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32. Perception of Timbre and Sound Color

Albrecht Schneider

This chapter deals with perception of timbre or
sound color. Both concepts can be distinguished
in regard to terminology as well as to their histor-
ical and factual background even though both
relate to some common features for which an
objective (acoustic) basis exists. Sections of this
chapter review in brief developments in (tradi-
tional and electronic) musical instruments as well
as in research on timbre and sound color. A sub-
chapter on sensation and perception of timbre
offers a retrospective on classical concepts of tone
color or sound color and reviews some modern
approaches from Schaeffer’s objet sonore to se-
mantic differentials and multidimensional scaling.
Taking a functional approach, acoustical features
(such as transients and modulation) and percep-
tual attributes of timbre as well as interrelations
between pitch and timbre are discussed. In a final
section, fundamentals of sound segregation and
auditory streaming are outlined. For most of the
phenomena covered in this chapter, examples are
provided including sound analyses obtained with
signal processing methods.
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32.1 Timbre and Sound Color: Basic Features

32.1.1 Terminology: Timbre and Sound Color

Timbre is a French word that denotes a stamp (e.g.,
timbre fiscal = revenue stamp), a brand, a sound or
a sound color. The French Encyclopédie has an en-
try timbre (T. 16, 1765, 333) that contains several
musically relevant annotations, namely timbre as re-
ferring to snare strings on a drum skin, timbre as the
resonant state of a bell, timbre of a voice or of a mu-
sical instrument. In his article on son (tone, sound;
Encyclopédie, T. 15, 1765, 345; for historical aspects
see [32.1, 2]), Rousseau had used the term timbre as
covering a third property of sounds besides tone height
(le degrè d’élevation entre le grave & l’aigu) and inten-
sity expressed as the degree de véhémence entre le fort
& le foible. Timbre then is the quality of a sound that
results from an evaluation in regard to dullness – shrill-

ness or softness – brightness (du sourd à l’éclatant, ou
de l’aigu de doux; the scaling of timbre thus is from
sourd and doux to éclantant and aigu). The term timbre
as it occurs in textbooks on orchestration [32.3, 4] de-
notes an integral quality of sound as produced by, and
attributed to, certain instruments. These were classified,
first by Mahillon [32.5–8] and then by Hornbostel and
Sachs [32.9], according to physical principles of sound
production, in the first place. The classification offered
by Mahillon, based on the huge collection of instru-
ments housed in the Brussels Conservatory of music,
comprised:

1. Autophones
2. Instruments à membranes
3. Instruments à vent
4. Instruments à cordes.

© Springer-Verlag GmbH Germany 2018
R. Bader (Ed.), Springer Handbook of Systematic Musicology, https://doi.org/10.1007/978-3-662-55004-5_32

https://doi.org/10.1007/978-3-662-55004-5_32


Part
D
|32.1

688 Part D Psychophysics/Psychoacoustics

Hornbostel and Sachs have the same four classes
(labeled idiophone, membranophone, chordophone,
aerophone), however, in a different order (and with sig-
nificant differences of grouping within each class) that
reflects the physical principles involved more clearly.
In general, idiophones viewed as vibrating bodies con-
sist of three-dimensional structures (rods, bars, plates,
shells), membranes such as drum skins are – ideally –
two-dimensional (neglecting their thickness), and thin
strings have been treated as one-dimensional in the
seminal work of Bernoulli and Euler so that longitudi-
nal, transversal and torsional vibration can be covered
by second-order differential equations [32.10, 11]. Fi-
nally, aerophones such as flutes, for the lack of shearing
forces between molecules in air columns, only allow
longitudinal vibration.

Referring to the principles and materials of sound
production, Gevaert [32.3, p. 5] for example states that
the timbre of wind instruments (instruments à vent) is
determined by the geometry (length, diameter, bore pro-
file) of the tube, on the one hand, and by the mechanism
by which the air inside the tube is set to vibration, on the
other. Gevaert correctly points to a regular sequence of
pulses (battements) necessary for making the air col-
umn vibrate, and he also mentions three basic types
of pulse generator (edge tone, valves formed by either
beating reeds or the lips pressed into a mouthpiece)
as are used for sound production in flutes, reeds, and
brass instruments respectively. Further, he attributes the
timbre moelleux (soft timbre) of the French horn to
the conical shape of the mouthpiece. Gevaert [32.3,
p. 18] found that bowed strings are the soul of instru-
mental music since they have a timbre pénétrant et
riche. Berlioz [32.4, p. 21] judged that the sons har-
moniques of the lowest (fourth) string of a violin ont
quelque chose du timbre du Flûte; ils sont préférable
pour chanter une mélodie lente. The point of interest
here is that timbre is regarded as a unique and integral
quality (e.g., timbre du Flûte), though this may be lim-
ited to a certain register or to tones played on a certain
string. In this respect, Forsyth [32.12, p. 480], in his
textbook on orchestration, argues the D (second) string
of the cello, of all the soft, silky sounds in the orchestra,
it is the softest and silkiest.

The unique and consistent timbre attributed to cer-
tain instruments or to their parts such as individual
strings or pipe ranks (as in organs) is expressed, in
the English language, by terms like tone quality, tone
color or sound color. Likewise, these terms are used in
German (Klangfarbe, Tonfarbe). Timbre is often used
synonymously for sound color though there seem to be
some differences between the phenomena covered by
these terms in that sound color predominantly refers
to a certain spectral structure while timbre, at least in

more recent research, can cover spectral as well as tem-
poral aspects (Sect. 32.1.2). Fundamental to both terms
is the experience that sounds can have a distinct sen-
sory quality that, though perhaps not independent of
other qualities, in particular pitch and loudness, can-
not be accounted for as a function of either pitch or
loudness alone or as a simple combination of both. Con-
sequently, there seems to be information encoded in the
sound structure that gives rise to sensations of timbre
in addition to information pertaining to pitch and to
loudness.

32.1.2 Objective Basis of Timbre
and Sound Color

In line with the realist and causal perspective taken
in Chaps. 30 and 31, timbre and sound color are re-
garded as sensory experiences deeply rooted in natural
foundations. These are physical, on the one hand, and
anatomical as well as physiological, on the other. In an
evolutionary perspective, various animal species (from
insects and amphibians to birds and mammals) show re-
markable diversity in regard to organs suited to perform
sound production as well as sound perception (articles
in [32.13–15]). Many vocalizations serve to commu-
nicate information (Tembrock [32.16] and articles in
Witzany [32.17]). The degree of structural and func-
tional complexity reached in birdsong [32.18, 19] and in
whale songs [32.20] is particularly striking in regard to
the large and diverse song repertoire of certain species
involving learning and memory as cognitive capaci-
ties as well as communication networks operated by
two or more members of a certain species. In addition,
interspecies sound communication is known from bio-
acoustical observations. The songs of birds and whales
comprise complex sound patterns (take, for example,
songs of the nightingale and of the humpback whale),
which vary considerably in spectral content over time.
In this respect, it can be said that these sounds make
use of timbral qualities as a means of communication.
There are parallels in human speech and singing in
that different phonation (resulting in different spectral
energy distribution and formant structure) can convey
different emotional states as well as the intentions of
a person speaking or singing [32.21].

Sound production and sound perception in ani-
mals (including humans) is based on acoustical prin-
ciples [32.21–23] even though these are implemented
into organic biosystems. In fact, one can give a de-
scription of the vocal tract of humans in terms of
anatomical structure and functional aspects of muscles,
nerves, etc. in the phonation process. Further, one may
go into the acoustics of phonation in terms of genera-
tor and resonator geometry, air flow and pulse sequence
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Force Fig. 32.1 Model of an aerophone
(pulse generator coupled to a tube-like
resonator)

generation at the vocal folds as well as resonance phe-
nomena taking place in the mouth cavity [32.21, 24] etc.
Quite obviously, there are also parallels between the
structure and function of the human singing voice and
a host of musical instruments classed as aerophones.
Gevaert [32.3] rightly attributed the timbre of wind
instruments to a combination of a valve-like pulse gen-
erator and a resonator in which an air column is set to
vibration. Taking the general model of such a generator
coupled to a resonator, the scheme in Fig. 32.1 can be
drawn.

