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(7)This work involves the analysis of musical instrument sounds, the creation of timbre
 models, the estimation of the parameters of the timbre models and the analysis of the
 timbre model parameters.


The timbre models are found by studying the literature of auditory perception, and by
 studying the gestures of music performance.


Some of the important results from this work are an improved fundamental frequency
 estimator, a new envelope analysis method, and simple intuitive models for the sound of
 musical instruments. Furthermore a model for the spectral envelope is introduced in this
 work. A new function, the brightness creation function, is introduced in the spectral
 envelope model.


The timbre model is used to analyze the evolution of the different timbre parameters
 when the fundamental frequency is changed, but also for different intensity, tempo, or
 style. The main results from this analysis are that brightness rises with frequency, but
 nevertheless the fundamental has almost all amplitude for the high notes. The attack and
 release times generally fall with frequency. It was found that only brightness and


amplitude are affected by a change in intensity, and only the sustain and release times are
 affected when the tempo is changed.


The different timbre models are also used for the classification of the sounds in musical
 instrument classes with very good results. Finally, listening tests have been performed,
 which assessed that the best timbre model has an acceptable sound quality.



Resumé


Dette arbejder omhandler analyse af musikinstrumenter, dannelse af modeller af
 musikinstrumenters klangfarve, estimering af klangfarve model parametre og analyse af
 modelparametrene.


Klangfarvemodellerne er fundet ved at gennemgå lydperceptorisk litteratur, og ved at
 studere musikudøvelse.


Nogle vigtige resultater fra dette arbejde er en forbedret fundamental frekvens
 estimator, en ny envelope analysemetode, og simple intuitive modeller af musiklyd.


Desuden er en model af den spektrale envelope udviklet. I den forbindelse er en ny



(8)stiger med frekvens; men fundamentalen har alligevel næsten al amplitude for de høje
 toner. ‘Attack’ og ‘release’ tiderne falder med frekvensen. Af intensitets- og
 tempoændringer fandtes, at kun ‘brightness’ og amplituden ændres når intensiteten ændres,
 og at kun ‘sustain’ og ‘release’ tiderne ændres når tempoet ændres.


De forskellige klangfarvemodeller er også brugt til klassifikation af lyd i
 instrumentklasser med meget godt resultat. Lytteforsøg godtgjorde, at den bedste
 klangfarvemodel har en acceptabel lydkvalitet.



Résumé


Ce travail traite l’analyse des sons musicaux, la création des modèles de timbre,
 l’estimation des paramètres des modèles de timbre, ainsi que l’analyse des paramètres des
 modèles.


Les modèles de timbre ont été trouvés dans la littérature de la perception auditive et en
 étudiant les gestes du musicien.


Quelques résultats importants du travail présenté ici sont une estimation améliorée de la
 fréquence fondamentale. Une nouvelle méthode pour l’estimation des temps d’attaque et
 de relâchement a été developpée, ainsi que des modèles intuitifs de sons d’instrument de
 musique. Un nouveau modèle d’enveloppe spectrale a été défini, ainsi qu’une fonction qui
 donne un son avec la brillance indiquée.


Les modèles de timbre sont utilisés pour l’analyse de l’évolution des paramètres des
 timbres en fonction de la fréquence fondamentale, de l’intensité, du tempo ou du style. Le
 résultat principal de cette analyse est que la brillance monte avec la fréquence, mais que la
 fondamentale a presque toute l’amplitude dans les aigüs. Les temps d’attaque et
 relâchement diminuent avec la fréquence fondamentale. Pour une variation de l’intensité,
 seul l’amplitude et la brillance sont affectées. Seuls les temps de maintien et relâchement
 changent avec le tempo.


Le modèle de timbre est aussi utilisé pour la classification des sons dans des classes
d’instruments avec de très bons resultats. Finalement, des tests d’ecoute de tous les
modèles ont permis de conclure que le meilleur modèle de timbre possède une qualité de
son acceptable.
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Chapter 1 1. Introduction


The initial inspiration for this work was the need to understand the transitions of
 musical sounds. The transition was soon defined as being the variation over time of pitch,
 loudness and timbre, and the classification of these variations. [Strawn 1985] offers further
 insight on the transitions of musical instruments. Pitch and loudness are fairly well known
 parameters, but timbre is less well defined, although generally defined as multi-


dimensional.


Timbre then naturally became the main subject of this work. Two approaches were
 tested to understand the dimensions of timbre, the first by examining the physical gestures
 associated with playing an instrument and the other by looking at the perception and
 psychoacoustic literature. This can be seen as a global approach, encompassing both the
 performer of a musical instrument and the auditor of the sounds produced. The conclusions
 of the two approaches were then used in the analysis and modeling of musical instrument
 sounds.


The analysis of transitions was eventually left out, and the work is now done on isolated
musical instrument sounds. The goal is to find a few parameters which are relevant to
human perception and which model music sounds well. Furthermore, the evolution of



(17)sounds, as a function of playing style, loudness, or note played, should also be well
 modeled. Ideally, this would equal a musical instrument, but much work remains before
 this goal is achieved. Instead, this work is the basis for a better understanding of what
 timbre is, and also the basis for a digital musical instrument with potentially the same
 timbre quality and versatility as an acoustic instrument, in expression as good as the best
 acoustical instruments.


