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Abstract

This thesis proposes techniques for object-based audio and music. The work can

be divided into two parts corresponding to model-based synthesis of musical instru-

ments and computational analysis of audio and music. The contributions of this

work are in signal and auditory analysis, sound object modeling, and sound signal

synthesis.

The �rst half of the thesis considers linear and particularly nonlinear discrete-time

modeling of plucked string instruments. The nonlinear tension modulation phe-

nomenon that is present in every vibrating string has been integrated into the model.

Its simulation has been developed into a computationally feasible structure and it

has been demonstrated that the models produce the desired e�ects on the synthetic

tones in the desired manner. The proposed models can reproduce accurately such

phenomena as variation of the fundamental frequency and coupling of the tension

modulation via the bridge to the body and to the vibrating strings.

The second half of this thesis mainly concentrates on computational audio and music

analysis. Methods are presented for separation of harmonic sound sources using sinu-

soidal modeling. A computationally e�cient and auditorily motivated multi-pitch

analysis model has been developed and integrated with the sinusoidal separation

techniques. Nonlinear least squares (NLS) methods are proposed for signal anal-

ysis. The �rst NLS technique performs high-resolution sinusoidal analysis which

uses a priori information of the signal components obtained from the multi-pitch

analysis. Another NLS-based method is used for re�ning a fundamental frequency

estimate. It is also applied to detection of vibrato of prominent tones. The third

NLS technique is used for detection of inharmonicity of a piano tone in a three-voice

chord. The analysis methods are applied to obtaining a model-based representation

of two-voice guitar music.

Listening experiments were conducted measuring the perception of the variation of

the decay pattern in model-based plucked string synthesis. The experiment results

provide perceptual thresholds for changes in overall decay and frequency-dependent

decay. The results are applied to parameterization of the synthesis model as well as

designing a perceptually motivated parameter estimation method.

keywords: auditory modeling, digital signal processing, listening experiments, mu-

sical acoustics, nonlinear systems, plucked string instruments, signal analysis, sound

synthesis.
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1. Introduction

Rapid development of communication technology imposes new requirements for cre-

ation, storage, processing, and rendering of music and audio. Particularly, multime-

dia communication including interactive music and audio will be a major driver in

development of new applications and solutions for wireline and wireless networks.

Combination of natural and synthetic audio and video will enable versatile cutting-

edge multimedia solutions for the novel products and services that will enter the

marketplace in near future.

One of the promising methodologies for interactive audio solutions is object-based1

audio. Rather than processing the sound waveform or its frequency representation,

the aim is to process sound through relevant objects and their attributes that depend

on the application at hand. These can include perceptual objects for studying human

audition, musical objects in music applications, and sound source objects for study

of musical instruments and voice as well as for sound synthesis. For instance, the

concept of auditory scene analysis (ASA) and creation of computational models for

ASA is one of the hot topics of research. On the other hand, researchers in synthetic

audio, musical acoustics, and model-based sound synthesis have developed object-

based methods for generation of sound. The recent advances in object-based audio

[1], and particularly the MPEG-4 multimedia standard [2, 3], enable interactive, low-

bit-rate audio and music solutions that are attractive, e.g., for mobile multimedia

applications. In addition, the object-based methodology can be applied in automatic

transcription, musical information retrieval, identi�cation of musical instruments,

and object-based audio coding.

This thesis proposes techniques for object-based audio and music. The work can

be divided into two parts corresponding to model-based synthesis of musical instru-

ments and computational analysis of audio and music. The rest of this Introduction

discusses these parts and the aims of this research. Chapter 2 describes a frame-

work of audio and music processing. The framework presents the author's view of

how the �eld of digital audio and computer music processing can be organized. It

also serves as a map in which this work and relations between the publications are
1In this work, the concept of object refers to an entity used in sound processing and related to how a

sound signal is perceived (perceptual objects), what musical information it carries (musical objects), or

how it is generated (sound source objects).



clari�ed. It consists of a synthesis and an analysis path that are connected at three

representational levels.

Chapters 3 and 4 summarize the contributions in the synthesis path (publications

[P1�P6]) and the analysis path (publications [P7�P10]), respectively. More precisely,

Chapter 3 discusses model-based synthesis of plucked string instruments including

linear and non-linear string models and their application in synthesis of guitar and

kantele tones. In addition, a study is reported in which the perception of variation

of decay characteristic of plucked string tones is investigated. The study consists

of a listening experiment and application of its results in parameterization of guitar

tones and perceptually motivated analysis of model parameters. Chapter 4 presents

sinusoidal modeling methods, a multi-pitch analysis model, and analysis techniques

for object-based sound source modeling. Chapter 5 summarizes publications [P1�

P10] and describes the contributions of the author. Finally, Chapter 6 presents

conclusions and directions for future research.

1.1 Model-Based Synthesis of Musical Instruments

Since Max Mathews presented the inspiring vision of �The digital computer as a mu-

sical instrument� [4], numerous researchers, musicians, and composers have utilized

the now-so-common computer for generation of sound. Among di�erent approaches,

sound production based on the functioning of real musical instruments has become

popular in computer music. At the same time, physicists and acousticians have

studied the delicately constructed and complex musical instruments using the same

premise: computational models. The simulation of the behavior of a musical instru-

ment by means of a computer is commonly referred to as physical modeling [5].

There are two main motivations for developing physics-based models. The �rst is

that of science, i.e., models are used to gain understanding of physical phenomena

that take place in musical instruments. In spite of all the research in this �eld,

there are still gaps in our understanding of musical instruments. Hopefully, physical

modeling will reveal more of this fascinating area where art, craftsmanship, and

science meet.

The other motivation is production of synthesized sound. From the days of �rst

physics-based models researchers and engineers have utilized them for sound syn-

thesis purposes [6]. Presently, many commercial synthesizers simulate mechanisms

of actual musical instruments.

Physical modeling is one of the most rapidly advancing areas in computer music and

sound synthesis. With multimedia applications emerging into desktop computers

and wireless terminals, physics-based virtual instruments reach a growing consumer

group. Means for using algorithms for sound e�ects and sound synthesis have for

the �rst time been standardized in the MPEG-4 multimedia standard [2], which

hosts a versatile platform for new sound synthesis applications. No doubt physical

2



modeling is going to play an important role within the area of digital audio in the

future.

1.2 Computational Analysis of Audio and Music

Similarly to the model-based synthesis research, there are two major motivators

in computational analysis of audio and music. The �rst is the study of the human

auditory system through computational models. Although vast research e�orts have

been directed to the study of hearing, it is still in many cases unclear how the

auditory perception system functions. Computational modeling is an important

methodology in this research; see Chapter 2 and Section 4.1 for literature reviews.

There is an engineering approach to auditory modeling as well. Audio coding is

a good example in which signi�cant improvements and gains have been obtained

applying knowledge of how the human auditory mechanisms function [7]. It is likely

that we will see more winning applications in digital audio and computer music

which are based on auditory principles.

In addition to auditory-based techniques, there are numerous general signal analysis

and processing methods in various engineering �elds that are useful in audio signal

processing. In fact, most of the computational models of the human auditory system

are implemented using techniques such as linear transforms and �ltering. Examples

are described in Chapter 4.

1.3 Aim of the Thesis

This thesis describes research in object-based sound source modeling. On one hand,

it aims to develop models of sound sources, in this case musical signals and partic-

ularly plucked-string instruments. On the other hand, the work consists of analysis

techniques which can be used to obtain an object- or model-based representation of

a sound signal.

1.3.1 Model-based sound synthesis

In model-based sound synthesis the aim is �rstly to develop more accurate models

of the vibrating string. Particularly, the nonlinearities related to the variation of

tension in the string under vibration are modeled. The inclusion of the nonlineari-

ties is expected to result in physically motivated models of the string behavior with

increased accuracy of simulation. Computationally meaningful structures are pre-

sented with minimal compromise on the accuracy of simulation. Through analysis

of plucked string instruments such as the classical acoustic guitar, the kantele, and

the tanbur, it is possible to gain insight of the e�ect of nonlinear phenomena to

the tone character of the instruments. In addition, the analysis results are used to

3



calibrate the model so that realistic synthesis results are produced.

1.3.2 Computational Signal Analysis

The aim in computational signal analysis is to develop and combine techniques that

are based on human audition with pure signal processing techniques. One of the

goals is in analysis of musical signals into model-based representations. Another goal

is in calibration of the synthesis models for plucked string instruments. Yet another

goal is to contribute in developing of a signal and auditory analysis �toolbox�, a

collection of analysis techniques on which future researchers can elaborate when

tackling problems in the �eld of digital audio and computer music.
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2. Framework for Audio and Music

Processing

The �eld of digital audio and computer music hosts a multitude of technologies and

applications that share common processing principles and elements. As the devel-

opment leads to more advanced solutions, the organization and orientation of the

techniques, and particularly their relations, is easily confused. The following discus-

sion presents a framework of audio and music processing where the contributions of

this work can be located. The framework is expected to clarify this work and partic-

ularly how it relates to previous research. Naturally, this framework organization is

only one of many alternative choices, but it suites this work and the methodologies

on which the ideas presented here are built.