In this basic model, a source (a person breathing air)
drives a generator by supplying a force, which in this
case is air flowing at a certain speed and with a cer-
tain pressure. The flow is periodically interrupted either
by a small jet of air being bend inward and outward of
a sharp edge (e.g., the labium of an organ flue pipe), or
by valves that are (partially or completely) opened and
shut to produce pulses of air released into the resonator.
A single reed (as in the clarinet) or double reeds (as in
the oboe) or the lips pressed into a mouthpiece (as in
the trumpet, trombone, French horn, etc.) can serve as
the valve in the generator. The sequence of pulses trav-
eling through the length of the resonator (a cylindrical
or conical tube) partially is reflected at the end oppo-
site the generator so that standing waves are formed
inside the tube where natural modes of vibration are
excited. Without going into details, which are intricate
because the generator parameters include quite many
nonlinearities [32.11, 25], one can see that the behav-
ior of such a generator-plus-resonator system depends
on the geometry of its parts, on the input parame-
ters (input impedance of the valve, blowing pressure
and speed, air flow through the valve, input impedance
of the tube, etc.) and on the coupling of the genera-
tor to the resonator. The interaction between the two
maintains the regeneration cycle needed for continu-
ant tones. In regard to the geometry of resonators, it
has been demonstrated [32.26] that a resonator treated
as a Bessel horn produces a series of natural mode
frequencies so that higher mode frequencies are mul-
tiples of the lowest only if the Bessel function Jx yields
either xD 0 (cylinder) or xD 2 (conical tube). The clar-
inet has a cylindrical tube almost closed at one end
by the valve so that the resonator predominantly re-
sponds to odd harmonics; the clarinet overblows into

the twelfth, which is the fifth above the octave (the
third harmonic [32.27, p. 115–125]), while the oboe
(where the bore is close to a cone slightly truncated
near the reed generator) overblows into the octave. For
the tones in between, finger holes are provided on both
instruments. Since also the number of modes excited
in the resonator differs between woodwinds (for the
same pitch played with similar force of excitation ap-
plied), different spectral energy distributions result that
are perceived as differences in sound color or timbre.
For instance, sounds recorded from a number of wood-
winds playing the same note (C4) with moderate force
of excitation have spectra that differ in the number and
strength of partials (Fig. 32.2).

The sounds analyzed with a phase vocoder algo-
rithm (equivalent to putting the sounds through a bank
of band pass filters tuned to f1 of the sounds [32.28]) are
samples of the following instruments (left to right): bas-
soon 1, bassoon 2, bass clarinet, clarinet, oboe, concert
flute. The spectral centroid (Sect. 30.2) for these sounds
varies from� 680Hz (bassoon 1) and 880Hz (bassoon
2) to 2:4 kHz (bass clarinet) and 2:55 kHz (clarinet); the
centroid for the oboe sound is 1:42 kHz while, for the
flute, the centroid is identical with f1 (261:6Hz). Thus,
for a performer or listener the sounds in question differ
significantly in brightness when playing the same note.
What distinguishes tones produced by different instru-
ments such as the bassoon, the clarinet, the oboe, etc.
in the steady-state portion of sound after the transient
part is the shape of the spectral envelope and, thereby,
the distribution of spectral energy covered by the en-
velope. The spectra of wind instruments controlled by
a valve as pulse generator have been said to approach
a cyclic structure with maxima that can be interpreted as
formants [32.29–31]. A condition necessary for a per-
fect cyclic spectrum would be a series of rectangular
pulses with a duty cycle of �=T (� = pulse width and T =
pulse period) that yields small integer ratios; amplitudes
of partials then conform to a sinc function .sin x/=x
where zeros are at n�=T D 1; 2; 3; : : : ; k [32.32, p. 40 f.]
(Fig. 32.3).

Spectra approaching a cyclic structure to some de-
gree can be recorded from reed instruments such as the
oboe; in Fig. 32.4, the spectrum of the tone C4 played
(mf ) on a baroque oboe is shown. In addition, the spec-
tral envelope calculated from a formant filter analysis

http://dx.doi.org/10.1007/978-3-662-55004-5_30
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Fig. 32.2 Spectra of various wood-
winds (from left to right: bassoon
1, bassoon 2, bass clarinet, clarinet,
oboe, flute) all playing the note
C4 (phase vocoder analysis, base
frequency = 261:6 Hz). Relative
amplitude of partials indicated by
grayscale (white = low, black = high
amplitude)
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Fig. 32.3 Sinc function as a model for
the envelope of a cyclic spectrum

is plotted in the same graph. One can see three groups
of partials at � 0�1:8 kHz, 1:8�3:6 kHz, 3:6�6:6 kHz
separated by relative minima; these groups are covered
by peaks of the formant filter envelope. Also, a formant
analysis performed with the Burg algorithm [32.33]
yields several tracks of formant frequencies as a func-
tion of time. In this respect, one may assign a formant-
like quality to this sound (as well as to sounds from
other reed instruments [32.34]). Even closer approxi-
mations to a cyclic spectrum can be observed in organ
reed pipes [32.35] and also in sounds recorded from
plucked strings in a harpsichord where in particu-
lar the string velocity reflects the pulse train and the
spectrum of the string velocity consequently is fairly
periodic [32.36]. Hence, the pulse generator imposes
the shape of a spectrum on the resonator, which is fixed
in geometry, in organ reed pipes and in the harpsichord,
while in reed instruments such as the oboe the length of

the air column vibrating in the bore can be modified by
means of finger holes.

The generator-plus-resonator model can also be
viewed as a generator producing a source signal fed
into a filter, that is, into the resonator (for source-
filter processing see [32.37, 38]). In terms of linear
systems [32.39, Chap. 5] and [32.40, Chap. 9], a fil-
ter of low-pass or bandpass characteristic has a certain
frequency response as well as an impulse response; the
transfer function H.!/ of a filter determines the ampli-
tudes and phases of the frequency components in the
output spectrum relative to the input spectrum. Relat-
ing bandwidth to response time, the filter response time
� of a symmetric bandpass to an input signal with rapid
onset is

� D 2 

�!
D 1

�f
:
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Fig. 32.4 Baroque oboe, spectrum
of tone C4 (mf ) and formant filter
envelope
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Fig. 32.5 Bank of bandpass filters
as analogue of resonance peaks in
instruments

Hence the response time is the inverse of the bandwidth.
The transfer function of the resonator can be modeled
by taking the resonances of the tube as the center fre-
quencies of a chain of bandpass filters (Fig. 32.5).

If we conceive of a digital filter where x.k/ is the
input signal and y.k/ is the output signal, convolving the
input signal with the impulse response of the filter, h.k/,
yields the output sequence y.k/D x.k/�h.k/. The poles
of the filter in the complex z-plane are equivalent to the
resonance maxima in the resonator (e.g., the tube of an
organ flue pipe). It is in physical modeling of musical
instruments that such concepts have been implemented
in signal processing codes.

In regard to the temporal behavior of the system,
it takes some time before a pulse sequence fed into
a tube resonator builds up standing waves, which is the
condition for sound production and radiation. This pro-

cess is particularly evident in large organ flue pipes (of
160 and 320 size), but can be observed also in smaller
pipes (of 80, see Figs. 30.17, 30.18 and [32.35]), in
large duct flutes like the Slovak Fujara (of � 160 cm
tube length [32.41]), and even in large reed pipes where
higher modes build up at their correct harmonic fre-
quencies only after several hundred ms. In Fig. 32.6,
the onset of the tone B2 (f1 � 122:3Hz) recorded from
a bassoon played with medium force (mf ) is shown.
One can see that mode no. 2 (corresponding to partial
f2 in the spectrum) is building up early while mode no.
1 needs more time and mode no. 3 as well as higher
modes start with broad spectral lobes meaning a sta-
ble regime of vibration has not yet been established for
these modes. Also, there is some noise in the transient
signal in a frequency band above � 1 kHz. The steady
state of the tone as defined by clear spectral peaks

http://dx.doi.org/10.1007/978-3-662-55004-5_30
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Fig. 32.6 Bassoon, onset of sound for a tone at f1 �
122:3Hz; 29 spectra (FFT: 4096 pts, Hanning, hop ratio
0:2)

marking harmonics as well as by a small degree of spec-
tral fluctuation is reached only after � 300�400ms.
However, a clear pitch conveyed by a number of low
harmonic partials as well as the period of the tem-
poral envelope can be perceived much earlier (within
� 100ms from onset).