The model of musical sounds presented here can be used as a basis for compression of
 (musical) sounds, for interactive distributed music, or for research in composition with
 timbre. For a survey on timbre composition, see for instance [Barrière et al. 1991].


In general terms, musical informatics research can be helpful for classical music
 research, for auditory perception research and for the auditory display research.


Fundamental methods developed in the music informatics community can potentially find
 uses in any domain.



1.1. Framework


This work balances on the border between analysis and synthesis of sounds of musical
 instruments, which can be seen as an example of analysis by synthesis [Risset 1991].


Analysis is done on sounds, but also on the parameters of preceding analysis. This is
 done so that the important timbre attributes of a sound will emerge. The last model will
 present some parameters which are important timbre attributes, but which in an automatic
 framework, can not (yet) resynthesize an acceptable sound. However, this is believed to be
 more a problem with the estimation of the parameters of the models than with the models
 themselves. Therefore, it is believed that the models can be used to synthesize good quality
 sounds, if the parameters are adjusted appropriately.


Each model has an inverse function, which allows one to recreate the input parameters
 from the output parameters. The recreation is never identical, and some of the perceptual
 loss can be found by studying the listening test results in Chapter 12.


The different steps of the analysis/model/synthesis can be seen in figure 1.1. The sounds
are first analyzed into additive parameters, where sinusoidals, called partials, with time-
varying amplitude and frequency are added together. The sinusoidals correspond often,
although not always, to the fundamental and the harmonic overtones of the sound being



(18)In the Minimum Description Attribute (MDA) model, the parameters of the HLA model
 are defined by the fundamental value and the evolution over partial index. Finally, the
 Instrument Definition Attribute (IDA) model includes the MDA parameters for the full
 playing range of an instrument. The IDA model is therefore a collection of many MDA
 sets.


In the MDA and the IDA models, the partials need to be quasi-harmonic. This is not the
 case for the additive and the HLA models.


All models have an inverse function, which permits recreating the previous level
 parameters all the way to the resynthesis of the sound.


IDA-1


Analysis HLA MDA IDA


MDA-1
 HLA-1


Synthesis


Figure 1.1. Complete flow chart of analysis and modeling in this work.


Visualization of the additive parameters is useful when a view of the general shape of
 the sound is needed. The HLA parameters are useful when the timbre attributes, such as
 the attack time or the brightness of a sound, need to be visualized. The MDA model


introduces a model of the spectral envelope. The MDA model is assumed to contain all the
 information of a sound in the fewest possible parameters.


The IDA model parameters are useful when the difference between instruments, or
 between expressions of the same instrument, needs to be analyzed or visualized.


Furthermore, the validity of each model can be estimated by the ability of the


parameters of the model to classify the sounds in instrument families. Some experiments
on the classification have been performed in the validation of the timbre models presented
in Chapter 11 with good results.



(19)
1.2. Work Methodology


The first part of this work consisted in finding expressions of musical instruments. This
 work was conducted by interviewing musicians, and recording musical instruments in as
 many expressions as possible.


When the goal of this work was restated into finding a model for the timbre of musical
 instruments, an iterative process of finding the parameters of such a model began. The
 parameters of the model are of course very dependent on the analysis model of the sound.


The analysis model was therefore first defined to be additive.


The additive parameters generally model only the voiced part of the sound, and the
 noise analysis should therefore be found. The use of a better additive analysis method
 allows the choice of the less frequently used model of noise using the irregularity of the
 additive parameters.


When the analysis parameters were chosen, the analysis of musical instrument sounds
 could begin. Quality of the analysis was judged by listening to the resynthesized sounds
 and by analyzing the resulting additive parameters. At the same time, the timbre model
 was initiated. This was done by experimenting with simple models of the additive
 parameters, and by studying the auditory perception literature. The quality of the timbre
 models was evaluated by listening to the resynthesis of the sounds from the models, and by
 analyzing the parameters of the model. The initial analysis and the first timbre model, the
 HLA model, were changed if necessary. Furthermore, new musical sounds were recorded,
 if another dimension of the timbre space was to be evaluated. Then the simpler timbre
 model, the MDA model, was initiated and the process was repeated, now including another
 level.


Finally, the full instrument model, the IDA model, was introduced. Now the parameters
 could be analyzed as a function of the playing range, or other expressive scales. The
 underlying models were evaluated on the basis of this analysis, and changed when
 necessary. Furthermore, listening tests were performed, and classification experiments
 using the timbre models were also performed. All this gave rise to more modification of
 the timbre models, after which the quality of each model was again evaluated.


This ascending methodology was necessary, since no timbre models were found in the
literature. The deductive conclusions are not strictly speaking unique. Nevertheless, this



(20)methodology is believed to be the best for this work. The relatively dispersive literature
 search has facilitated finding better models and better foundations for the models chosen.


Conclusive timbre models with promising applications are introduced in this work.