The framework is based on the virtual acoustics framework presented by Karjalainen

[8], and it is depicted in Figure 2.1. The block diagram shows two vertical paths: an

analysis path on the left and a synthesis path on the right. In general, the analysis

path starts from an audio signal and the synthesis signal ends in a signal or acoustic

sound �eld. However, the framework hosts also applications that do not require

the use of audio signals, e.g., melody identi�cation from a notation or event-based

representation such as MIDI [9].

The analysis and synthesis sides are connected at three representational levels corre-

sponding to di�erent levels of abstraction between the signal and content represen-

tations. The �direct transmission and storage� path is also depicted near the bottom

2.1 although it is not addressed in this work.

The parametric representation provides a strong connection between the analysis

and synthesis sides of the framework; there are numerous applications that imple-

ment the analysis/synthesis chain. For instance, audio coding methods, such as

those of the natural audio coding in MPEG-4 [2, 10] belong to this level imple-

menting the whole chain from analysis to synthesis in Figure 2.1. In the coding

application, the auditory and signal analysis block encodes the audio signal into a

representation that can be decoded on the synthesis side in the signal generation

block. However, more interesting for the present discussion are methods that can

be used to link to the two higher levels of the framework. These are discussed in

Section 2.1.



Sound
object

synthesis

Physical
world

Sound
signal

synthesis

Signal &
auditory
analysis

Music
recognition

models

Music

models
generation

Parametric representations

Object-based representation

Direct transmission and storage

Content-based representation

modeling
object
Sound

Environ-
ment &

modeling
listener

Figure 2.1: A framework for audio and music processing (after [8]).
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The connection between the analysis and synthesis sides of Figure 2.1 at the object-

based level is weaker compared to the parametric level. In this work, the three

types of sound objects are considered, namely, perceptual, musical, and sound source

objects. As implied in the name, perceptual objects and modeling relate strongly to

the auditory system: it essentially studies and simulates perception and percepts.

Musical objects correspond to musically relevant entities, such as notes, melodies,

chords, harmony, and tempo. Sound source objects correspond to the structures

that generate sound, including musical instruments and voice production. Naturally,

these models can be used to synthesize tones at the sound object synthesis and sound

signal synthesis blocks of 2.1. Sound object modeling and model-based synthesis are

discussed in Section 2.2. While speech processing is beyond the scope of this work,

there are many applications where object-based techniques are used. For instance,

speech recognition and text-to-speech synthesis [11, Part III] use phoneme objects

that are either analyzed from or synthesized into a sound signal.

Most of the present digital audio applications consist of techniques at the direct

transmission/storage or parametric representation level. However, as the focus of

research is steadily climbing up in both the analysis and synthesis path, we are likely

to see new applications and solutions that operate on the object- and content-based

levels. A strong driver in this direction is the evolution of communication based on

the Internet as well as wireless networks. There has already been as data explosion in

audiovisual content available for anyone. Currently, the MPEG-7 standard is being

speci�ed in order to �describe various types of audiovisual information, including still

pictures, video, speech, audio, graphics, 3D models, and synthetic audio, irrespective

of its representation format� [12]. Before this standard can be useful in practice,

methods for semi-automatic and automatic content analysis need to be developed.

The framework of Figure 2.1 attempts to be general in that it combines auditory-

based techniques with methods that �nd little motivation from the human audition

but that are useful for development of audio and music applications. Such a com-

bination of pure signal processing techniques with auditorily motivated analysis

methods has proven successful, e.g., in audio coding [7]. While this work does not

address speech processing, the current speech applications including coding, analy-

sis, synthesis, and recognition can be considered to include in the framework.

2.1 Parametric Representations

The meaning of the concept �parametric� varies in the literature depending on the

context. For instance, any audio encoder can be considered a model of generic

audio signals that is used to generate a parametric representation of audio that can

be used to regenerate it using a decoder. This section discusses parametric analysis

and synthesis methods that are relevant for this work. These include methods for

detecting low-level signal components; perceptually motivated representations such

as periodicities, onsets/o�sets, and common modulations; and model-based sound

7



synthesis methods.

There are numerous other parametric representations widely adopted in processing

of audio signals that are not addressed in this work. Examples are linear predictive

coding (LPC) and cepstrum that are found fundamental in speech processing [11].

2.1.1 Low-Level Signal Components

Sinusoidal modeling is a set of techniques for presenting a signal with low level com-

ponents, namely sinusoids, noise clouds, and transients [13, 14, 15, 16, 17]. The basic

sinusoidal modeling is a pure signal processing method in which peaks corresponding

to sinusoids are detected in a short-time Fourier transform (STFT) representation

and associated in consecutive frames so that slowly time-varying parameter trajec-

tories are obtained. Amplitude, frequency, and phase trajectories are typically used

although in some cases the phase trajectory is discarded. Several studies have in-

tegrated sinusoidal modeling with auditory methods [18, 17]. Sinusoidal modeling

research is reviewed in Section 4.1.

The basic sinusoidal representation is in practice only capable of modeling a signal

partially. A method for representing the residual signal, i.e., the result of subtraction

of the sinusoidal components from the original signal, is presented in [14, 15]. In

this approach, the residual signal is modeled as noise. The sinusoids+noise model

has been elaborated further into a sinusoids+transients+noise model in which the

residual signal is represented in two parts: transients and steady noisy components

[16, 17]. Sinusoidal modeling has been combined with transform coding for transient

parts to obtain a system that allows time-scale and pitch-scale modi�cations [19, 20].

Another method for coding of audio signals by combining a sinusoidal and a wavelet

representation has been proposed in [21, 22]. The wavelet representation is further

divided into two parts for transients and noise, respectively.

Matching pursuit (MP) is an algorithm for decomposing an arbitrary signal into a

linear combination of a set of waveforms selected from a redundant dictionary of

elementary signal components [23]. The MP algorithm was elaborated further to in-

troduce a high resolution algorithm which gives better control of the time-frequency

behavior of the analyzed signal [24]. The MP algorithm is also used with a dictionary

of exponentially damped sinusoids [25]. This approach is based on the assumption

that with damped sinusoids a sparse representation of an audio signal is often ob-

tained, i.e., only a few expansion functions are required. The method can be used

in audio coding as well as in analysis/modi�cation/synthesis applications. Signal

decompositions using di�erent basis functions including adaptive wavelet packets,

sinusoidal modeling, and overcomplete dictionary of time-frequency atoms using the

MP algorithm are discussed in [26, 27].
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2.1.2 Periodicity Representations

Periodicity or pitch detectors try to imitate the auditory system's amazing ability to

segregate pitched sound objects in polyphonic mixtures. Although the current com-

putational methods are far behind the performance of the auditory system, recent

models have been applicable in detecting simple polyphonies. One of the promis-

ing approaches is based on peripheral perception and it uses a multi-channel �lter

bank with periodicity detection in each channel [28, 29, 30, 31]. A computation-

ally e�cient two-channel model is presented in [P8] which in many cases produces

similar results to the multi-channel model. The multi- and two-channel models are

discussed in Sections 4.1 and 4.2, respectively.

The main attraction of periodicity detectors is that the auditory system often fuses

periodic or nearly periodic signal components into a single percept. This is particu-

larly important with western musical instruments, many of which produce harmonic

tones. It is hard to imagine, e.g., a musical scene analysis system without pitch or

periodicity detection at some stage. Periodicity representations are also useful when

combined with sinusoidal modeling since these two together provide a means for

separation of signal components corresponding to harmonic tones. Examples of this

are presented in Section 4.4.

2.1.3 Onset/O�set Representations

The auditory system is perceptive to rapid changes in the auditory scene [32]. Thus,

an onset/o�set detector is a typical component of an analysis system, particularly

in a computational auditory scene analysis (CASA) system [33, 34, 31]. Such a rep-

resentation is typically based on changes in the signal energy in di�erent channels.

Onset/o�set representation is useful when combined with the periodicity representa-

tion so that the perceptual sound events can be identi�ed more accurately. However,

the analysis system presented in this thesis does not currently explicitly employ an

onset/o�set detector. As explained in Chapter 4, the onsets and o�sets are handled

using the multi-pitch analysis model.

Onset/o�set detection is also applied to automatic transcription of music [35, 36].

Similar techniques are applied to tempo and beat tracking [37, 38] although there

the aim is not to identify each individual onset but a higher-level organization of

onsets that results in what is perceived as tempo or beat.