The sounds from organ pipes analyzed in Sect. 30.2
and the bassoon sound (Fig. 32.6) demonstrate that, in
particular in aerophones but also in plucked and bowed
chordophones, a transient part precedes the steady state;
the transient part results because the vibrating system
(air column, string) has a certain input impedance and
exhibits inertia. Since the input impedance for a cylin-
drical tube filled with air is

Z D p

q
D p

v A
;

where p is the pressure and qD v A is the acoustical
volume current (for a plane A and particle velocity v ),
pressure has to build up beyond a certain threshold be-
fore a stable vibration pattern with standing waves and
radiation of a periodic sound signal is achieved. Conse-
quently, the transient part contains noise in the signal in
addition to the restricted number of harmonic partials
resulting from such modes that respond to the exci-
tation right from the onset. In plucked strings, as in
the harpsichord, the transient comprises both a longi-
tudinal wave preceding transversal motion as well as
a short noisy segment resulting from the interaction
of the plectrum with the string [32.36]. In strings ex-
cited with a small hammer, one can observe a short
noisy precursor signal followed first by the longitudinal

wave and then by transversal motion of the string (for
measurements of a Stein-Conrad Hammerflügel from
1793 that has delicate small hammers, thin strings and
a fast action see [32.42]). The precursor signals are
quite short (usually, t < 10ms) yet are of perceptual rel-
evance (Sect. 32.2.3).

32.1.3 Organology, Electronics, and Timbre:
Some Historical Facts

Humans evidently recognize and value different sound
qualities given the immense number and diversity of
musical instruments in use in various cultures and eth-
nic groups around the world. Exploration of the field
known today as sound color and timbre was begun, on
an empirical level, by musicians and craftsmen when
making flute, reed, brass and string instruments. Histor-
ically, highly developed instruments such as the bronze
lurs from Scandinavia [32.43] and bronze bells from
China [32.44] testify instrument makers and musicians
must have had a regard for sound quality already in
antiquity. Timbre as related to certain materials played
a significant role in Chinese tradition of instrument clas-
sification [32.45, p. 67 ff.]. Differences in sounds were
also discussed in Greek writings on music theory (as in
chapters of Aristoxenos’ treatise on music, see [32.46]).
In Roman times, several brass instruments, because
of their powerful (as well as horrible) sound, were
employed for military purposes while the first organs
(the organum hydraulicum, said to have been invented,
in Alexandria, by Ktsebios) appeared as instruments
suited to fill a theater or arena with sound [32.47].
From the Middle Ages onward, mensuration of organ
pipes perhaps led to a basic understanding of the in-
terdependence of pitch and sound color in flue pipes.
Musical instruments such as shawms, bagpipes and
the hurdy-gurdy are mentioned quite frequently in me-
dieval and Renaissance literature including remarks on
sound properties. The development of bagpipes as well
as the medieval bladder pipe not only provided players
with a continuous sounding instrument but also with
a sonorous sound quality (both chanter and drone(s)
employed single or double reeds). Similarly, the hurdy-
gurdy (which appeared in Europe around the 13th
century [32.48]), offered a performance style based on
continuous drone accompaniment plus distinct melodic
pitch sequences as well as a specific sound (result-
ing from the interaction of the turning wheel with the
strings, where the speed of the wheel and thereby the
attack on the strings can be varied). Organ disposi-
tions of the 14th century indicate that several instru-
ments already offered a contrast of two sound concepts,
namely diapason (Prinzipal) and organo pleno (Grand
orgue [32.49, p. 10 ff.]). By the end of the 15th century,

http://dx.doi.org/10.1007/978-3-662-55004-5_30
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the wall profile for the minor-third bell was discovered;
a good example is the Gloriosa, Erfurt, cast by Geert
(Gerhardus) de Wouw, in 1497. The minor third in this
particular bell has � 280 cent (the Pythagorean minor
third has 294 cent), which suggests bell founders had an
understanding of how to produce a certain spectrum by
shaping the profile of the bell’s wall. A detailed account
of the instruments in use by about 1600 was provided
by Praetorius [32.50]. The broad range of instruments
(in particular reeds) developed in the Renaissance and
the concept known as Spaltklang (split sound) real-
ized in organ dispositions (as reported in [32.50]) as
well as in ensembles demonstrates a keen sense of
timbre. In modern times, sound color (German: Klang-
farbe) became an essential feature in Western art music
as reflected in orchestration (for a comprehensive sur-
vey, see [32.51]) growing increasingly more complex in
works of the 19th and 20th century respectively. Com-
posers demanded rare or newly invented instruments
(such as the celesta employed by Tchaikovsky in The
Nutcracker or the Heckelphone in Strauss’ Salomé) as
well as unusual ways of playing (as in many works of
modern music after 1945) in order to have unique or
even perplexing sounds at their disposal. It should be
noted that the temporal and spectral characteristics of
tones played on most orchestral instruments vary con-
siderably in regard to dynamics (from pp to ff ), to the
effect that the radiation pattern and hence, the direc-
tivity of sound also changes a lot with dynamics (for
a comprehensive survey of facts and data, see [32.52]).
In this respect, the timbre is by no means constant
(besides the variation of spectral energy distribution
observed when instruments are played in different reg-
isters).

The advent of electroacoustic music brought techni-
cal sound sources (generators, oscillators) and devices
to combine and modify sources (e.g., ring modulator,
vocoder) into play [32.53–56]. The analogue (voltage-
controlled) synthesizer and digital instruments that be-
came available for common use in the 1970s and 1980s
respectively, offered even more choices for creating
complex sounds [32.56–58]. Digital synthesizers (like
the Yamaha DX 7) as well as digital samplers (like
the Akai S 1000 and the Emax II) in fact are music
computers based on signal processing technology. The
computer had been used for sound generation, by Max
Mathews and other pioneers, for about two decades be-
fore digital audio became a standard in sound recording
and music media (the CD was standardized as a dig-
ital format around 1979–1980 and introduced to the
commercial user market in 1982). Special techniques
like frequency modulation (FM) synthesis [32.59–61]
allowed both to replicate the timbre of many existing
instruments, among them idiophones like xylophones,

gongs, etc. and to create sounds with complex, time-
variant harmonic and inharmonic spectra, which were
unprecedented. Such sound material led to compo-
sitions that transcend borders between the common
categories of pitch and timbre (like Stria [32.62] by
John Chowning, Bossis [32.63] and Sect. 32.2.4).

In addition to electronic and digital sound synthesis,
all kinds of environmental and technical sounds were
put to use in musique concrète, which, as one of its
goals, considered aperiodic noises and periodic wave-
shapes as a continuum to be exploited for sound collage
techniques [32.64, 65]. A far-reaching, more general-
ized concept of sound evolved in areas of electronic
and computer music as well as in studio productions of
pop and rock music when room acoustics, multichannel
recording and reproduction and a host of audio effects
(such as artificial delay and reverb, phasing, flanging,
chorus; see articles by Dutilleux and Zölzer [32.66])
were integrated with orchestral and electronic instru-
ments as well as with analogue and digital sound sam-
ples. In consideration of these developments, it became
customary already in the 1960s to speak of, for exam-
ple, the sound of Mantovani (multiple bowed strings
deeply embedded in reverb) or the wall of sound pro-
duced by Phil Spector in pop music recordings, for
which the recipe was to have many instruments played
simultaneously in a rather small studio so that their
sounds overlay and are hardly recognizable individu-
ally since Spector added, moreover, amounts of reverb
and compressed the mix dynamically so that indeed
a very dense wall of sound is audible in recordings like
Be My Baby [32.67]. Later on, there was psychedelic
sound in which time-axis manipulation of signals such
as phasing and flanging as well as stereo panning ef-
fects figured prominently (e.g., Tomorrow: Revolution,
1967, Jimi Hendrix: All Along the Watchtower, 1968),
and then disco sound (with huge concentration of spec-
tral energy at the bottom end of the audible frequency
range and typical patterns of percussion and bass in
regard to meter and rhythm), etc. In all these sounds,
timbre played an important if not decisive role. How-
ever, sound in this respect rather is a conglomerate of
natural and artificial sound sources, effects, production
and reproduction techniques while timbre traditionally
(as in treatises on orchestration [32.12, 51]), has been
assigned to single instruments or to the voice of certain
male and female singers.