1.3. Structure of the Document


Chapter 2 presents the musical instruments, the control and perception of musical
 sounds, the timbre and the additive model. Chapter 3 introduces an improved fundamental
 frequency estimator, and the estimation of the initial frequencies used in the analysis
 chapter. Chapter 4 explains the analysis of the additive parameters and compare two
 methods, the well-known FFT-based analysis, and a new analysis method, developed by
 Philippe Guillemain [Guillemain et al. 1996], based on a linear sum of gaussian kernels.


The conclusion is that the new analysis method, here called the LTF analysis, has a time
 resolution that is twice as good as the optimal two-pass FFT-based analysis.


Chapter 5 explains the envelope model and compares two methods for the extraction of
 envelope times: the first, which finds the envelope times at a certain percentage of the
 maximum amplitude, and a new method developed here, which finds the envelope times
 by analyzing the derivative of the amplitude envelope. This method, which is called the
 slope method, performs significantly better than the simpler percent-based method.


Chapter 6 introduces the HLA model, which models the sound with a few perceptually
 relevant parameters for each partial: spectral envelope, mean frequencies, envelope, and
 amplitude and frequency irregularities (shimmer and jitter).


Chapter 7 introduces the spectral envelope model used in the MDA model that is
 presented in Chapter 8. The spectral envelope model parameters include brightness, and a
 function for the creation of a signal with a given brightness is given in the additive and in
 the time domain. The MDA model is based on the HLA model, but it further models the
 partial evolution for each parameter.


Chapter 9 introduces the IDA model, which is a model for the evolution of the MDA
 parameters as a function of the fundamental frequency. This chapter also discusses the
 evolution of the timbre attributes as a function of fundamental frequency, intensity, tempo
 or style. Several important results of this analysis are given in Chapter 9.


Chapter 10 introduces the timbre modifications of the different timbre models. Chapter
11 examines the validity of the timbre models by classification methods. The result is that
the timbre attributes can classify 150 sounds from the full playing range of five



(21)instruments with no errors. Chapter 12 verifies the validity of the resynthesis of the timbre
 models by performing listening tests. Chapter 13, finally, offers a conclusion and a


proposal for further work.



(22)
Chapter Two



2. Musical Instruments


In this chapter the musical instrument is presented from the two most common points of
 view, the gestural, and the perceptive. The gestural point of view discusses the playing of
 an instrument, while the perceptive point of view discusses the perception involved in
 listening to musical instrument sounds. Based on some initial research into the control of
 musical instruments, a database of musical instrument sounds has been created.


Furthermore, the model of the sound of the musical instrument is presented here. The
 conclusion of the perceptive research reviews is the basis of the timbre models in the
 following chapters.



2.1. Introduction


A model of musical instruments should obey two fundamental obligations. It needs
 good sound quality and easy control of the important expression attributes.


This chapter investigates the literature on auditory perception, timbre analysis and
control of musical instruments. The conclusions from this chapter are used in the following



(23)chapters to create the models of musical instruments. The discussions of musical


instruments have also been important for the choice of musical instruments that are used in
 the analysis of the timbre models. The control of musical instruments is investigated by
 analyzing the current situation and proposals for future systems of digital musical
 instrument interfaces. Some results from the research on reaction time from different
 stimuli are also given.


The timbre conclusions are given from a review of auditory perception literature and
 from verbal attribute research.


The musical instruments being analyzed in this work are the quasi-harmonic


instruments. The term quasi-harmonic denotes instruments whose partial frequencies are
 close to harmonic. This means that for example the drums, cymbals, and carillons have
 been excluded.


The actual instruments being analyzed have been chosen for the quality of expression,
 for general recognition, and for availability.


In this chapter the control of musical instruments is discussed in section 2.2, then the
 timbre of musical sounds is discussed in section 2.3. The additive model of musical sounds
 is presented in section 2.4, with a discussion of the phase sensitivity in paragraph 2.4.2.


The database of musical instrument is discussed in section 2.5. Finally a conclusion is
 offered.



2.2. Control


The control of a musical instrument is here defined to be the physical process of moving
 or manipulating the parts of the musical instrument to produce sounds. The analysis of the
 control of musical instruments was done in an early stage of this work and only


summarized here. Some general reflections on the control of musical instruments can be
 found in [Jensen 1996a], and an overview of the control of the violin can be found in
 [Jensen 1996b]. This research is the basis for the constitution of the database of musical
 instrument sounds, and the classification of the sounds in families of intensity, style, or
 other parameters, such as the speed of the bow of the violin.


In mainstream computer-based music, control is generally achieved with the Musical
Instruments Digital Interface (MIDI) interface [IMA 1983]; most often through a piano



(24)[Moore 1988] criticized the “degree of control intimacy” of MIDI. Several replacements
 have been proposed without success, see for instance [ZIPI 1994].


Much other work in control of musical instruments, or gesture research, has been done.


[Vertegaal et al. 1996] stresses the importance of a “tight relationship between the
 musician and the instrument.” [Wanderley et al. 1998] present their work in gestural
 research, as well as the gestural research discussion group, which they manage.