2.1.4 Common Modulations

Yet another means for identi�cation of perceptual events and association of low-

level components such as sinusoids is detection of common periodicity and ampli-

tude modulations [39, 40, 41, 42]. Also this detector has a strong background in

human audition [43]. Common modulation detection is useful when combined with

periodicity and onset/o�set detectors in identifying perceptual objects.
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Typically, common modulations are detected using an auditory �lterbank. For pe-

riodicity modulation, Scheirer proposed to use a log-lag domain autocorrelation of

each channel followed by a cross-correlation computation of the autocorrelation func-

tions in two consecutive frames [42]. If the cross-correlation maximum is o�-centered,

periodicity modulation is detected. In Scheirer's system, the amplitude modulation

of components is detected comparing the power of the signal in consecutive frames.

Cooke proposes to use a common amplitude modulation detection technique that

supports both common envelope repetition rate and common amplitude modulations

[39].

2.1.5 Model-Based Synthesis

Model-based synthesis consists of numerous methods that simulate the sound pro-

duction mechanisms of various musical instruments and the human voice. The

synthesis models are computational algorithms that are executed at the sound sig-

nal generation block of the framework. Their control is typically obtained from the

higher level where a parametric control stream is generated.

Overviews of techniques in the digital waveguide family, a set of particularly popular

model-based synthesis methods, are presented in [5, 44]. In this work, Chapter 3

describes a digital-waveguide modeling of plucked string instruments and Chapter

4 presents model-based analysis/synthesis of acoustic guitar signals.

While the environment and listener modeling in Figure 2.1 is important for gener-

ation of high-quality virtual acoustics, it is beyond the scope of this work. Recent

literature of 3-D sound and virtual acoustics can be found, e.g., in [45, 46, 47].

2.2 Object-Based Representations

The sound object modeling block of Figure 2.1 hosts a set of techniques to obtain an

object-based representation from the parametric representations discussed in Section

2.1. In this work, the object-based representations are categorized into perceptual,

musical, or sound source objects, as described in the following subsections. Often the

categorization is not straightforward and di�erent approaches support each other,

for instance, in modeling music perception [42] and in computational identi�cation of

musical instrument tones [48]. However, we believe that it is useful to conceptually

separate the di�erent approaches.

In some cases, it is possible to obtain an object-based representation of an audio

signal that can be used in synthesis. However, as discussed in Chapter 4, object-

based coding of arbitrary audio signals cannot be expected in near future.
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2.2.1 Perceptual Modeling

Perceptual modeling is a set of techniques that analyze the signal and auditory

representations into perceptually relevant entities. Computational auditory scene

analysis is a typical example of these applications [32, 39, 34, 31]. The goal of

perceptual modeling is to computationally identify and describe auditory percepts.

The perceptual modeling approach is typically used in the study of the human

auditory mechanism. Theories on the functioning of perception are tested with

computational models that simulate phenomena that are believed to take place in

human audition. Typically, these models are assessed through comparison to results

of physiological and psychological experiments.

2.2.2 Musical Object Analysis

In certain applications, the interest is in obtaining an object-based representation

that re�ects the musical content, e.g., in terms of common notation. These appli-

cations include automatic transcription (cf. a review in [49]) in which the aim is to

obtain a score from a recording, and musical information retrieval [50, 51] in which,

e.g., a song or a melody is being identi�ed. Another application in this category is

tempo and beat tracking [38].

Musical objects do not always correspond to perceptual objects, although often the

correlation is strong [48, 40, 41]. Thus, application such as automatic transcription

di�ers from perceptual modeling since humans do not perceive common notation.

However, such �engineering� problems can often bene�t from the theory of percep-

tion, as proven in, e.g., audio and speech coding. Similarly, it is likely that musical

object analysis will improve through inclusion of auditorily motivated processing

principles.

2.2.3 Sound Source Modeling

In sound source modeling the goal is to obtain a representation of a sound in terms

of models of the sources that produced the sound. Depending on the application,

sound source modeling techniques may be closely related to the synthesis side of the

framework. For instance, the generalized audio coding paradigm allows to represent

individual sound sources as they are presented with synthesis models in the synthesis

path [52]. Another example is sound source identi�cation where the aim is to identify

a musical instrument from a recording of the sound of the instrument [48, 53].

The sound source modeling process typically starts with a study of the fundamental

physical behavior of the sound source, e.g., the musical instrument. The physical

laws that govern the sound production mechanism of the instrument are expressed

in terms of mathematical equations and relations. In the second step, a computa-

tional model is devised based on the expressions derived above. Depending on the

application, computational e�ciency or accuracy of the simulation is emphasized in
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the model. When a computational model has been implemented, it is calibrated,

i.e., its parameters are determined in a way that the simulation is as authentic as

possible. This typically involves analysis and comparison of tones produced by both

the virtual and the real instrument. Chapters 3 and 4 discuss sound source modeling

of plucked string instruments.

2.2.4 Sound-Object Generation

The object-based representation for synthesis typically consists of information about

sound generation models and their dynamic control. This involves speci�cation of

properties of a sound generation model and event control by passing note-on and

note-o� events as well as other control data. A widely spread but limited protocol

for sound-object control is MIDI. Another example is the structured audio part of

MPEG-4 that has been derived from the CSound language [1, 3]. This paradigm

also hosts the generalized audio coding concept.

2.3 Content-Based Representation

Obtaining a content-based representation of an audio signal implies automatic �un-

derstanding� of the content. This is an extremely challenging problem, and, at this

time, content-based analysis of audio signals is quite limited. In a primitive sense,

applications such as automatic transcription and musical information retrieval can

be interpreted as approaching content-based processing. On the synthesis side, the

chain from a content-based representation into an audio signal is more developed.

An example is the expressive notation package (ENP) which allows a composer or

performer to add expressive information related to the performance with a partic-

ular virtual instrument into an extended common music notation [54]. Laurson et

al. have demonstrated how the ENP notation can be processed into an object-level

control stream that is used to control a virtual guitar at the sound signal generation

level; see [54] for examples. See also [56, Part V] for a literature review of high-level

control of music synthesis.

An interesting emerging concept is interactive audio and music content. This will

add a feedback to the synthesis path in Figure 2.1 from the recipient to the music

generation level. In interactive music and audio, the content provider de�nes be-

forehand several paths in which the music or audio scene will develop depending on

the user's controls. Interactive content can provide a new means for using audio and

music in multimedia communication.
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3. Model-Based Synthesis of Plucked

String Instruments

This chapter discusses model-based synthesis of plucked string instruments. It ad-

dresses publications [P1�P6] and partly [P10]. The chapter concentrates on the

sound-signal synthesis block of [P9, Fig. 1]. Most of the contributions are in synthe-

sis models, which are computational algorithms of the sound production mechanisms

of plucked string instruments. Linear and time-invariant models are used for syn-

thesis of guitar tones. Models are presented for strings with nonlinear vibration and

they are applied in synthesis of kantele and tanbur tones. The kantele and the tanbur

are traditional Finnish and Turkish instruments, respectively. The discussion also

includes perceptual modeling of plucked string tones. Particularly, the perception of

variation of the decay pattern of synthetic plucked string tones is investigated. It is

suggested that combination of listening experiment results and sound source model-

ing leads to improved model parameterization. The chapter begins with a literature

review of model-based plucked string synthesis and nonlinear string vibration.

3.1 Related Research

3.1.1 Model-Based Plucked String Synthesis

The evolution of physical modeling and model-based sound synthesis is closely re-

lated to computational simulation of plucked string instruments. Hiller and Ruiz

were the �rst to take the approach of solving the di�erential equations of a vibrat-

ing string for sound synthesis purposes [6, 57]. They developed models of plucked,

struck, and bowed strings. The sti�ness of the string was modeled, as well as the

frequency-dependent losses. They were able to produce synthesized sound and plots

of the resulting waveforms by a computer program. Later, numerical acoustics tech-

niques have been applied in modeling the excitation, e.g., the interaction of the

hammer and the piano strings; see [58] for references. Chaigne et al. have been

studying �nite di�erence methods for simulation of the vibrating string with appli-

cations to modeling of the guitar, the piano, and the violin [59, 58, 60] and of the

vibrating bar with application to the xylophone [61].



The �rst physics-based approach to use digital �lters to model a musical instru-

ment was presented for modeling the violin by Smith [62]. At the same time, Ja�e

and Smith interpreted the Karplus-Strong (KS) algorithm as a simulation of the

vibrating string [63]. The KS algorithm is a simple sound synthesis method capable

of producing plucked string and drum sounds with a wavetable whose content is

periodically read and modi�ed [64].

Smith generalized these pioneer works by introducing the theory of digital wave-

guides which can be interpreted as a discretized traveling wave solution of the linear

one-dimensional wave equation in a homogeneous medium. He applied the technique

to digital reverberation and synthesis of string and woodwind instrument tones

[65, 66, 67]. An overview of digital waveguide modeling is presented in [44], and of

development of digital waveguide plucked string instrument models in [P1].