32.1.4 Research on Timbre and Sound Color:
A Brief Retrospective

Though elements of acoustics can be traced in Greek
antiquity (for example, the observation that the ten-
sion of a string determines whether the tone it pro-



Part
D
|32.1

694 Part D Psychophysics/Psychoacoustics

duces sounds dull or sharp), a more systematic ap-
proach was pursued in the 16th and 17th century when
empirical research was established along with mathe-
matical treatment of problems. Knowledge concerning
sound structure improved a lot when Beeckman and
Mersenne understood the nature of harmonic vibra-
tion that led to the discovery of partials in strings
(for which Sauveur gave a detailed description in the
years 1700–1713 [32.68–70]). From Sauveur’s pub-
lished lectures, Rameau [32.71] saw that musical tones
comprised a fundamental and its harmonics. By about
1800, it was clear to acousticians like Chladni that mu-
sical sound in general was a mixture of harmonic or
inharmonic partials. The explanation Chladni [32.72,
p. 241 ff.] gave was that elastic bodies can undergo
very many vibrations at the same time, which would
correspondingly activate many different parts of the in-
ner ear without hampering each other. Thereby, sounds
from different instruments could be perceived simulta-
neously. Chladni [32.72, Sec. 248] attributed different
sound qualities to the different materials of elastic bod-
ies consisting of organic or inorganic material (e.g.,
wood, brass, iron) and the microstructure of vibration
inside such bodies as well as in the media (fluids, solids)
through which sound propagates. Opelt [32.73, Sec. 7]
held that the quality of sounds (e.g., strings, trumpet,
flutes) or the so-called sound color (Klangfarbe) de-
pends on different kinds or shapes of pulses reaching
our ears. Opelt argued pulses and vibrations must be
complex since, in a musical instrument, all parts vi-
brate; that is, strings vibrate coupled to resonance plates
and air columns vibrate coupled to the tubes and bells
of wind instruments. The resulting sound embedded
in complex tones thereby is an aggregate of several
isochronous pulse sequences having their origin in var-
ious parts of the instrument. Moreover, the mechanism
of excitation (plucking or bowing a string, hammers in
keyboards, etc.) would result in different sound colors.

When Helmholtz, in the 1850s, began his work on
musical acoustics and psychoacoustics, he had tuning
forks and resonators as well as sirens for sound analysis.
Sets of precise tuning forks driven electromechanically
for continuant tones provided kind of an early synthe-
sizer (Rudolph Koenig, ten forks, f1 D 128Hz [32.74,
p. 329 ff.]) for complex sounds such as vowels. Koenig,
himself an acoustician who cooperated closely with
Helmholtz, also constructed a mechanical wave ana-
lyzer with a set of resonators. In the 19th century, some
elementary tools for recording sound waves had be-
come available [32.75] before Edison developed his
improved model of the phonograph (issued in 1888)
that was used in many investigations of sound. Among
the objects of study was sound production in the hu-
man voice, and in particular the nature of vowels [32.74,

p. 367 ff.]. In the second half of the 19th century,
the quest for finding a specific resonance mechanism
that could explain the production of vowels led to
theories of formants (a term coined by the physiolo-
gist Ludimar Herrmann in the 1880s who contributed
greatly to empirical sound research [32.34]). Sound re-
search gathered further momentum when, after about
1920, continuous recording of sound on film labeled
phonophotography [32.76, p. 10 ff.], [32.77] and anal-
ysis of the sound wave both in regard to periodicity
and spectrum became widespread as lab techniques.
Pitch had been calculated as fundamental frequencies
from the periods of vibration (by f D 1=T) even be-
fore and spectral analysis had been done with the aid
of tuned resonators, notably by Helmholtz. However,
spectral analysis by means of filters [32.78] not only
allowed identification of spectral components but also
investigation of transient behavior. Using octave sieves
where the impulse response is short due to the rather
broad filter bandwidth one could see modes of vibration
and corresponding spectral components building up
over time before a stable (quasistationary) regime was
reached [32.79, 80]. Still, sound color rather referred to
the quasistationary regime of vibration and its corre-
sponding spectrum showing the amplitudes of spectral
components at their (harmonic or inharmonic) frequen-
cies while transients were addressed as the short section
at the onset where the sound wave often lacks clear
periodicity (Sect. 32.1.2; for a survey of research on
transients in nonpercussive instruments, see [32.31]).

Significant progress in musical sound research was
made when an improved model of the analogue Sona-
Graph became available for musicologists in the 1960s.
The Sona-Graph, first issued in the late 1940s for re-
search in phonetics (visible speech), allowed a spectral
and temporal representation of sound in a quasi-three-
dimensional (3-D) format (time as abscissa, frequency
as ordinate, and energy of partials indicated by degrees
of a grayscale). The Sonagraph Model II offered several
bandpass filter settings and was used to explore sound
structures in Western and non-Western musics [32.81]
including characteristics of the singing voice [32.82].
In the 1980s, digital spectrum analyzers (such as the
B&K 2032 model) allowed FFT-based spectral analysis
of complex sounds [32.83]. Since the 1970s, a num-
ber of special codes for sound signal analysis had
been developed including linear prediction, autore-
gressive models, and pitch tracking [32.33, 84]. From
about 1990 on, powerful workstations suited for digi-
tal signal processing (DSP) became available. Software
packages (like sndan, based on phase vocoder analy-
sis/synthesis, introduced in 1993 [32.28]) allowed users
to perform high-resolution sound analysis and synthe-
sis/resynthesis. With the new tools (both hardware and
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software) it was possible to study temporal and spec-
tral structures of sounds recorded from Western and
non-Western (e.g., Indonesian gamelan) instruments in
great detail [32.85, 86]. At the same time, approaches
to sound synthesis and resynthesis were refined further
when wavelets, granular synthesis, digital waveguides
and other techniques had been developed (there are col-
lections of many relevant articles in [32.28, 66, 87, 88].

Summing up this paragraph, it seems obvious that
exploration of musical timbre depended significantly
on the tools available to researchers for sound analy-
sis and synthesis at a certain time and place. There is

a line of progress leading from mechanical to electrical
devices and finally to computer-based algorithmic mod-
eling of sound and sound-producing instruments and to
ever more fine-grained analysis. Not only did acoustical
and musical sound research benefit from computerized
tools. As will be seen in the following section, also psy-
chological research into timbre and sound color took
new directions when computers and software for ad-
vanced statistics became available for many institutions.
Meanwhile, toolboxes for sound research have been set
up including audio descriptors applicable to musical
timbre [32.89].

32.2 Sensation and Perception of Timbre and Sound Color

32.2.1 Classical Concepts of Tone Color
or Sound Color

Helmholtz [32.90] ascertained that the pitch of a sim-
ple or complex harmonic tone depends on the period of
vibration and that sound intensity depends on its am-
plitude. He attributed sound color to the microstructure
within each period of vibration as well as to the fine
structure of the resulting sound wave. He stated that
each different sound shape calls for a distinct shape of
vibration whereas several different waveshapes might
bring about the same sound color. Different sound
colors according to Helmholtz result from different
patterns of harmonic partials added to the fundamen-
tal frequency (f1) determining the pitch of the sound.
Hence, differences in the sound color of complex
sounds result from the number and amplitudes of par-
tials above f1 while phase differences between partials,
Helmholtz [32.90, p. 194] declared, can be neglected.
This view is in line with his resonance theory of hear-
ing, which posits the inner ear would perform a Fourier
analysis whereby a number of partials would become
audible as constituents of a harmonic complex. From
his observations Helmholtz [32.90, p. 97] argued that
strong partials suited to activating a resonator would
also be audible as an individual harmonic (Oberton),
and that no Oberton was audible in the case where no
response from a resonator had been observed. Though
Helmholtz considered also sounds with inharmonic par-
tials, his main concern was the harmonic type since
most of the instruments assembled in an orchestra are
chordophones and aerophones.