A system which is perhaps comparable to acoustic instruments is presented in [Cadoz et
 al. 1984], [Cadoz et al. 1990]. The haptic interface, which gives sensory feedback to the
 performer, seems to enhance intimacy considerably.


[Jensen 1996a] argues that even though there are many dimensions to the control of a
 musical instrument, the performer concentrates only on a few of the controls at any given
 time. An argument for or against this hypothesis can perhaps be found in the literature on
 human reaction time. [Leonard 1959] did a much-cited work in which he studied the
 reaction time when one or several fingers were stimulated with a 50 Hz vibration. His
 results show “a difference between simple reaction time and two-choice times, but no
 systematic differences between 2, 4, or 8 choices.” This would imply that a human could
 react to 8 choice stimuli just as fast as to 2 choice stimuli. His results were not replicated in
 a later study, [Hoopen et al. 1981], which shows that the reaction time increases with the
 number of choices. This increase in reaction time is not present however, if the stimulus is
 strong. Other results from this research include the reaction time as function of


stimuli/reaction location [Hasbroucq et al. 1986] and as a function of stimuli intensity
 [Hasbroucq et al. 1989]. The results are that the reaction is faster when the stimulus is
 strong, and when the reaction comes from the same location as the stimuli. The reaction
 times are generally between 200 and 500 mS. The potentially difficult choice of haptic
 feedback to the performer can be simplified by studying the physical reaction literature.


The reaction time literature can also be of use when designing the real-time interface
 between the performer and the synthetic musical instrument. More research is needed,
 however, before enough conclusions can be made. This issue is not further pursued, since
 the real-time issue is not investigated in this work.


[Friberg 1991] and [Friberg et al. 1991] introduced rules for the improvement of
computer performance, which can give information on the most important expression
parameters.



(25)The control of a musical instrument is intimately related to the structure of the
 instrument and the production of the sound. Some good textbooks on the acoustics of
 musical instruments are [Backus 1970] and [Benade 1990] and [Fletcher et al. 1993].



2.3. Timbre Dimensions


Timbre is defined in [ASA 1960] as that which distinguishes two sounds with the same
 pitch, loudness and duration. This definition defines what timbre is not, not what it is.


Timbre is generally assumed to be multidimensional. For the sake of simplicity, it is
 assumed in this work that timbre is the perceived quality of a sound, where some of the
 dimensions of the timbre, such as pitch, loudness and duration, are well understood, and
 others, including the spectral envelope, time envelope, etc., are still under debate. In most
 research, however, the pitch, loudness and duration are dissociated from the timbre.


In general, it is accepted that the frequency/perceived pitch scale, or amplitude/


perceived loudness scale, is not linear [Handel 1989]. It is interesting to model the
 perceptive scale, since the values of the model would have a more intuitive scale, and the
 errors in the modeling would be perceptually minimized. For some parameters, such as the
 pitch, this effect is not modeled here, since there already exists an accepted musical scale,
 the 12 tones per octave scale.


Future work which models non-harmonic, non-acoustic instruments could potentially
 have much use of the frequency/perceived pitch and the amplitude/perceived loudness
 scales.


In this work, it is assumed that timbre models two different aspect of the sounds: The
 identity of the sound and the expression of the sound.


The identity of a sound is the ability to recognize a sound as the sound of, for instance, a
 piano, and the expression of a sound is the ability to recognize the sound as a high-pitched
 piano, or a soft piano, for instance.


Here, a survey of literature on timbre is presented. The conclusion of this survey will
 help in designing the models of the timbre.


2.3.1. Identity


The identity of a sound is defined in this work as the timbre cues that make possible the



(26)player of the instrument that produced the sound, the location of the instrument or the
 media that distributed the sound.


The difficulty of timbre identity research is often increased by the fact that many timbre
 parameters are more similar for different instrument sounds with the same pitch, than for
 sounds from the same instrument with different pitch. For instance, many timbre


parameters of a high pitched piano sound are closer to the parameters of a high-pitched
 flute sound than to a low-pitched piano sound. Nevertheless, human perception always
 identifies the instrument correctly.


2.3.2. Pitch, Loudness and Duration


Pitch, loudness and duration are the most common expression parameters used for
 isolated sounds in music. Pitch defines the perceived note of the sound, loudness the
 perceived intensity of the sound and duration the length of the sound [Lindsay | 1977].


Pitch is in its simplest form seen as the fundamental frequency; this is the model
 adopted here. When the fundamental frequency is missing, it can be recreated from the
 difference of higher harmonic overtones.


Intensity is most often expressed in dB, sometimes in perceived dB, which is called
 phon, where the intensity at a given frequency is the same as the intensity at 1kHz. The
 sound also has an auditory threshold, under which it can no longer be perceived, and a pain
 threshold. Additionally, the dB scale can be converted to the loudness scale in sones. This
 scale indicates that the same change in dB doesn’t give the same perceived change in sones
 in low intensities as in high intensities. See [Handel 1989] for more details. The intensity is
 measured in linear scale throughout this document.