Numerous developments and implementations of the digital waveguides have been

presented for plucked string synthesis. These include Lagrange interpolation for

�ne-tuning the pitch and producing smooth glissandi [68], and allpass �ltering tech-

niques to simulate dispersion caused by string sti�ness [62, 69, 70, 71]. Commuted

waveguide synthesis (CWS), proposed in [72, 73], is an e�cient method to include

a high-quality model of an instrument body to waveguide synthesis. In the CWS

technique, the contributions of the pluck and the body are stored in an excitation

signal which is used to excite the string model. The signal is usually precomputed

and stored in a wavetable. Typically, several excitation signals are used for one

instrument and they are varied depending on the string and fret position as well as

on the playing style.

There are several practical ways to model the instrument body in model-based

synthesis. These are discussed in [74] and they include methods of reducing the

body model order using a conformal mapping to warp the frequency axis into a

domain that better approximates the human auditory system, and of extracting the

most prominent modes in the body response. These modes are reproduced to the

synthetic signal by computationally inexpensive �lters, e.g., with those discussed in

[75], [P2].

One of the �rst demonstrations of CWS synthesis was a Flamenco piece in 1993

[76, audio demonstration on the CD provided with the Proceedings]. In [77], a

method was proposed to produce smooth glissandi with allpass fractional delay

�lters. This technique was elaborated in [78]. A parameter calibration method

based on the short-time Fourier transform (STFT) was developed in [73, 79] and

further elaborated in [80]. These works were extended and an automated calibration

system was implemented in [81].

The plucked string algorithm has also been used to synthesize electric instrument

tones. Sullivan extended the KS algorithm to synthesize electric guitar tones with

distortion and feedback [82]. Rank and Gubin have developed a model for slapbass

synthesis [83]. A CWS model for the piano has been presented in [84, 85] in which

a model of a piano hammer [70], 2D digital waveguide mesh [86] for the resonat-

14



ing body, and allpass �ltering techniques for simulating sti�ness of the strings were

combined. Another recent piano synthesis model based on digital waveguides is

presented in [87]. Recently, a nonlinear CWS model for the bowed string has been

presented [88] and a simulation of a nonlinear string termination has been demon-

strated [89]. Other nonlinear models of musical instruments include a model of the

trombone exhibiting nonlinear propagation e�ects [90, 91]. A model for the kan-

tele including a memoryless nonlinearity is presented in [92]. Karjalainen reviews

nonlinear models applied in simulation of musical instruments in [93].

3.1.2 Nonlinear string vibration

Nonlinear vibration of an elastic string has been examined both analytically and

experimentally. In 1945 Carrier studied the free undamped motion of a string [94].

His work considered planar transversal wave motion and discarded longitudinal vi-

brations. In 1967 Narasimha extended Carrier's results and took into account the

longitudinal vibrations [95]. It was shown that the two transversal and the longitu-

dinal polarizations are nonlinearly coupled; see also [96]. At the same time Anand

showed that the equations of transversal and longitudinal waves are separable if the

order of modes of the transverse vibration is small compared to
p
ES=Fnom, where

E is Young's modulus, S is the cross-sectional area of the string, and Fnom is the

nominal string tension [97]. He further showed that under sinusoidal initial condi-

tions the two transversal polarization components possess an oscillatory character.

The interaction of transversal and longitudinal wave motion was also tackled in [98].

More recently, experimental results of nonlinear string vibration have been reported.

Legge and Fletcher described the coupling of vibrating modes in a one-polarization

wave motion and demonstrated the generation of missing harmonics as a result of

this coupling [99]. Hansen et al. experimented with coupling of polarizations and

reported measured results of amplitudes and phase di�erences of transversal com-

ponents under forced motion [100]. More interestingly, he found nonlinear coupling

of the two transversal polarizations even at vibration displacements of only a few

microns.

3.2 Linear Plucked String Models

The linear string models discussed in [P1] and [P2] are based on the CWS dual-delay-

line digital waveguide formulations of a vibrating string presented in [65, 66, 67, 44].

Publication [P1] describes the models for two di�erent guitar constructions, namely,

a classical acoustic guitar for which the output of the string is taken as a force signal

at the bridge, and an electric guitar for which the output is a velocity signal at the

pickup position. Publication [P1] also presents how both models may be reduced to

computationally e�cient and structurally modular single-delay-loop (SDL) models.

Furthermore, the inclusion of two vibration polarizations and stable implementation

of polarization coupling and sympathetic vibrations between strings is demonstrated.
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Typically, the two polarizations are slightly o�-tuned to bring about phenomena such

as beating and dual-rate decay, which are common in real tones.

In [P2] a simple one-polarization string model is calibrated according to recorded

data from a classical acoustic guitar. The aim is to study how well the whole range of

the instrument can be captured by automated parameter estimation. Furthermore,

the detected parameters are approximated with low-order polynomials in order to

obtain a more robust description of the synthetic instrument. Additional features

include separate body resonators for simulating the lowest body modes. The sep-

aration enables parameterization of the perceptually most important body modes.

In addition, the resonances are implemented with interpolated low-frequency res-

onators using multi-rate signal processing for increased computational e�ciency.

The estimation of model parameters includes detection of the fundamental frequency,

and approximation of the decay rates of the harmonic partials [80, 81, 101], [P2].

In addition, a CWS excitation signal is computed using either inverse-�ltering [72,

73, 80] or sinusoidal modeling and equalization [81, 101], [P2]. In [P2] a technique

is used in which the sinusoidal modeling is replaced with heterodyne �ltering.

More recently, the estimation of model parameters has been extended to extraction

of expressive parameters [54, 102]. It is clear that in the future this approach

is increasingly important for improving the naturalness of synthesis and also for

providing more �exible and meaningful models for individuals wishing to synthesize

high-quality music with virtual instruments.

3.3 Perceptual Study of Decay Parameters in Plucked String

Synthesis

The perception of timbre has been an active �eld of research for several decades; see

[103, 104] for overviews. However, the research into perceptual aspects of model-

based sound synthesis has been limited. The bandwidth of perceived inharmonicity

of piano tones was studied from a synthesis viewpoint in [105, 106]. Recently,

listening experiments have been conducted for determining the audibility thresholds

of inharmonicity and for studying the e�ect of inharmonicity on the perceived pitch

of plucked string tones [107, 108].

In [P10], a listening experiment was conducted for the perception of variation of

the overall and the frequency-dependent decay of a plucked-string instrument tone.

The decay of a tone of the selected CWS model is determined by the loop �lter

with two parameters: the loop gain parameter controls the overall decay and the

loop pole parameter the frequency-dependent decay. The objective of the listening

experiment was to estimate thresholds for detecting variations in the decay pattern

of a plucked string tone when these parameters were systematically varied.

The results suggested that, from a perceptual viewpoint, relatively large deviations
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in decay parameters can be accepted. The test results indicate that a variation of

the time constant between about 75% and 140% of the reference value can be al-

lowed in most cases. With short sounds the tolerance is even greater. For the loop

pole parameter, the average acceptable range of decay-time deviation is between

83% and 116% of the reference value. The large perceptual range suggests that the

results can be e�ectively utilized in model-based audio processing. An example is

discussed in Section 4.5 in which the listening experiment data are applied to a per-

ceptually motivated parameter estimation method. The following section discusses

how the CWS model decay can be robustly parameterized according to the listening

experiments.

3.4 Model Parameterization

When a CWS model is used for synthesis of plucked string instrument tones, the

most straightforward parameterization of the decay is to use the values of �lter

parameters directly. However, it is often useful to have the parameterization be

more generic so that other synthesis methods may be supported. In addition, it

is particularly advantageous to know the boundaries for perceptually acceptable

deviation from the target values.

Such a parameterization is described in [P10]. The decay of plucked string tones can

be expressed as a time-constant de�ning the over-all decay, and a frequency envelope,

or at simplest a cut-o� frequency, which describes the frequency-dependent decay.

Examples of this parameterization are presented in [P10, Fig. 11 and 12] in which the

amplitude and frequency envelopes of a synthetic tone are depicted. The plots also

show the perceptual thresholds obtained from the listening experiments discussed in

the previous section. The range between the thresholds is relatively broad in both

the examples. This provides a starting point for generation of coding schemes for

model-based music representation.

3.5 Strings with Nonlinear Vibration

As discussed above, the vibrating string has been extensively modeled using linear

techniques. However, the vibrating string is linear only to a �rst approximation and;

consequently, nonlinear phenomena exhibited by every real string are inherently

omitted in a linear simulation.

The main nonlinear mechanism in a freely vibrating string is tension modulation

which is related to the variation of the string length as it vibrates. When a string

is displaced from its equilibrium position, it is elonged which increases the tension

along the string. A more detailed description of the phenomenon is presented in

[99], [P3].
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The tension modulation a�ects the propagation velocity of transverse vibration in

the string. This causes an increase in the e�ective fundamental frequency of vibra-

tion. Examples of the the tension modulation and of detected fundamental frequency

drifts in recorded guitar tones are shown in [P3, Figs. 1�2]. Fundamental frequency

drifts detected in tanbur and kantele tones are presented in [P4, Fig. 6] and [P6,

Fig. 4], respectively.