Stumpf [32.91, p. 520 ff.] stated that, from a phe-
nomenological perspective, human subjects assign
three basic attributes to sounds, namely pitch (Höhe),
intensity (Stärke), and extension (Größe). While sen-
sations of pitch and intensity can be directly traced

to physical properties of sound (frequency and period
as well as the amplitude of the sound wave reaching
the ear), extension as implying some spatial interpre-
tation is a more complex concept that can incorporate
several sound features and sensory attributes. In his
book on speech sounds, Stumpf [32.92, Chap. 15] also
elaborates on his concept of instrumental sounds in
detail. He distinguished inner and outer moments of
sound color, where the latter depend mostly on tem-
poral factors (transients, envelope, modulation) while
the inner structure of sounds depends mostly on spec-
tral composition and energy distribution [32.34]. Both
taken together perhaps embrace what the term timbre
seems to denote: an intricate combination and inter-
play of temporal, spectral, and dynamic features of
sounds that, in normal sensation and even in an analyt-
ical mode of hearing, are often difficult to analyze and
hard to separate from each other. Stumpf [32.91] argued
that, in actual sensation and perception, even basic at-
tributes are not completely independent since the pitch
of pure tones can vary to some extent with intensity,
and both combined give rise to differences not only in
tone height but also in brightness, density, and volume.
Köhler [32.93–96] and some other researchers pointed
to the similarity between pure tones played from low
to high frequencies and the sequence of vowels u-o-a-
e-i, resulting in an attribute often labeled vowel quality
(also termed vocality).

The phenomenal description of tonal attributes and
their interrelations had been addressed, from an em-
pirical descriptive approach including auditory tests
with musically trained and untrained subjects, by
Stumpf [32.91, 92, 97–99] and by several of his cowork-
ers [32.93–96, 100] as well as by other researchers. For
example, Rich [32.101] had proposed the attribute of
volume to mark the spatial extension or diffusion of low
tones against high ones imagined by listeners in addi-
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tion to other such attributes like brightness or density.
Stevens [32.102] found that even pure tones evoke sen-
sations of volume (bigness, spread, [32.103]), and that
this attribute relates to both the frequency and the in-
tensity of tones. Since pitch to a small extent [32.104]
and loudness attributed to pure tones also depend on
both frequency and intensity, Stevens [32.102] warned
that no psychological dimension need be a simple cor-
relate of a single dimension of the stimulus. In fact,
several attributes covary positively or negatively with
frequency and intensity; an increase in frequency from
low to high brings about sensations that covary posi-
tively with frequency, namely pitch (if taken as tone
height), brightness, and density. Brightness increases
also when intensity is raised within certain limits, and
the same holds true for density as a phenomenal at-
tribute of sound. Further, increases in intensity for
pure and complex tones in the treble frequency range
(� 6�10 kHz) can turn sensation of brightness into
unpleasant sharpness. While tone height, density and
brightness increase with frequency, the volume of tones
seems to be larger at low and smaller at high frequen-
cies (provided constant sound pressure level (SPL)).
Lichte [32.105] confirmed that, besides pitch and loud-
ness, complex tones have at least three attributes. These
are brightness, roughness, and one tentatively labeled
fullness (which corresponds to volume in other studies).

Tonal properties/attributes (pure tones)

Primary Secondary

(Material properties of tones)

Loudness level

Complex sound quality

Tone height Density Volume

(Material tone
properties)

Density Volume

Tone colour

Materiality Loudness Tone height

(Intensity) (Space)

Mixed colour

Vocality and specific brightness

Spec. vocal colour Brightness Saturation

(Dimensions of fused colour)

(Intensity)

(Second. quality)(Specific quality)

(Tonal space)(Quality)

a)

Attributes of complex tonesb)

Fig. 32.7 (a) Tonal properties and at-
tributes for pure tones (after [32.106])
(b) Properties and attributes of
complex tones (after [32.106])

Stimulus parameters and attributes of sensation that
had been described in a range of studies [32.92, 100,
103, 107–109] were given a detailed interpretation by
Albersheim [32.106]. Ordering tonal properties that
have objective correlates in physical parameters as well
as tonal attributes (these are phenomenal descriptions
of sensations) in regard to their mutual relations, he
derived a scheme for pure tones and another scheme
for complex tones of which slightly adapted versions
(to account for differences between the original Ger-
man terms and English translations) are shown in
Fig. 32.7a,b.

Likewise, Albersheim [32.106, p. 268] condensed
his discussion of the stimulus parameters and sensory
attributes of complex tones into the scheme shown in
Fig. 32.7b.

The term mixed color denotes the phenomenal qual-
ity of a sound resulting from the composite effect of
fundamental frequency and spectral energy distribution.
Different spectral patterns varying in the number and
strength of partials determine the sensation of bright-
ness as well as the similarity such complex sounds may
have with vowels in speech and singing, on the one
hand, and timbres known from musical instruments,
on the other. In addition, the phenomenal quality of
a complex sound can change when it is shifted up and
down a musical scale. The term mixed color expresses
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the combined effect of all these factors. Materiality
(German: Stofflichkeit) denotes material properties of
a sound one can touch and feel (analogous to hap-
tic sensation), for instance, roughness or smoothness
of sounds. Albersheim [32.106] devoted a significant
part of his monograph to phenomena and categories
known from the study of phonetics and voice quality
in regard to their applicability to musical sound, ad-
dressing aspects like specific vocal color of complex
harmonic tones. Vowels had been covered by Köh-
ler [32.93–96, 100] and given systematic treatment by
Stumpf [32.92] on the basis of many experimental
findings.

In contrast to the elaborate descriptions of tonal
attributes provided by Stumpf, Hornbostel, and Albers-
heim, the cognitive psychologist Ebbinghaus [32.110,
p. 306] gave a neutral definition of sound color when
he said the sound color (Klangfarbe) of tones is under-
stood as that which distinguishes them in sensation, at
identical pitch and intensity, when produced from dif-
ferent instruments or voices. This statement implies that
there are distinct sound properties giving rise to (at least
three) basic sensations: pitch, intensity, and sound color.
However, the nature and perceptual content of sound
color were left out of this definition which, much later,
resurfaced in nearly identical shape as that of timbre,
issued by the American Standard Association ([: : :] the
attribute of sensation in terms of which a listener can
judge that two sounds having the same loudness and
pitch are dissimilar [32.111]).

32.2.2 Modern Approaches:
From the Objet Sonore
to Multidimensional Scaling

As is evident from the preceding sections, approaches
to the classification of sounds in regard to sound color
or timbre originally started from fundamentals of vi-
bration, sound production and radiation as realized in
certain instruments (including the voice). As far as
sensation and perception is concerned, the basic con-
cept was that of psychophysics where one seeks for
a physical input parameter causing an output in sensa-
tion that is measurable (and possibly scalable in some
unit, Sects. 30.1.2–30.1.4). This view was gradually
but steadily changed when, in the descriptive and an-
alytical studies published by Stumpf, Rich, Hornbostel,
etc. the experience of subjects in perceiving sound
played an increasingly greater role. Though physical
and physiological facts known from measurements and
observations were still taken into account, the focus in
music psychology was on tonal attributes relevant for
perception. The phenomenological paradigm reflecting
the experience of musically trained subjects is clearly

evident in the monograph Albersheim [32.106] devoted
to attributes of tone and sound.

In the following, a number of approaches to the
study of timbre and sound color will be discussed in
regard to developments in music and media technology
as well as in empirical research methodology. For obvi-
ous reasons (given the large number of publications on
timbre, and on sound and perceptual aspects of sound
in general), the survey must be selective.