Duration is here expressed in milliseconds (mS); it is the length of the sound. No
 attempt has been made to find the perceived duration although it is believed that this work
 finds attack onsets close to the perceived onset. See [Gordon 1987] for a study of the
 perceptual attack time.


Research which aim is to understand the basic mechanism in hearing has been pursued
for many years [Møller 1973]. This has given rise to more elaborate models, which take
into account the functioning of the auditory system [Meddis et al. 1991a].



(27)2.3.3. Dissimilarity Tests


The dissimilarity test is a common method of finding similarity in the timbre of
 different musical instruments. The dissimilarity tests are performed by asking subjects to
 judge the dissimilarity of a number of sounds. A multidimensional scaling is then used on
 the scores, and the resulting dimensions are analyzed to find the relevant timbre quality.


[Grey 1977] found the most important timbre dimension to be the spectral envelope.


Furthermore, the attack-decay behavior and synchronicity were found important, as were
 the spectral fluctuation in time and the presence or not of high frequency energy preceding
 the attack.


[Iverson et al. 1993] tried to isolate the effect of the attack from the steady state effect.


The surprising conclusion was that the attack contained all the important features, such as
 the spectral envelope, but also that the attack characteristics were present in the steady
 state. Later studies [Krimphoff et al. 1994], refined the analysis, and found the most
 important timbre dimensions to be brightness, attack time, and the spectral fine structure.


[Grey et al. 1978], [Iverson et al. 1993] and [Krimphoff et al. 1994] compared the
 subject ratings with calculated attributes from the spectrum. [Grey et al. 1978] found that
 the centroid of the bark [Sekey et al. 1984] domain spectral envelope correlated with the
 first axis of the analysis. [Iverson et al. 1993] also found that the centroid of the spectral
 envelope, here calculated in the linear frequency domain, correlated with the first
 dimension. [Krimphoff et al. 1994] also found the brightness to correlate well with the
 most important dimension of the timbre. In addition, they found the log of the rise time
 (attack time) to correlate with the second dimension of the timbre, and the irregularity of
 the spectral envelope to correlate with the third dimension of the timbre. [McAdams et al.


1995] further refined this hypothesis, substituting spectral irregularity with spectral flux.


The dissimilarity tests performed so far do not indicate any noise perception. [Grey
 1977] introduced the high frequency noise preceding the attack as an important attribute,
 but it was later discarded in [Iverson et al. 1993]. This might be explained by the fact that
 no noisy sounds were included in the test sounds. [McAdams et al. 1995] promises a study
 with a larger set of test sounds. It might also be explained by the fact that the most


common analysis methods doesn’t permit the analysis of noise, which then cannot be
correlated with the ratings.



(28)2.3.4. Verbal Attributes


Timbre is best defined in the human community outside the scientific sphere by its
 verbal attributes. [von Bismarck 1974a] had subjects rate speech, musical sounds and
 artificial sounds on 30 verbal attributes. He then did a multidimensional scaling on the
 result, and found 4 axes, the first associated with the verbal attribute pair dull-sharp, the
 second compact-scattered, the third full-empty and the fourth colorful-colorless. The dull-
 sharp axis was further found to be determined by the frequency position of the overall
 energy concentration of the spectrum. The compact-scattered axis was determined by the
 tone/noise character of the sound. The other two axes were not attributed to any specific
 quality.


2.3.5. Noise


The noise of a musical instrument, or of any sound, is in itself a multidimensional
 attribute. Much work on the noise of the human voice has been done. [Richard 1994] offers
 a survey of speech noises. [Klingholz 1987] divides the aperiodic component into 2 types.


The first type consists of the additive noises, which are colored or white noise, and not
 correlated with the pitched sound. Additive noises are either transients, or quasi-stationary.


The other noise component is the random fluctuation of the fundamental frequency, jitter,
 and the random fluctuation of the amplitude, shimmer. Still another noise type is the
 change of waveform, which [Klingholz 1987] calls structural noise, but which is generally
 called aperiodicity.


For musical instruments, noise can be divided into additive noises, jitter, shimmer, and
 aperiodicity [McIntyre et al. 1981].


2.3.6. Roughness


Another important timbre attribute is roughness [Terhardt 1974]. Roughness is a
 measure of fast beats between two partials of the sound, which have the perceptual quality
 roughness. It is closely related to dissonance-consonance [Plomb et al. 1965]. The


roughness, or dissonance, is most often used in the analysis of the consonance of two or
 more sounds, but it is equally applicable in the analysis of the roughness of one sound.


Roughness is related to the theory of critical bands [Zwicker et al. 1957], in that the
partials that create the beat must be in the same critical band. Therefore, roughness is
assumed to be zero in a harmonic sound with a fundamental frequency above 262 Hz
[Terhardt 1974]. Roughness is not used in this work, although it seems promising in the



(29)modeling of the transient of for instance the clarinet, where spurious frequencies
 sometimes increase the perceived roughness in the attack.