Besides variation of the fundamental frequency, tension modulation also provides

a mechanism for nonlinear coupling of the harmonic modes. The mode coupling

phenomenon can easily be observed through the generation of missing harmonics

[99]. When a linear string is plucked at a node of a harmonic mode, the mode

is not excited and will be missing. However, when the modes are coupled by the

tension modulation, the corresponding mode will be initially missing but will gain

an appreciable amplitude during vibration, as shown by the example in [99]. Similar

examples have also been reported in tanbur tones [P6, Fig. 7].

Another important coupling mechanism relates to the longitudinal force exerted by

varying tension at the string terminations. In the acoustic guitar, the bridge is rela-

tively rigid in the longitudinal direction and this kind of coupling is less pronounced.

However, in instruments such as the kantele and the tanbur, the longitudinal force

coupling is important for the tone quality [73], [P4], [P6]. Simultaneous analysis

of the string vibration, vibration of the body, and the radiated sound reveals that

with certain termination constructions, the longitudinal force radiates e�ectively;

see [P4, Fig. 7] for an example of the tanbur.

The contribution of tension modulation to the tone character is twofold. Firstly,

an exponentially decaying component a�ects the perceived fundamental frequency

of the tone, particularly, when a metal string where the Young's modulus is high is

plucked hard. Secondly, the decaying oscillating component provides a time-varying

coupling mechanism for the harmonic modes. Although it is di�cult to analyze, it is

probable that the nonlinear time-variations together with other e�ects such as dual-

polarization vibration are the primary reasons for the pleasing timbre of plucked

strings that is relatively di�cult to accurately capture with linear time-invariant

models.

The fundamental frequency variation takes place in every vibrating string but is

typically perceivable only in plucked strings in which the overall displacement dis-

tribution variation is larger compared to, e.g., struck strings. Moreover, the e�ect is

large if the initial tension of the string is relatively small allowing large-amplitude

vibration. The following discussion describes time-varying discrete-time models for

simulation of tension modulation and presents how these models are used in synthe-

sis of kantele and tanbur tones.
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3.6 Discrete-Time Models of Nonlinear Strings

Previous nonlinear models of a vibrating string have discarded the nonlinear prop-

agation e�ects and modeled a nonlinear termination [89] and nonlinear coupling of

the vibration to the body through a yielding tuning peg [92]. Models have also

been presented for nonlinear excitation for slap bass [83], violin [88], and for the

piano [84, 85]. The nonlinearity related to tension modulation is somewhat similar

to the nonlinear wave propagation e�ect in trombones simulated in [90, 91]. In the

trombone, the propagation velocity varies locally related to vibration amplitude,

whereas in the vibrating string, the velocity variation can be considered uniform in

the resonator. Both implementations result in a digital waveguide with modulated

length, although the details of computation are quite di�erent.

As described in [P3], it is quite straightforward to incorporate traveling waves ex-

hibiting uniformly distributed time-varying propagation velocity by extending the

principle of the linear digital waveguide. Furthermore, the waveguide formulation

results in a computationally feasible structure that can be further simpli�ed with an

acceptable e�ect on simulation accuracy. The formulation circumvents resampling

of the contents of the delay lines by applying an aggregation of fractional delay steps

that is somewhat similar to the aggregation of losses as performed in simplifying the

linear digital waveguide model of the string [65]. The digital waveguide formulation

of tension-modulated string vibration is detailed in [P3]. The following discussion

presents an overview of the formulation and of simpli�cations that decrease the

computational demands.

The modi�cation to the linear case is most easily observed by comparison of Figures

3.1 and 3.2. They both employ two delay lines and two re�ection �lters Rf(z) and

Rb(z). The additions made in [P3, Fig. 5] are the two signal-dependent fractional

delay �lters FD, and the two blocks for approximating the elongation and computa-

tion of the fractional delay parameter d(n). Note that when accurate simulation is

desired in the tension-modulated case, it is most readily obtained using slope vari-

ables. In the linear case, the choice of the wave variables is not as critical [65]. Note

also that while the modi�cations appear relatively simple in the block diagrams,

they add considerably to the computation. In fact, depending on the delay line

lengths, the computational increase can be one order of magnitude or more. Thus,

it is natural to seek computationally e�cient structures approximating the model

of Figure 3.2.

Several simpli�cations are presented in [P3] for reducing the computational burden.

These include approximations based on truncated Taylor series for simpli�cation

of both the elongation approximation and computation of the delay parameter.

Furthermore, it is shown that elongation approximation can be considerably simpli-

�ed by applying a sparse-squared-sum technique that essentially down-samples the

computation of elongation. However, even without the simpli�cations the tension-

modulated string model runs in real time on a typical desktop computer.
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Another simpli�cation is presented in [P3] in which the dual-delay-line tension-

modulated model is reduced into a single delay loop (SDL) model. The procedure

is similar to that of the linear case presented in [P1]. In addition to decreased

computational burden, the SDL model is also attractive in that it combines the

frequency-dependent losses into a single digital �lter whose parameters can be ob-

tained by analysis of recorded plucked string tones.

Instruments such as the tanbur and the kantele exhibit strong radiation of the lon-

gitudinal force component acting on the string termination. In order to include the

tension modulation force coupling, the model of [P3] needs to be further elaborated.

In addition, since the string is modeled with almost linear-phase re�ection �lters,

little interaction between the harmonic modes takes place, as shown in [P3, Fig. 12].

In [P5], a simple but practical and su�ciently accurate technique for inclusion of

both the tension modulation coupling to the body and to the string vibration is

presented. The proposed method uses the longitudinal force estimated in computa-

tion of the delay parameter d(n). [P5] also discusses how the coupling parameters

a�ect the perceived tone and the simulation of string vibration. The model pre-

sented in [P5] is used in synthesis of kantele tones in [P6]. Publications [P3�P6]

include accompanying web pages where further information and sound examples are

available.

3.7 Estimation of Tension Modulation Parameters

Inclusion of the nonlinear tension modulation features in the string immediately

poses new challenges in estimation of the parameter values related to the tension

modulation. In principle, if the physical parameters of the string, i.e., the Young's

modulus, string diameter, and string tension, are known and if the initial displace-

ment distribution can be measured, it is possible to obtain very accurate simulations

of the tension modulation phenomenon. However, typically the string parameters

are not available or require elaborate measurements, and the initial displacement

can only be estimated roughly so that accurate simulation is infeasible.

[P3] discusses practical methods for tension modulation parameter estimation that

use recorded tones. Typically, the user decides a desired initial displacement distri-

bution that corresponds to the dynamics and plucking position of the tone under

investigation, and the estimation algorithm provides parameters that, when used in

synthesis, produce an identical variation in the fundamental frequency.

It should be noted that commuted waveguide synthesis cannot be applied in the

tension-modulated string model in general, since the main assumption of linearity

and time-invariance is violated. Furthermore, with the tension-modulated string

model, the choice of the wave variable is more restricted; practically, slope waves

are favored as wave variables since the elongation estimation is most straightforward

using slope waves. Fortunately, both the force and velocity outputs corresponding

to typical string instruments are easily obtained from slope waves [44].

21



3.8 Modeling of the Kantele and the Tanbur

Simulation and synthesis of the kantele is discussed in [P6]. The simulations in [P6]

use a dual-polarization string model including tension modulation driving force and

coupling based on the model presented in [P5].

Important features of the kantele include a peculiar string termination using a knot.

This termination makes a large deviation between the e�ective lengths of the two

transversal vibration polarizations [92]. In practice, this results in strong beating

that is a pronounced character in kantele tones. Another interesting feature is the

coupling of the longitudinal tension modulation force to the body that radiates the

longitudinal force e�ciently. This can be observed in a strong attack of the second

harmonic in the radiated sound in a mid-plucked tone. Similar observations have

been made by analysis of tanbur tones [P4].

The tanbur has a long history dating back to the Akkadian era (3rd millennium BC.)

[109]. It has a wooden hemispherical shell covered with a shallow plate, lacking a

sound hole, as its body resonator. The bridge is somewhat similar to those of the

violin family. The strings of the instrument are of steel and they are loose and tuned

in pairs with an unusual tuning scheme; see [P4] for details.

The tanbur strings exhibit strong tension modulation since the relative elongation

of the string is large compared to, e.g., a steel-string guitar. In addition, the bridge

coupling to the body appears to o�er a similar longitudinal force driving mechanism

as observed in the kantele [92], [P4]. Also similar to the kantele, the pitch variation of

hard-plucked tones is pronounced. Thus, the tanbur is a well motivated candidate for

application of a string model including tension modulation. Model-based synthesis

of the tanbur is reported in [110].
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4. Analysis Techniques for Sound

Source Modeling

The discussion in this chapter concerns di�erent signal and auditory analysis tech-

niques, and sound object modeling blocks of the framework in [P9, Fig. 1]. The pre-

sented parametric-level methods include sinusoidal modeling and multi-pitch anal-

ysis which are combined at the object-based level for iterative sound source iden-

ti�cation and separation. Signal processing techniques are proposed for detection

of vibrato and inharmonicity of tones in mixtures of harmonic tones. The analysis

techniques are also applied to obtain an object-based representation of simple guitar

excerpts for model-based synthesis. The listening experiment results discussed in

the previous chapter are used in development of a perceptually motivated parameter

estimation method. The chapter starts with a review of literature in computational

pitch analysis and sinusoidal modeling.