Developments in Audio Technology
Technical production and reproduction of music as
sound began after the phonograph and the gramo-
phone had been introduced to the public [32.112].
Radio transmission followed in the 1920s when elec-
tric amplification and recording on the basis of vacuum
tube technology was developed, and solid-state tech-
nology (the transistor was invented in 1947/48) came
into use during the 1950s. By about 1930, the Trauto-
nium (a kind of early synthesizer) had been invented,
followed soon after by its polyphonic expansion, the
so-called Mixtur-Trautonium; these instruments were
used by composers of modern music (P. Hindemith,
H. Genzmer). Also in the 1930s, the Hammond or-
gan became available in several models (making use
of rotating tone wheels and electromagnetic pickups
for sound generation). Shortly before and during World
War II, the modern tape recorder was developed (even
in stereo, by AEG). The vinyl LP (1200, 33 1=3 rpm)
was issued in 1949. Evolving technology offered new
possibilities to creative artists engaged in what became
electronic music [32.53]. Institutions like the Studio for
Electronic Music at Cologne (part of the public radio
station, NWDR, later WDR, and home turf of com-
posers Herbert Eimert and Karl-Heinz Stockhausen)
offered technical facilities including a range of sound
generators, filters, ring modulators, and tape recorders
as well as electronic keyboard instruments (for tech-
nical information and musical aspects, see [32.113]).
Moles [32.114, Chap. IV] elaborated on sound ac-
cording to physical (time, frequency, SPL) and psy-
choacoustic parameters (envelope, spectrum, level and
dynamics, pitch, timbre), which can be used for both
analytic description of existing sonic objects as well as
for the creation of new ones. His main idea was that mu-
sic as is performed, recorded on tape or other medium,
and perceived by listeners consists of objets sonores
that can be distinguished from one another, and can be
decomposed into cells in a frequency/level plane rep-
resenting the area defined by lower and upper limits of
human hearing.Moles [32.114, p. 118–119] considered
such cells (he uses terms like cellules as well as quanta
sonores) as carriers of information, thus relating to con-
cepts of communication developed in a more formal
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approach by Gabor [32.115] and by Shannon [32.116].
Moles also offered rules of how to work with sonic
objects. The acoustic and psychoacoustic description
of sonic objects met the scientific spirit encountered
in electronic music circles. The tape recorder became
instrumental in collage and montage techniques em-
ployed not only in electronic music but also in musique
concrète that made use of a broad range of natural
and technical environmental sounds [32.64]. The idea
to expand sound material from tones and chords as
well as complex sonorities into musical noise had been
propagated by Italian Futuristi [32.117] and had been
pursued by some composers in Europe and overseas.

Schaeffer’s Typology of Sonic Objects
An attempt to deal with the huge range of sonic
and musical objects serving as material for contem-
porary music was the comprehensive solfège des ob-
jets musicaux prepared by Pierre Schaeffer [32.118,
pp. 387–597]. Schaeffer condensed his considerations
into a scheme [32.118, pp. 584–587], which is for-
mally organized like a matrix (m rows, n columns).
The rows contain what he calls criteria of musical per-
ception (critères de perception musicale); the criteria
are masse, dynamique, timbre harmonique, and profil
mélodique, profil de masse, grain, allure. These terms
refer to volume (in the sense of Stumpf, Rich, Stevens),
dynamics, and spectral as well as tonal structure in
sonorities. Since Schaeffer’s scheme is not confined to
single sounds, and in fact tries to establish a typology
of musical objects, he includes basic types of melodic
contour (like the podatus and torculus known from Gre-
gorian chant and neume notation). Grain (on the level
of sounds) refers to the surface (which can be rough or
smooth), and allure means the envelope, which can be
regular (with or without vibrato) or irregular, etc. The
columns comprise qualifications (types, classes, gen-
res) and evaluations according to species (espèce, which
also can designate a sort or a kind) in regard to the
height (hauteur), intensity, and duration of sonic ob-
jects. To be sure, the typology offered by Schaeffer was
a bold attempt which, however, is based on personal
experience and description rather than on systematic
treatment backed by empirical data. As a typology, it
serves to order phenomena according to certain aspects
even if it is not consistent in every respect (the matrix
has some empty cells). Like in the phenomenological
description of tonal attributes [32.106], the perspective
is that of the appreciative subject perceiving sound and
music.

Semantic Attributes of Timbre
Though subjects experience sounds as sensations char-
acterized by certain qualities and intensities, perception

can involve verbalization when judgment based on sen-
sory data includes an act of predication [32.119]. Since
sounds and their timbres allow for verbal description
(and, moreover, can convey a musical or extramusical
meaning), people speak of a rumbling thunder, gurgling
water, whistling wind as well as of a whining vio-
lin or a blaring trumpet. Most languages contain very
many adjectives used to characterize certain sounds or
their timbres, and one can find a host of such adjec-
tives in reviews of concerts and recordings as well as in
other publications on music. In psychology, sets of ad-
jectives were used to characterize expressive qualities
of musical pieces or phrases in order to disclose their
affective mood and their meaning, in regard to listen-
ers [32.120].

The study of semantic meanings that things or per-
sons or ideas have for various people was pursued by
Charles Osgood et al. with a methodology known as se-
mantic differential [32.121] and also as polarity profile,
in areas of psychology. The goal is to measure atti-
tudes and preferences of people as they value or dislike
certain things, persons, ideas, etc. Osgood et al. con-
ceived of a semantic space in which various concepts
(this term was used instead of stimuli) could be placed
according to the judgments subjects give on lists of ad-
jectives (or nouns) ordered so as to form bipolar pairs
(like soft–hard, good–bad, fast–slow). In between such
polar adjectives, a scale is inserted for which Osgood
et al. [32.121, p. 85] proposed seven alternatives. These
can be expressed by numbers or by verbal qualifications
suited to indicating a scale. The technicalities of scale
construction are in fact as important for the outcome
and the reliability and validity of experiments as is the
selection and the arrangement of adjectives (some crit-
ical issues are discussed in [32.122–124] and [32.125,
p. 73 ff.]).

A semantic differential or polarity profile usually
comprises from about 30 to 70 pairs of adjectives,
which are the variables used to characterize a num-
ber of items (concepts in Osgood’s terminology), by
a sample of subjects. The resulting data (blocks of
variables � items � subjects) is subjected to the cal-
culation of descriptive statistics (means, variances, etc.)
and of intercorrelation matrices, on which in many stud-
ies factor analysis (FA) with respect to PCA (principal
component analysis, usually with varimax rotation) has
been performed. Without going into details of FA (be-
sides PCA, there are several other methods and models
in use), it should be noted that the methodology in-
volves a load of vector and matrix algebra as well as
the representation of the variables and the factors cal-
culated from the variables in a k-dimensional vector
space [32.126]. To be stable as topological constructs
and reliable and valid in regard to interpretation, fac-
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tor models must conform to geometrical axioms and
principles. Osgood et al. [32.121, p. 91] suggested to
conceive of distances between concepts in the semantic
space in terms of linear geometrical distances. To cal-
culate these distances without violation of geometrical
axioms (and minimizing the risk of artifacts), the raw
data should be interval or ratio scaled. However, this is
a condition rarely fulfilled in studies based on seman-
tic differentials. Moreover, these seem to comprise two
different kinds of scales as the adjectives selected for
the polarity profile in many studies are either denotative
(descriptive in regard to features and attributes of items)
or connotative (associative in regard to features of
items); some adjectives are in between these categories.
Consider, for example, sounds recorded from various
orchestral instruments (strings, woodwinds, brass, per-
cussion) that differ in temporal envelope and spectral
structure (Sects. 30.2 and 32.1.2). On the denotative
level, one could offer adjectives such as soft–loud, dull–
bright, smooth–rough, transparent–dense. Further, there
are adjectives such as nasal that are widely used but
may refer to more than one acoustic property [32.127].
In addition, there are adjectives that may denote tim-
bre qualities more indirectly. For instance, the sound
of a trumpet appears shining to many listeners; the ob-
jective basis for this is spectral energy distribution and
centroid. Then there are adjectives that express conno-
tative rather than denotative meanings associated with
certain timbres like doleful, exciting, gloomy, etc. The
problem is that the scales used for denotative attributes
can be regarded as rating scales (subjects try to estimate
a certain quality and/or intensity on the basis of a sensa-
tion) while the connotative adjectives rather call for an
emotional appraisal or associative guess (consider, for
instance, a pair like dreamy–awake in regard to the vi-
olin sound of Isaac Stern playing the opening measures
of the Adagio in Bruch’s violin concerto).

The semantic differential (often coupled with FA)
has been used in the study of musical and other sounds
[32.128–132]. In Osgood et al. [32.121, p. 36 ff.], the
standard solution obtained from FA consists of three
factors, the first of which was interpreted as evalua-
tive, the second as a potency variable, and the third
as activity. Such a solution restricted to three factors
seems plausible if the factors allow for a rather wide in-
terpretation and thus can embrace a larger number of
variables (in this case, pairs of adjectives). It should
be noted that Wundt [32.133] had proposed a three-
componential model of emotions based on three po-
lar pairs (pleasure–displeasure, excitement–inhibition,
tension–relaxation) from which a number of additional
emotions were derived as combinations (e.g., joy is
derived from excitement, pleasure, and tension). In
a factor model consisting of three independent, that is,

orthogonal factors, these fit into a three-dimensional
space so that the items can be conceived as points (rel-
ative to coordinates x; y; z in Euclidean space) and the
distances between items (as well as between subjects)
calculated as Euclidean distances where the linear dis-
tance between pairs of points (aD xi, yi, zi; bD xj, yj,
zj) is interpreted as a measure of phenomenal similar-
ity or dissimilarity respectively. Finally, three factors
in many empirical studies suffice to explain a substan-
tial percentage of the variance in the data. However,
the factors derived from FA again are vectors that do
not always lend themselves easily to factual or percep-
tual interpretation in regard to the items and/or subjects.
Also, the interpretation calls for some label that will
be attached to a factor. Rahls [32.129] found for 20
sounds and 47 pairs of adjectives a four-factor solution
of which the first three were interpretable: the first as
an evaluative factor, the second as one that involves
activity and the third viewed as potency (see above).
In Jost’s [32.130] study of clarinet sounds, one factor
pointed to volume as an attribute, and a weak factor in-
dicated the specifics of the clarinet timbre.