2.4. Additive Model


The additive model has been chosen in this work for the known analysis/synthesis
 qualities of this model. Many analysis/synthesis systems using the additive model exists
 today, including SMS [Serra et al. 1990], the lemur program [Fitz et al. 1996] and the
 diphone program [Rodet et al. 1997]. Other methods investigated include the physical
 models [Jaffe et al. 1983], the granular synthesis [Truax 1994], and the wavelet analysis/


synthesis [Kronland-Martinet 1988].


The additive model is well suited for the analysis of pitched sounds. In this model, the
 sound is supposed to be the sum of a number of sinusoidals with time-varying amplitude
 and frequency,


sound(t)= ak(t) * s i n ( k( )


=0



∫
t + 0, k
 k=1


∑
N ) (2.1)

The sinusoidals are denoted partials which corresponds to harmonic overtones when the
 sound is harmonic. Then the frequencies of the partials are multiples of the fundamental
 frequency.


The frequency of the harmonic partials is equidistant in the frequency domain. The first
 many harmonic overtone frequencies fall close to the notes in the 12-tone/octave scale.


The relation between the strong overtones of compound musical sounds is what defines the
 consonance of the interval [Kameoka et al. 1969].


The additive parameters are best viewed in a three-dimensional plot, as shown in figure
 2.1, where the axes are time, frequency, and amplitude.


The lines in the plot indicate the evolution of the amplitude and frequency of each
partial. This plot shows a test signal which is harmonic with a fundamental frequency of
100 Hz.



(30)All frequencies are static and the partial
 frequencies are 100, 200, 300, 400, 500, 600,
 700 and 800 Hz.


The closest line (to the left) is the
 fundamental. The amplitude of the


fundamental is first zero for 100 mS, then it
 follows a linear slope from 1500 to 500 for
 800 mS and then it is zero for another 100 mS.


The amplitude of the seven upper partials is
 half of the amplitude of the preceding partial.


The total duration of the sound is 1 second.
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Figure 2.1. Additive parameters plot. The x axis
 is time in mS, the y axis is frequency in Hz and the z
 axis is amplitude.


2.4.1. Time-Frequency Analysis


The additive parameters are found by a time/frequency analysis. In the time/frequency
 analysis, the amplitudes and frequencies are estimated at each time step. A time resolution
 and a frequency resolution are involved in the time/frequency analysis. Rather than talk
 about frequency resolution, frequency discrimination is often a more valid criterion.


Unfortunately, time resolution and frequency discrimination are mutually incompatible,
 which means that if a better time resolution is sought, then a worse frequency


discrimination is obtained. In general terms, a better time resolution is obtained for higher
 fundamental frequencies of harmonic sound, which is in accordance both with the fact that
 the higher frequencies generally have faster attack times (see the analysis of the IDA
 model parameters in Chapter 9), and that frequency spacing is larger for these sounds. The
 time resolution should be at least as good as the fastest transient time under analysis, in the
 order of a few mS.


2.4.2. Phase


There have been many debates on the importance of the relative phase of the


sinusoidals. The survey of the literature is not facilitated by the confusion of initial phase
and running phase (beats). Only the initial phase are studied here. This corresponds to  0,k
in equation (2.1). Early research on the functioning of the ear had two opposing views, the
frequency domain model, which states that phase differences cannot be heard, and the
temporal model, which states that phase is important.



(31)Perceptive experiments, cited below, involving two, three or more sinusoidals are
 formal. The phase is important. [Plomb et al. 1969] resumes the previous research, and
 performs additional experiments. His conclusion is that phase difference can be heard, and
 he further compares the maximum effect of phase change to the perceptual difference of
 three close vowels. He also concludes that the phase effect is greater for low frequencies.


[Buunen 1976] uses the phase to compare envelope detection and finds that envelope
 detection in the human can be described as a low-pass filter with a cut-off frequency of
 between 30 and 100 Hz. This translates into a better envelope detection if the envelope is
 slow, or if the envelope change is large.


[Paterson 1987] makes additional experiments and further models phase sensitivity and
 [Meddis et al. 1991b] offer a refined model of the auditory system, which explains at least
 some of the phase effects. This model replaces the early temporal peak-picking methods
 for fundamental frequency estimations with a series of autocorrelations of band-pass
 filtered signals. The argument is that the ear is mostly phase sensitive only within
 frequency channels. Paterson experiments involve phase sensitivity as a function of
 fundamental frequency, harmonic number, level, and duration. His conclusions are “a) the
 timbre of musical notes below middle C on the keyboard depends on component phase
 relations, and b) the quality of most mens’ voices and many womens’ voices depends on
 component phase relations.” [McAuley et al. 1986] seems to reach the same conclusions in
 their work on analysis/synthesis using additive parameters.


Although the initial phase is important to the perception of a sound, “this effect is quite
 weak, and it is generally inaudible in a normally reverberant room where phase relations
 are smeared” [Risset et al. 1982].


In conclusion, the initial phase seems important for timbre perception in low


frequencies (below middle C, 262 Hz), at least in a non-reverberant listening situation.


Unfortunately, neither the initial phase, nor phase coupling, has been modeled in this
 thesis. It is therefore labeled future work.