4.1 Related Research on Signal and Auditory Analysis

There are numerous techniques for signal and auditory analysis of audio and music.

This work mainly addresses two, namely, computational pitch analysis and sinusoidal

modeling.

4.1.1 Computational Pitch Analysis

Modeling of human pitch perception and practical fundamental frequency determi-

nation of audio or speech signals have a long history [111, 112, 113]. Presently,

there are numerous techniques for determining the pitch of a simple monophonic

signal and in most cases that problem is solved satisfactorily. Determination of mul-

tiple pitches or fundamental frequencies in, e.g., a mixture of harmonic sounds is a

signi�cantly more demanding problem that has not been solved for the general case.

The concept of pitch [114] refers to auditory perception and has a complex relation-

ship to physical properties of a signal. Thus, it is natural to distinguish it from the

estimation of fundamental frequency and to apply methods that simulate human



perception. Many such approaches have been proposed and they generally follow

one of two paradigms: place (or frequency) theory [115, 116, 117] and timing (or

periodicity) theory [118, 30, 29, 119, 120].

The unitary pitch analysis model of Meddis and O'Mard [28] and its predecessors

by Meddis and Hewitt [29] are among the best known recent models of time-domain

pitch analysis. A key component of the analysis is a �lterbank with subband channels

that have bandwidths corresponding to the frequency resolution of the cochlea. A

common choice is to use a gammatone �lterbank [121] with channels corresponding

to the equivalent rectangular bandwidth (ERB) channels of human audition [122].

Although the unitary pitch perception model of Meddis and O'Mard has been widely

adopted, some studies question the general validity of the unitary pitch perception

paradigm. Particularly, it has been suggested that two mechanisms for pitch per-

ception are required: one for resolved harmonics and one for unresolved harmonics

[123, 124]. The term resolved harmonics refers to the case when only one or no

components fall within the 10-dB-down bandwidth of an auditory �lter [125]. In

the other case, the components are unresolved.

Yet another approach based on time-domain cancellation has been recently proposed

[126]. In the cancellation process, periodic sounds are canceled in turn (multistep

cancellation model) or simultaneously (joint cancellation model).

4.1.2 Sinusoidal Modeling

Sinusoidal modeling was originally a set of techniques in which a sound signal is

represented as a set of sinusoids that are parameterized by amplitude, frequency,

and phase trajectories [127, 128]. Later, sinusoidal modeling was accompanied with

models for noise [14, 15] and for transients and noise [16, 17, 21, 22, 19]. A recent

review of the sinusoidal techniques is presented in [13].

Numerous modi�cations and elaborations have been proposed for various sinusoidal

modeling applications. Iterative sinusoidal analysis algorithms have been presented

in [129, 130, 131, 132, 133]. Sinusoidal analysis schemes using di�erent time resolu-

tions in di�erent frequency bands have been presented in [134, 135, 136, 137, 20, 26].

A method for improving the estimation of frequencies, amplitudes, and phases of the

sinusoidal components is proposed in [138, 139]. Prandoni et al. present a method

for window size optimization using dynamic programming [140]. A technique for

synchronizing the analysis windows of sinusoidal modeling to the transient events

in the analyzed signal is described in [141]. A method for estimation of signal com-

ponent parameter trajectories based on hidden Markov models (HMM) is proposed

in [142]. The method is promising since it is reported that the parameters of two

crossing partials can be determined using the method. In general, the peak contin-

uation algorithm of sinusoidal modeling is one of the crucial parts of the analysis

system. Similar approaches for STFT parameter estimation using HMMs are de-

scribed in [143, 144]. An iterative method for estimation of sinusoidal parameters
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with improved accuracy has been proposed in [138, 139].

Sinusoidal methods have originally been applied in speech coding; see [145] for refer-

ences. Recent studies have applied sinusoidal modeling methods to audio coding [21],

[22, 146], speech synthesis [147, 148], and synthesis of the singing voice [149, 150].

Sinusoidal modeling techniques have been used in analysis/synthesis systems for

musical signals [128, 14, 15, 151, 129, 152, 153, 146]. They have also been applied

to separation of sound source contributions in musical duet signals [154] and to

suppression of co-channel interference in speech signals [155].

4.2 Computationally E�cient Multi-Pitch Analysis

The unitary model of Meddis and O'Mard discussed above has been shown to exhibit

qualitatively good correspondence to human perception in many listening tasks such

as missing fundamental and musical chords [28]. A practical problem with the

model is that, despite its quite straightforward principle, the overall algorithm is

computationally expensive since the analysis is carried out using a multichannel

auditory �lterbank. This prohibits its use, e.g., in real-time or close-to-real-time

applications.

The study in [P8] presents a multi-pitch analysis model that is computationally

e�cient. The model does not attempt to simulate the human auditory system in

detail, but is still intuitive from the auditory viewpoint. The proposed model is,

to a certain extent, a computationally superior simpli�cation of the Meddis and

O'Mard model. Comparison of the performance of the two models shows similar

behavior with a range of test signals including root tone, �missing-fundamental�,

pitch shift of equally spaced sinusoids, repetition pitch, sinusoidally modulated noise,

and ambiguous pitch; see [P8] and the accompanying www pages for further details.

The starting point of the proposed model is that in the auditory system the neural

�rings are in direct time synchrony at low frequencies while they exhibit envelope-

based synchrony at high frequencies. This leads to the simpli�cation to use only two

signal channels which are processed di�erently. A periodicity function is computed

directly from the low-channel signal while in the high channel, the envelope of the

signal is detected before periodicity computation. Similarly to the multi-channel

models discussed above, the proposed model integrates the periodicity measures of

the channels into a periodicity map which is typically called summary autocorrela-

tion function (SACF).

In principle, the SACF representation carries the fundamental frequency information

of harmonic signals. However, in order to simplify computational interpretation, the

SACF representation is enhanced by removing repetitive peaks corresponding to

multiples of fundamental periods. The enhanced SACF (ESACF) is typically used

in actual processing applications. Examples of SACF and ESACF representations

are presented in [P7, Fig. 11], [P8, Figs. 3�11], and [P9, Figs. 4�6]. The multi-
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pitch analysis model is applied in iterative identi�cation and separation of harmonic

sources in [P7] and [P9].

The proposed multi-pitch analysis model runs in real-time in a typical desktop com-

puter, which makes it an attractive method in practical fundamental frequency

estimation problems.

4.3 Nonlinear Least-Squares Techniques for Signal Analysis

As discussed in Chapter 2, it is often useful to combine auditory and signal analysis

techniques. As the available computing power keeps increasing, previously impracti-

cal computationally intensive analysis techniques become feasible. A technique that

has typically been discarded in practical applications due to the computational de-

mands is nonlinear least-squares (NLS) estimation of sinusoids [156, 157, 158, 159].

Publications [P7] and [P9] combine the NLS estimation with the multi-pitch anal-

ysis model in order to limit the required computation. The applications of this

approach include high-resolution sinusoidal modeling, re�ning a fundamental fre-

quency estimate, and NLS-based inharmonicity estimation, which are discussed in

the following.

4.3.1 High-Resolution Sinusoidal Modeling

The problem of the time�frequency resolution trade-o� of nonparametric frequency

estimation is particularly pronounced when two sinusoids corresponding to partials

of two tones of di�erent fundamental frequency are close to each other in frequency.

In this case the sinusoidal components may not be resolved and the detected pa-

rameters are typically inaccurate.

Publication [P7] presents an NLS-based technique that may be used for increasing

frequency resolution. The technique is based on �tting a model of two sinusoids with

closely spaced frequencies to the analysis signal. The main idea of the method is to

take into account a priori knowledge or assumption that two sinusoids exist close

in frequency. Such an assumption may be made according to, e.g., the estimates of

the fundamental frequencies of detected harmonic tones.

The basic idea is to apply the estimator locally in a vicinity that is pre-determined,

e.g., by multi-pitch analysis. Global application of the NLS-estimator is infeasible

since that would involve a highly nonlinear search over a high-dimensional parameter

space [158, 159]. In this local application, the parameter space is essentially two-

dimensional and the limited search space is de�ned in advance. Examples of the

estimator performance are presented in [P7].

Despite the limited range of search, the computational demands of the method are

high. A computationally more e�cient method for implementing the NLS estimator

is presented in [P9].