In contrast, von Bismarck [32.131] found for his
sounds (sine tones, complex tones, noise) a strong fac-
tor accounting for 44% of the variance that relates to
spectral energy distribution and presence of energy in
higher frequency bands. This factor, which quite clearly
reflects a sensory attribute [32.134], was labeled sharp-
ness (German: Schärfe). In an experiment taking up
some of Bismarck’s pairs of polar adjectives as differ-
entials but using dyads played from wind instruments,
Kendall and Carterette [32.132, p. 455] found that
sharp is not a good discriminator across wind instru-
ment dyads since sharp in English refers to pitch rather
than timbre. The problem encountered with such terms
as Schärfe ¤ sharpness of course is one of semantics.
Many of the terms used in description of sounds, even if
denotative in essence, are taken from other spheres such
as optics (brightness) or haptics (roughness, smooth-
ness). Certain attributes are intermodal in regard to
sensation as is the case with brightness [32.135] and
apparently so with roughness (which is scalable both as
an auditory attribute of sound and as tactual experience;
Zwicker and Fastl [32.136, Chap. 11], Stevens and Har-
ris [32.137]). Also Schärfe, which one could tentatively
translate as stridency can be addressed as an intermodal
attribute. The German Schärfe refers to the condition of
a blade of a sword or knife that has been sharpened; the
word also denotes the sharp outer edge of a swinging
or carillon bell profile. Thus, the original meaning is in
the tactual and haptic area of sensation. The term can
be applied to sounds sensed as glaring, strident, pene-
trating and perhaps even hissing if they contain a strong
proportion of energy in higher parts of the audible fre-
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quency range. Such sounds can be easily generated in
harmonic complexes when amplitudes of partials in-
crease in proportion with harmonic number [32.138].
Another method simply is bandpass or high-pass fil-
tering of harmonic or inharmonic complexes or noise
bands so that energy is concentrated in the frequency
range corresponding to higher critical bands (CBs) of
the auditory system.

The problems involved in verbalizing sound and
musical phenomena in general are complex and diffi-
cult to solve. In certain ways (reflected in a number
of essays by Charles Seeger on fundamentals of musi-
cology [32.139]), it would be recommendable, though
perhaps not always practical, to communicate in the
medium of music about things musical instead of using
speech. From the viewpoint of empirical methodology,
it seems wise to reduce semantic ambiguity in verbal
descriptions of sound as far as possible, which can be
done by selecting such adjectives and nouns that denote
certain sound characteristics rather than using connota-
tive adjectives (where subjects in a sample often have
ideas as to their meanings that differ widely). Also, ver-
bal descriptors should be checked in experiments for
consistency relative to various sets of stimuli as well as
for their strength of differentiation between items (one
of the issues with semantic differentials is the lack of
standardization [32.122]).

In order to avoid pitfalls that can happen with the
methodology of semantic differential and FA interpre-
tations, the use of adjectives combined with unipolar
scales and a robust method of data analysis such as
hierarchical cluster analysis seems advisable. This ap-
proach was chosen by Thies [32.140] in an attempt
to find fundamental categories for a descriptive clas-
sification of sounds that could bring Schaeffer’s more
intuitive scheme to a systematic and formal typology.
Starting from the German vocabulary which, in regard
to sound and its attributes, offers some 1600 descriptive
and connotative words, he selected 51 general classi-
fiers (e.g., loud, soft, rough, smooth, high, low) and
382 more specific (like nasal, creaky, buzzing, pulsat-
ing, whispering). In experiments offering musical and
environmental sounds as stimuli, subjects were asked to
judge which of the classifiers applied to certain sounds,
and if so, to what extent. Cluster analysis found groups
of adjectives that represent basic descriptive sound cat-
egories. From these groups, pairs of adjectives (like
tonal–noisy, dark–bright, soft–hard) representing fun-
damental spectral and temporal features and sensory
attributes (tonalness, brightness, loudness, etc.) were
considered as fundamental classifiers to be used in
a first-level analysis and classification while, on the
next level, more specific classifiers are used for a fine-
grained classification and typology.

The problem of semantic meanings adjectives have
with respect to properties of sounds and attributes
of timbre may aggravate if viewed from an inter-
language perspective. Inasmuch as languages reflect
cultural norms and experiences shared by ethnic and
language groups, it is likely that cultural differences
manifest themselves in different concepts and terminol-
ogy even though acoustic properties of sounds and also
parameters of auditory perception are identical among
such groups. In a comparative study with subjects hav-
ing either Greek or English as their native tongue,
the convergence of descriptive adjectives was tested
with the verbal attribute magnitude estimation (VAME)
method [32.123, 141, 142] which avoids semantic dif-
ferentials by putting adjectives against their negation
(e.g., dull–not dull, sharp–not sharp). This compara-
tive study [32.143] employed various methods of data
analysis (cluster analysis, FA, correlational techniques)
and also feature extraction from the stimulus sounds
(23 musical instrument tones). The data analysis re-
sulted in three common dimensions labeled luminance,
texture, and mass, where luminance refers to attributes
like brightness and sharpness (to include, however,
depth/thickness in the Greek sample) while texture was
interpreted as related also to spectral energy distribu-
tion, and mass possibly referring to spectral density
and flux. The results demonstrate that a set of sound
stimuli presented to subjects from different culture and
language groups may elicit responses that converge to
a certain extent due to acoustic stimulus features while
there are also differences in conceptualized attributes
derived from descriptive adjectives. In a Swedish study
on the timbre of the steady state of alto sax sounds
also employing adjectives along with VAME, Nykänen
et al. [32.144] found a combination of rough and sharp
(seemingly included in the Swedish adjective rå� raw,
bleak), soft, warm as well as a vowel quality o-like to
describe the sounds best. There was a correspondence
to psychoacoustic parameters in that the attribute rough
could be predicted from the model of roughness used by
Aures [32.145, 146] combined with the model of sharp-
ness proposed by von Bismarck [32.131, 134].

Similarity Ratings of Sounds
Another approach to timbre research is that of similar-
ity ratings. Detection of similarity in objects conveyed
as sensory input is an experience basic to humans and
other species. There are several theories of similar-
ity some of which emphasize extraction of features
from sensory input that are used for comparison while
others underpin the cognitive evaluation process under-
lying similarity judgments [32.147, 148]. In regard to
the problem of verbalization addressed in the previ-
ous paragraph, one might assume that the recognition
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of similarities driven by sensory input works without
verbalization while an analytic cognitive evaluation of
input rather would involve such. Assuming a hierarchi-
cal model that leads from sensation to perception and
apperception (Sect. 30.1.2), different levels of process-
ing would likely be reflected in shades of awareness of
such processes.