2.5. Database


To have some material to analyze, it is necessary to have a database of sounds. Several
such databases are available on the commercial marked; the most widespread is probably
the McGill University Master Samples (MUMS) [Opolko et al. 1988].



(32)Commercial musical instrument databases do not generally have different tempi,
 intensity or style for the full playing range of a musical instrument. New recordings were
 therefore judged necessary.


Based on the preliminary research in timbre and control, a selection of different musical
 instruments from different families has been recorded. The facilities and material can be
 called semi-professional, all recordings being done on DAT and transferred digitally to the
 computer network. Some of the performing musicians were professional and some were
 amateurs. This doesn’t seem to influence the quality of the recordings much, since the
 material is essentially non-musical.


The instruments in the database are the violin, the viola, the cello, the saxophone, the
 clarinet, the flute, the soprano voice and the piano. Some of the instruments, such as the
 violin, have many degrees of physical freedom; the speed, force angle and direction of the
 bow is only a small subset. Others instruments only have a few degrees of physical


freedom; the piano player, for instance, can influence only the position, or the speed, of the
 key(s), and the pedals.


The recording details can be found in appendix A.



2.6. Conclusions


The sound of the musical instrument can be qualified by the timbre or the identity and
 the gestures. Gestures associated with musical instruments are well defined by common
 musical terms, such as note, loudness, tempo or style. Timbre defines the identity and the
 expression of a musical sound. It seems to be a multi-dimensional quality. Generally,
 timbre is separated from the expression attributes pitch, loudness, and length of a sound.


Furthermore, research has shown that timbre consists of the spectral envelope, an
 amplitude envelope function, which can be attack, decay, or more generally, the


irregularity of the amplitude of the partials, and noise. Other perceptive attributes, such as
 brightness and roughness, can also be helpful in understanding the dimensions of timbre.


The quasi-harmonic musical instrument sounds are generally well defined by their
additive coefficients, which, in a listening situation without reverberation, should retain the
phase relations if the fundamental frequency is below middle C (262 Hz).
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Chapter Three



3. Fundamental Frequency Estimation


In this chapter the estimation of the fundamental frequency of a musical sound is
 presented. The fundamental frequency is generally seen as the frequency of the first strong
 partial (the fundamental), or as the frequency difference between two adjoining harmonic
 overtones. The frequency differences are used to find the fundamental frequency here and
 the estimation of the fundamental frequency of quasi-harmonic sounds is improved in this
 work by fitting the estimated frequencies to the ideal quasi-harmonic frequencies. A
 fundamental frequency tracker is also introduced. Furthermore, an estimation of strong
 frequencies present in a musical sound is presented. The strong frequency estimations
 found in this chapter are used in the time/frequency analysis in the next chapter.



3.1. Introduction


The fundamental frequency of a musical sound is an important timbre attribute. The
fundamental frequency is here found by matching a stretched harmonic curve to the
frequencies of the partials found by the Fast Fourier Transform (FFT) analysis. Not all
stretched harmonic components are found by the initial FFT analysis. Those not found are



(35)reinserted, and the non-harmonic partials are removed before the curve fitting. The
 frequencies extracted from the stretched curve along with the strong non-harmonic
 components are used as the basis for the estimation of the time-varying frequency and
 amplitude of the partials.


Several algorithms for the estimation of fundamental frequency have been presented in
 the last few decades. The fundamental frequency estimation can be done in the time
 domain [Rabiner et al. 1976], [Rabiner 1977], [Kroon et al. 1990], the cepstrum domain
 [Noll 1967], or the frequency domain [Doval et al. 1991]. [Freed et al. 1997] proposes a
 database of a wide range of sounds for the objective comparison of pitch estimation
 techniques.


The frequency domain estimation of the fundamental frequency seems to be


predominant today, and an implementation of a frequency domain fundamental frequency
 estimator is presented here. The general idea is to estimate the fundamental by the


difference in frequency of the neighboring harmonic components. This standard method
 for the estimation of fundamental frequency is improved in this work by matching a
 perfect stretched harmonic curve to the estimated quasi-harmonic partial frequencies.


This chapter starts with the estimation of the FFT candidates in section 3.2, the
 fundamental frequency estimation is presented in section 3.3, and the quasi-harmonic
 frequencies are estimated in 3.4, along with non-harmonic components, which are here
 called the spurious frequencies. The pitch tracker is presented in section 3.5, and the
 chapter ends with a conclusion.



3.2. FFT candidates


The FFT candidates are found by performing an FFT on a strong segment of the sound,
 and estimating the frequencies and amplitudes of the peaks of the absolute of the FFT.


Weak peaks close to stronger peaks are removed by a line that imitates the masking of the
 auditory system. Although the sounds are supposed to be pseudo-harmonic, no such
 hypothesis is used in the FFT analysis. All candidates that are strong enough are saved.


The frequency and amplitude estimation is improved by interpolating between frequency
bins. More details on the FFT can be found in, for instance, [Steiglitz 1996] and [Press et
al. 1997].