26



4.3.2 NLS-Based Technique for Re�ning Fundamental Frequency

As described in [P9], the NLS estimator is readily employed in re�ning an estimate

of the fundamental frequency of a harmonic tone using an initial estimate obtained,

e.g., from multi-pitch analysis. Similarly to detection of two sinusoids, here a funda-

mental frequency vicinity is pre-de�ned around the initial estimate and the analysis

is limited to this vicinity. This method has also been applied in separation of speech

signals [160].

One application of the fundamental frequency re�ner is in detection of vibrato of a

tone in a mixture of tones. Vibrato is a perceptually important expressive feature

related to variation of the fundamental frequency. It is controlled by the singer or

the player of an instrument. Vibrato and its characteristics have also been found

useful for instrument identi�cation [48]. Provided a harmonic tone with vibrato

can be identi�ed in an ESACF representation, its re�ned fundamental frequency

trajectory can be obtained with the NLS-estimator. In some musical instruments,

modulation of amplitudes of partials is related to the vibrato [48, 161]. The NLS

method also provides the amplitude trajectories in which this modulation can be

observed. Examples of vibrato detection are presented in [P9, Figs. 5�6] and of

detection of amplitude trajectories in [P9, Fig. 7].

A recent study of sound-source recognition proposes to use several features related to

spectral structure, pitch, vibrato, tremolo (over-all amplitude modulation), and in-

harmonicity [48]. Although application of the NLS-based technique to sound-source

recognition is beyond the scope of this work, it appears promising for detection of

such features in polyphonic signals; particularly when the signal has a single promi-

nent source, e.g., an instrument playing a melody.

As described in Chapter 3, tension modulation in a vibrating string causes variation

of the fundamental frequency. The NLS-based fundamental-frequency estimator can

be used to detect this variation. Note, however, that the phenomenon is only observ-

able in tones that are plucked relatively hard and at a position with a considerable

distance from the string termination so that the initial displacement distribution is

su�ciently large.

4.3.3 NLS-Based Inharmonicity Estimation

The NLS fundamental frequency estimator can also be applied to the detection of

inharmonicity parameters in tones. More precisely, a model of inharmonicity can be

incorporated in the estimation. The inharmonicity estimation is described in [P9]

with an example in which the inharmonicity coe�cient of a piano tone is detected

from a three-voice chord.

An application in which an inharmonicity estimator, such as the one presented here,

is useful is determination of the perceptual relevance or audibility of inharmonicity

in musical signals. Recently, listening experiments have been conducted for deter-
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mining the audibility thresholds of inharmonicity of plucked string tones [107]. The

listening experiment results and the inharmonicity estimator can be integrated into

an analysis tool for this perceptual feature.

4.4 Model-Based Analysis and Synthesis

Typically in model-based synthesis of plucked string instruments, the parameters

have been obtained from anechoic recordings of individual tones [80, 101, 102]. With

the CWS technique, the synthetic tones can be copies of the original ones within

the limits of numerical accuracy. However, typically the parameters need to be �ne-

tuned according to musical context so that naturalness of the virtual performance

is increased. Another problem is that the models require thorough analysis of a

particular instrument with preferably anechoic recordings.

Publication [P9] describes a sound source separation system and applies it to obtain

a model-based representation of simple polyphonic guitar music. After analysis, the

excerpts are resynthesized using the CWS-approach. The selected three examples

are two-voice polyphonies with a long tone with low fundamental frequency and a

six-tone melody at higher frequencies.

The model parameters are estimated from the sinusoidal representation. They are

matched to the decay of amplitude envelopes and to the desired fundamental fre-

quency. The CWS excitation signals are obtained using the estimated model param-

eters. The representation of each tone consists of the attack and damping locations,

the excitation signal and the model parameters. Sound demonstrations of the anal-

ysis and synthesis are available at [55].

4.5 Perceptually Motivated Parameter Estimation

An iterative parameter extraction algorithm for the synthesis model parameters is

presented in [102]. The algorithm �rst optimizes the parameters based on detected

amplitude envelopes of the partials, as described in [81, 101]. A synthetic tone is

computed using the estimated parameters, and its amplitude envelope is compared

to that of the original tone. If there is a su�cient discrepancy with the decay of

envelopes of the original and synthetic tones, an iterative optimization algorithm is

used to detect the optimal loop-�lter parameters.

The results of the perceptual study of decay parameters, discussed in Section 3.3,

can be used in such an iterative algorithm. Firstly, the results provide a perceptually

motivated threshold for deciding whether the iterative algorithm should be used. If

the initial parameter estimates produce an overall decay that cannot be perceptually

distinguished from the decay of the original tone, the parameters can be readily used

in synthesis applications. In addition, the perceptual thresholds provide thresholds
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for the iterative optimization algorithm: when the di�erence in the time constant

of decay of the original and synthetic tones is imperceptible, the iteration may be

�nished.
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5. Summary of Publications

The following is a summary of the publications included in this thesis work. It

also describes the author's contributions in the publications. It should be noted

that many of the ideas and developments presented in the work are originated by

team work with Prof. Matti Karjalainen and Doc. Vesa Välimäki, and later with

Mr. Cumhur Erkut who joined the physical modeling team at Helsinki University of

Technology, Laboratory of Acoustics and Audio Signal Processing in August 1998.

More recently, the author has collaborated with Ms. Hanna Järveläinen in a percep-

tual study of plucked string tones.

[P1]

The �rst publication discusses linear modeling of plucked string instruments. The

article reviews the evolution of linear and time-invariant synthesis models. It also

discusses further extensions to the basic models of the guitar. With the extensions,

simulation of plucking styles, beats in string vibrations, sympathetic vibrations,

and of resonant strings is obtained. A stable string model is presented including

simulation of sympathetic couplings.

The author's contribution in this study was mainly implementation of the string

models and testing them by means of synthesis experiments. The author also applied

analysis tools to detect the parameters of the string models.

[P2]

In [P2], a speci�c implementation of a string model is addressed. The model is cal-

ibrated according to measurements and recordings from a classical acoustic guitar

using calibration methods based on a technique that uses heterodyne �ltering. In

addition, the two lowest resonances of the body model are implemented as interpo-

lated low-frequency resonators for increased computational e�ciency.

The loop �lter coe�cient a and the loop gain g are approximated with a �rst-

order polynomial �t as a function of fret number to enable easy calibration of the

synthesizer.

The author designed the analysis system in co-operation with Vesa Välimäki. The



author implemented it and carried out the analyses required for calibration of the

model as well as the analysis/synthesis examples presented in the paper.

[P3]

In [P3], the formulation of the simulation of traveling waves with uniform time-

varying propagation velocity is explained. This formulation is then extended to dig-

ital waveguides of �nite length, and two alternative implementations are proposed.

A string model with tension modulation simulation and elongation computation is

presented. Computationally e�cient methods for elongation approximation and for

computation of the fractional delay parameter are described.

Analysis methods are described for estimation of the tension modulation modeling

parameters based on recordings and measurements of plucked string instruments.

Finally, analysis/synthesis examples are presented and compared to the linear string

model.

In this research, the author has developed the formulation of the digital waveguide

with uniformly distributed time-varying propagation speed and described how it

can be used to simulate a vibrating string. He also presented the simpli�cations

employing truncated Taylor series. The string models based on these developments

were constructed in collaboration with Vesa Välimäki and Matti Karjalainen. The

author also developed methods for analysis of tension modulation parameters based

on recordings and string parameters. The analysis/synthesis examples and the sound

demonstrations were produced by the author.

[P4]

Publication [P4] presents an acoustical analysis of the tanbur, a Turkish long-necked

lute. The tanbur features a body resonator with a wooden hemispherical shell

covered with a shallow plate lacking a sound hole, a violin-like bridge, and loose

strings that are tuned in pairs with an unusual tuning system. The instrument

behavior has been analyzed based on measurements and recordings carried out in

an anechoic chamber.

The analyzed signals were obtained using a magnetic pick-up for capturing vibra-

tion of the string, an accelometer for detection of the vibration of the body, and a

high-quality microphone for the radiated sound. The body characteristics were in-

vestigated using time-frequency analysis of measured body impulse responses. The

tension modulation phenomena were observed by analyzing time-synchronous sig-

nals from the string vibration, body vibration, and radiated sound. It was concluded

that the tension-modulation-related phenomena are relatively prominent in the tan-

bur and that they are signi�cant to the character of the tanbur tones.

The author's contributions in this paper are in Section 4, in which the tension

modulation exhibited by a vibrating tanbur string is described. The measurements

were performed in collaboration with Cumhur Erkut. The author also carried out
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analysis of the recordings and measurements reported in Section 4 of [P6].

[P5]

The string model of [P3] is extended in [P5] to include a tension modulation driv-

ing force mechanism acting on the bridge of the instrument. Two new simulation

structures are presented, one for simulation of tension modulation output and the

other for both the output and to the string vibration. Techniques for obtaining the

parameters related to tension modulation force coupling are described.

