitudes are
affected by this interaction as well, and lead to a more “lively“ performance im-
pression. Using the excitation parameter modulation and settings for the force
signal, it is possible to synthesize a wide range of different plucking styles.

With a high overall parameter count and no particular aid from measure-
ments, the use of a real time implementation and test environment is of great
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benefit. During the development of this project, it became clear that “offline“
implementations using environments like Matlab hardly match the flexibility
archived with modern real time software synthesis technology.

The “toughest“ guitar tones to synthesize naturally is without doubt the
acoustic, using the method taken here, convincing synthesis requires careful pa-
rameter adjustments. Due to the influence of the body, real acoustic guitar
sounds have a dense high frequency spectrum and complicated transient behav-
ior. The processes involved in the generation of acoustic guitar transients is
a challenging topic and matter of recent research, the “full story“ (including
the players touch) is somewhat unclear. A reasonable suggestion is that the
transients are the result of a process starting with the players actions on the
string, continuing with string vibration complicated by non linearities such as
longitudinal motion and non uniform tension. This vibration couples through
the neck and bridge to all of the guitar body’s parts [19] and the surrounding
air [21], and back again through the string to the players actions.

The transient behavior of this model is hence not directly comparable to
the ones observed in real guitar recordings, in particular, the missing coupling
between strings and body results in a less complex transient situation and an
“erroneous“ evolution of the full acoustic guitar tone. Although many such sim-
plifications of physical reality are present in this model, the perceived acoustic
sounds are still quite realistic, improved by the excitation interaction and the
body model. Characteristics of electric guitars seem to be well captured by the
means taken. If an amplifier simulation is used for post processing, the result is
very realistic.

The “chord mode“ presents a notably higher realism than “solo mode“,
the excitation and mixing of several string tones consistent with the way real
guitar chords are played seem to “hide“ properties of the tones that may appear
synthetic if the tones are heard isolated from each other.

A popular feature of synthedit is the ease of conversion into a VST instru-
ment plugin (a popular commercial audio plug in format developed by Stein-
berg). The VST standard supports automation of any plug in parameter, by
using the MIDI and plugin automation features of a sequencer like Steinberg
Cubase - it is possible to program convincing performances with pitch bends,
mutes, and automated variations in the settings for any excitation parameter.
The resulting realism and quality of such programmed performances will natu-
rally depend on the musical and technical skills of the instrument user.
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