(36)3.2.1. Frequency and Amplitude Estimation


The estimation of strong partials is done through the Fast Fourier Transform (FFT) on a
 strong segment of the sound. The strong segment is defined as being the segment after the
 strongest segment in the sound. This is usually the segment after the attack segment. This
 segment is used, since there is often too much transient behavior in the attack segment.


The FFT is a fast implementation of the discrete Fourier transform,
 yn = skei 2 nk / N


k=0
 N−1



∑
 (3.1)

where sk is the discrete time signal and n is the frequency bin index, from which the
 frequency can be calculated,


fk =srn / N (3.2)


sr is the sample rate. The inverse discrete Fourier Transform is defined as,
 sn = 1


N yke−i 2 nk / N


k=0
 N−1



∑
 (3.3)

In general, the time signal is multiplied by a window to avoid discontinuity effects,


yk = FFT(sk⋅hw) (3.4)


In this work the window used is a hamming window [Harris 1978],


hw =0.54−0.46cos(2 k /(N−1)) (3.5)


When the frequency domain signal  yk is available, the frequencies and amplitudes can
 be found simply by looking for maximums of the absolute value of  yk. When a maximum
 is found in iy then,


fk =sriy/ N (3.6)


and,


ak = yk(iy) (3.7)


As can be seen, the frequency resolution is dependent on the blocksize  N . A better
 frequency resolution can be obtained by interpolation if a gauss window is used,


hw =e−


(k−N
 2)2


2 2 (3.8)



(37)Then it can be shown that, if we know the maximum in the FFT domain, iy, the
 maximum is displaced by,


cor = 0 . 5 * ( l o g (yk(iy−1) )−log( yk(iy +1) ))


(log( yk(iy−1) )−2 . 0 * l o g (yk(iy) )+log( yk(iy+1))) (3.9)
 and the new frequencies and amplitudes are,


fk = sr(iy +cor)


N (3.10)


ak = exp(log( yk(iy) )−0 . 2 5 *cor *(log( yk(iy−1) )−log( yk(iy+1) )) (3.11)
 This interpolation is helpful, even if a gauss window is not used. Initial comparisons
 indicate that the frequency estimation is improved by the same order of magnitude as using
 two FFTs one sample apart and calculating the frequency from the phase differences.


Other methods of decreasing the errors of the frequency estimation can be found in [Quinn
 1994].


When a maximum is found, the frequency domain vector  yk is set to zero below iy
 while the derivative is positive, and above iy when the derivative is negative. The search
 for maximums continues until more than M partials have been found, or until the partial is
 weaker than a ratio times the strongest partial.


3.2.2. Masking


In order not to get too many unusable
 partials, here called spurious partials, which
 are usually found close to the quasi-harmonic
 partials,  yk is superposed by a window wy,
 which is 0.9 multiplied with the maximum of


yk over 2 *wsz samples. This puts a line
 slightly below the maximum of the partials,
 but above the noise and most of the spurious
 partials. The FFT-based peak search is


illustrated in figure 3.1 for a piano sound. The
 x-axis is the frequency and the y-axis is the
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Figure 3.1. FFT-based peak search for a piano
sound. Found peaks are marked with a ‘+’. The
solid line below the peaks is the masking line.



(38)The plus signs denote the amplitudes and frequencies of the partials found. The spurious
 frequencies and noise are generally placed below the masking line. The line imitates the
 auditory masking of weak partials [Small 1959], [Schroeder et al. 1979]; however, the goal
 is not to estimate only perceived partials, but to eliminate noise, since weak partials can
 become perceptible by some subsequent processing of the data.


Unfortunately, the masking sometimes
 leaves some undesired spurious partials in the
 analysis.


The FFT candidates for a piano sound can
 be seen in figure 3.2. The x-axis is the
 frequency, and the y-axis is the amplitude.


The strong, harmonic partials of the sound are
 easy to see above the noise floor. The weak
 partials below strong partials are generally
 spurious partials, or sometimes very weak
 harmonic partials in between stronger partials.


1000 2000 3000 4000 5000 6000 7000 8000 9000 10000 11000
 10-2


10-1
 100
 101
 102


frequency (Hz)


Amplitude


Figure 3.2. FFT candidates for the piano sound.


The high frequency partials seem to be close to the noise floor, although many of them
 have the correct frequency.


The next sections indicate the method developed in this work to find the fundamental
 frequency, the harmonic components, and other non-harmonic partials that are strong
 enough to be perceived (spurious partials).



3.3. Fundamental frequency estimation


The initial frequency candidates are here used to estimate the fundamental frequency.


The process is as follows. First, only the frequencies whose amplitude is above a certain
threshold are used. Next, the frequency differences are calculated, using the first frequency
as the first difference. Then, all frequency differences that lie outside a percentage of the
mean frequency are removed. The percentage is lowered and the process is repeated until
the percentage is low enough. The mean of the filtered frequencies is the first estimation of
the fundamental frequency. This estimation is used to add missing harmonic frequencies
and remove non-harmonic frequencies from the FFT frequency candidates. The resulting
frequencies are now the overtones of a quasi-harmonic sound. By quasi-harmonic is meant
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