The tension modulation driving force mechanism is important in many plucked string

instruments and the phenomenon has been analyzed in the kantele and the tanbur.

In both cases, the phenomenon was concluded essential for the character of the

tone. The proposed extensions to [P3] allow more accurate and physically motivated

simulation of the string vibration and sound production of such instruments.

In this study, the author constructed the two string models in Figure 3. He also

carried out the analysis of measurements and recordings that preceded the devel-

opment and calibration of the models. The simulations and sound demonstrations

were produced by the author.

[P6]

[P5] and [P6] are companion papers. The model of [P5] is applied in synthesis of

kantele tones in [P6]. A dual polarization nonlinear model for the kantele is presented

that exhibits the tension modulation nonlinearities described in [P3, P5]. Analysis

and parameter estimation of the dual polarization model are described.

The synthesis examples show that the model is capable of capturing the essential

features of the kantele tone character.

In this paper, the author contributed in development of the dual-polarization string

model including tension modulation. Particularly, he modi�ed the single-polarization

elongation estimation and computation of the delay parameter d(n) to the dual-

polarization case.

[P7]

[P7] presents techniques for separation of harmonic sound sources using sinusoidal

modeling. A nonlinear least-squares (NLS) frequency estimator is used to resolve

sinusoids that are close in frequency. The presented method applies a priori infor-

mation typically obtained from a multi-pitch analysis. An iterative analysis scheme

using interpolated parameter trajectories and subtraction of detected components

is presented. A measure is proposed for testing the accuracy of the model.

The author is responsible for this research.
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[P8]

A computationally e�cient model for multi-pitch and periodicity analysis of com-

plex audio signals is presented. The model essentially divides the signal into two

channels, below and above 1000 Hz, computes a �generalized� autocorrelation of

the low-channel signal and of the envelope of the high-channel signal, and sums

the autocorrelation functions. The summary autocorrelation function (SACF) is

further processed to obtain an enhanced SACF (ESACF). The SACF and ESACF

representations are used in observing the periodicities of the signal.

The model performance is demonstrated to be comparable to those of recent time-

domain models that apply multi-channel analysis. In contrast to the multi-channel

models, the proposed pitch analysis model can be run in real time using typical

personal computers. The parameters of the model are experimentally tuned for best

multi-pitch discrimination with typical mixtures of complex tones.

The general structure of the proposed model originated from Prof. Karjalainen. The

author and Prof. Karjalainen together developed the model and its parameteriza-

tion, and implemented and tested the model independently in two di�erent signal

processing environments. The test cases reported in [P8] have been carried out by

the author.

[P9]

The study of [P9] presents a framework for audio and music processing which con-

sists of an analysis and a synthesis path that are connected at three representational

levels. Auditory signal analysis techniques include a multi-pitch analysis model, an

event-detector, and sinusoidal modeling that are combined in an iterative sound

separation system. Techniques are presented for detection of perceptually relevant

features, such as inharmonicity, vibrato, pitch drift, and decay characteristic, from

polyphonic mixtures of harmonic sounds. The integration of the analysis and syn-

thesis parts is demonstrated with examples in which two-voice acoustic guitar sig-

nals are analyzed into an object-based representation and resynthesized using sound

source models.

The author is responsible for this research.

[P10]

In the study reported in [P10], a listening experiment was conducted to study the

audibility of variation of decay parameters in plucked string synthesis. A digital

commuted waveguide synthesis (CWS) model was used to generate the test sounds.

The decay of each tone was parameterized with an overall decay and a frequency-

dependent decay parameter. Two di�erent fundamental frequencies, tone durations,

and types of excitation signals were used totalling in eight test sets for both parame-

ters. The results indicate that variations between 25% and 40% in the time constant
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of decay are inaudible. This suggests that large deviations in decay parameters can

be allowed from a perceptual viewpoint.

The results were applied in model-based audio processing. More precisely, a generic

parameterization of the decay of plucked string tones was presented such that the

listening experiment data can be used as audible tolerance level. It is also explained

how the results can be used in parameter estimation for model-based synthesis.

In this study, the author collaborated with Hanna Järveläinen in planning and con-

ducting the listening experiments. Statistical analysis of the results was performed

by Hanna Järveläinen. The author was responsible for creation of the synthetic

listening test signals and for application of the results in model parameterization

and parameter estimation.
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6. Conclusions

6.1 Summary

The framework of audio and music processing presented in Figure 2.1 and discussed

in Chapter 2 outlines the �elds in digital audio that this work addresses. It is

clear that the presented research can only in�uence some parts of the framework

and concentrate on limited topics in these parts. The main contributions of this

work are in signal and auditory analysis, sound object modeling, and sound signal

synthesis.

The work presented in [P1�P6] has considered linear and particularly nonlinear

discrete-time modeling of plucked string instruments. The tension modulation phe-

nomenon that is present in every vibrating string has been taken into account. Fur-

thermore, its simulation has been developed into a computationally feasible structure

and it has been demonstrated that the models produce the desired e�ects in the de-

sired manner. The proposed models can reproduce accurately such phenomena as

variation of the fundamental frequency and coupling of the tension modulation via

the bridge to the body and to the string vibration. As a result of the presented

developments, more realistic and accurate simulation of plucked string instruments

is obtained. The proposed techniques are useful both from the viewpoint of studying

the functioning of plucked string instruments and for practical sound synthesis.

The other half of this thesis, presented in [P7�P10], was mainly concentrated on

computational audio and music analysis. Methods for separation of harmonic sound

sources using sinusoidal modeling were presented. A computationally e�cient and

auditorily motivated multi-pitch analysis model was developed and used with the

sinusoidal techniques for separation of harmonic sound sources. Nonlinear least

squares (NLS) techniques were proposed for signal analysis. The �rst NLS technique

was a high-resolution sinusoidal analysis technique which incorporated a priori infor-

mation of the signal components obtained from the multi-pitch analysis. Another

NLS-based technique was used for re�ning a fundamental frequency estimate. It

was also applied in detection of vibrato of prominent tones. The third NLS tech-

nique was used for detection of inharmonicity of a piano tone in a three-voice chord.

The analysis methods were applied in obtaining a model-based representation of

two-voice guitar music.



Listening experiments were conducted for measuring the perception of variation of

the decay pattern in model-based plucked string synthesis. The experiments pro-

vided perceptual thresholds for overall and frequency-dependent decay. The results

were applied in parameterization of the synthesis model as well as in designing a

perceptually motivated parameter estimation method.

6.2 Discussion and Future Directions

One clear trend in audio and music research and development is to raise the research

focus in the framework of Figure 2.1 from the parametric representation level to the

object- and content-based levels. This trend has been developing for a decade,

e.g., in the �elds of computational auditory scene analysis and musical information

retrieval. This work was aimed to contribute in this trend by developing techniques

for object-based sound source modeling.

As the problems under study get more complicated, the research in digital audio

and computer music becomes increasingly interdisciplinary. The results of this work

suggest that combining research on signal processing theory, musical acoustics, and

human perception is a useful approach. An example presented in this work is ob-

taining a model-based representation of sound in which an auditorily motivated

multi-pitch analysis was combined with sinusoidal signal processing techniques to

obtain parameters for a model that was based on acoustics of the instrument. Al-

though the presented example is of limited scope, the analysis techniques and the

approach presented in this work are expected to be useful in a variety of audio

analysis problems.

This work has also contributed to applying perceptual information in model-based

synthesis, thus combining perceptual and sound-source modeling. Although the

studied listening experiment only addressed a particular synthesis model of a spe-

ci�c instrument group, its results are promising and have helped to gain insight

into the model parameterization as well as to develop new methods for parameter

estimation. Similarly to audio coding, it can be expected that perceptual methods

and information such as listening experiment results can signi�cantly improve also

other model-based synthesis developments.

A driver in the development of digital audio and computer music technology is in-

creasing computational power which will make new analysis and synthesis techniques

feasible. Some of the NLS-based methods presented in this work are currently too

slow for even close-to-real-time applications but a few years ago such techniques

were completely infeasible. It is likely that after some time these methods can be

operated in real time in a typical computing environment. Another example is the

nonlinear string models. Several years ago, dedicated hardware was required in

order to perform the linear simulation. Currently, it is possible to implement the

presented nonlinearities in real time. As shown in this work, this can lead to better

synthesis models.
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Finally, the huge opportunity for object-based audio and music is mobile multimedia

communication. It is currently taking its �rst steps with simple applications such

as ringing tones and icons communicated with mobile phones as well as with the

wireless application protocol (WAP) and the i-mode technology, which give, in a

primitive sense, mobile access to the Internet. In the future, the need for low-

bandwidth, high-quality interactive audio and music content will place a strong

need for development of new synthesis models. On the other hand, new content

creation and sound object generation techniques need to be designed. The market

will no doubt be enormous, and there are thrilling opportunities for research and

development in digital audio and computer music.
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