In the field of sound and music perception,
Stumpf [32.149, Sects. 6,7] especially argued that dif-
ferent degrees of similarity as perceived by subjects
can be expressed as differences in distance, which im-
plies similarity is scalable and differences in similarity
can be translated into some distance measure. Scaling
of similarity has been a paradigm for a long time, for
which a standard methodology usable in psychophysics
and other areas was developed [32.150, 151]. Since phe-
nomenal similarities between a set of objects often rest
on several or even many properties, the geometric con-
cept according to which perceptual similarity � prox-
imity has led to a multidimensional perspective where
objects can be represented as points in a k-dimensional
space. The interpoint distances relative to a number of
dimensions then express the similarity or dissimilarity
between n objects on m dimensions (n� m). In ad-
dition, one can calculate and geometrically represent
similarity judgments of different subjects in a sample to
compare their perceptions. The methodology to carry
out such empirical studies is multidimensional scal-
ing (MDS), also termed multidimensional similarity
structure analysis [32.152, 153]. There are some ideas
and concepts shared by both FA and MDS, namely
the idea that a subject’s responses to complex stimuli
comprising several or many variables can be explained
and/or predicted from a small number of factors or
dimensions as well as the concept to represent rela-
tions between high-dimensional (multivariate) stimuli
in a rather low-dimensional geometrical space. This
space, spanned as factor configuration or MDS model
derived from empirical data in several steps, is assumed
to reflect perceptual and also cognitive evaluations of
subjects. It should be noted that the metric-dimensional
approach to similarity perception has been challenged
on methodological and factual grounds [32.147] and
has also been defended as a basis valid for the study
of similarity as well as recognition and identification
processes [32.154–156]. Though MDS (and, likewise,
FA) can be used for data reduction from a larger num-
ber of variables presented to subjects in experiment to
a few metavariables labeled factor or dimension, its
main function is to help shape hypotheses concerning
the dimensionality of complex structures. Like in FA,
MDS models can be derived in a precise manner (for
Euclidean space and distance functions) if the input
consists of interval- or ratio-scaled data. However, simi-

larity judgments are ordinal as subjects find two objects
(say, two sounds recorded from any two instruments
at the same pitch and presented at the same loudness)
are not similar, somewhat similar, similar, very similar,
highly similar or even perceptually identical. To allow
for a so-called nonmetricMDS, one can assign numbers
to such degrees and turn them into proximities from
which, in an iterative process (minimizing errors and
adjusting interpoint distances between objects or other
items), the final distances in a k-dimensional space are
calculated. The distances of n objects relative to m di-
mensions are regarded to reflect the perceptions and
judgmental decisions of the subjects. The type of met-
ric (Euclidean, city block, Minkowski [32.152]) that
is chosen for the model expresses different cognitive
decision strategies. If the similarity judgment is decom-
posable into several more or less separate evaluations of
similarity along dimensions (a; b; c; : : : ; k), a so-called
city-block metric reflects the additive process. In case
a direct and overall estimate of the similarity between
objects is performed, a Euclidean distance model sums
the differences on the contributing dimensions. When
dimensions have different salience for individual sub-
jects, a weighted Euclidean distance model seems apt
(though this technique requires certain precautions).
A Minkowski r-metric can be chosen if, in a decision
process with respect to similarity, one stimulus feature
is predominant so that the dimension to which it relates
seems supreme against all others. The goodness-of-fit
that various models yield with respect to their metric,
number of dimensions, error score, as well as the coef-
ficient of determination in relation to the dataset, can be
used in a cautious interpretation of the evaluation and
decision processes involved in the perception of phe-
nomenal similarity.

Since about 1970, computer software for metri-
cal and nonmetrical MDS has been available, which
has spurred many experiments also in the field of
sound and music perception [32.157, 158]. Some of
the now classical experiments on timbre were per-
formed at Stanford [32.159–161]. Grey worked with
16 synthesized sounds that emulated those of orches-
tral instruments since one task of his research project
was to explore computer-based analysis-synthesis tech-
niques. Data from an experiment with 20 musically
sophisticated subjects judging the similarity of the 16
sounds were subjected to nonmetric MDS, which did
yield three dimensions interpretable in terms of acoustic
properties of sounds. The first dimension quite obvi-
ously relates to spectral energy distribution and spectral
envelope; the second was interpreted as relating

to the form of the onset-offset patterns of tones, es-
pecially with respect to the presence of synchronic-
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ity in the collective attacks and decays of upper
harmonics. [32.159, p. 61]

The third dimension was also viewed as temporal and
related to the energy distribution in the attack of tones.

Studies of sound and timbre in most cases have
confined their MDS analyses to three or even two di-
mensions [32.132, 159–168], [32.169, Chap. 6] one of
which seems almost notoriously related to spectral en-
ergy distribution, centroid and brightness [32.170]. The
second often has been interpreted as related to on-
set characteristics (hard or soft attack, percussive or
rather mellow sound) or to the temporal envelope in
total. A third dimension sometimes has been viewed
in regard to spectral flux which, in most sounds, is
considerable at the onset of sound because of the tran-
sient portion and becomes small once the steady state
is reached. Spectral flux (SF) can be calculated from
digitized audio signals where SF expresses the rate
of change in spectral composition from one frame of
analysis to the next [32.171]. Some studies could not
confirm the interpretation of a third dimension as ex-
pressing SF [32.158, 167] though in fact most natural
sounds exhibit some or even considerable variation in
both spectral frequencies and amplitudes over time. In
case composite waveshapes are used as stimuli, one di-
mension can be interpreted as spectral energy distribu-
tion (sparse harmonics–rich harmonics) and another in
terms of the surface quality of sounds; since a sawtooth
with many harmonics in zero phase has steep slopes in
every period, the sound appears comparatively rough
while a triangular wave appears quite smooth [32.168].

Incorporating a third dimension in a MDS model
can be useful to account somewhat better for the vari-
ance in the similarity data; however, one might be
confronted with a certain trade-off since, with a third
dimension in a MDS model, as with a third factor
in FA, one often may explain a higher percentage of
the variance, on the one hand, while the interpreta-
tion of a third dimension or factor can be arduous,
on the other. Not only does each factor or dimension
need to be given a label (the verbalization problem
is encountered again, if on another level), but its in-
terpretation must also account for the factual content
and perceptual effect of stimuli weighted in the light
of the k-dimensional model. In general, interpretability
seems to diminish with the number of factors or di-
mensions respectively. This can be possibly explained
in regard to conditions under which similarity judg-
ments are mostly made in real life, on the one hand,
and processes of categorization, on the other. Con-
cerning conditions, one has to take the huge amount
of environmental information arriving at our senses as
possible input into account. From an evolutionary per-

spective, survivalmakes very fast recognition of objects
imperative. In a first and probably pre-attentive step,
recognition involves some overall and provisional cat-
egorization in which comparison of a possibly new
object to previously learned prototypes, schemata (or
whatever the template is called) is performed. For an
instantaneous comparison which, with respect to sur-
vival behavior, may trigger further sensory processes
as well as motor responses, restriction to a few salient
features seems pertinent. Adopting either a feature de-
tection approach or that of dimensional metric as in
MDS, reduction of the processing load is inevitable in
fast estimates. The goal can be achieved successfully
through exclusion of irrelevant as well as dimensional
reduction of usable sensory input [32.172]. Even in
many instances where the time factor is less critical,
overall judgments of similarity apparently still seem re-
stricted to a few salient features or a small number of
dimensions respectively. Apparently, such suffice for
a rough perceptual ordering of things into categories;
listeners hearing music in a concert or from the radio
can perform at least a tentative classification of sounds
representing, for example, strings, brass, and percussion
instruments. This can be done with reference to very
few acoustical features and perceptual attributes, a fact
corroborated from computer-based classification of mu-
sical sounds with respect to sources [32.173]. Many of
the two-dimensional MDS models of timbre similarity
in fact relate to the temporal and the spectral enve-
lope as fundamental components of complex sounds;
the two most common dimensions centroid/brightness
and onset/envelope (see above) apparently suffice to
categorize a host of sounds according to their timbre,
at least in a gross mode. A closer inspection then may
reveal further details needed for a finer classification.
In this respect, timbre can be viewed as an emergent
perceptual quality [32.174]. Of course, learning plays
a role in such processes as recognition and identifica-
tion of timbres where trained musicians usually perform
faster and more reliably than nonmusicians. For exam-
ple, it needs no expertise to assign a certain impulsive
sound one hears to a class of instruments (say, mem-
branophones) while one must have some experience to
judge what the type of drum from which the sound
comes could be (size, single- or double-headed, beaten
with hand or stick), and it is certainly demanding to de-
cide whether a drum sound correctly identified as that
of a frame-drum belongs to a Moroccan bendir or to
an Irish bodhran. However, in experiments involving
synthesized FM sounds (TX 802) most of which em-
ulated familiar instruments, differences in performance
between subjects in three subclasses of musical exper-
tise (professionals, amateurs, nonmusicians) were not
just as great as one might have expected [32.167].
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32.2.3 Acoustical Features
and Perceptual Attributes of Timbre

Schouten [32.175] saw five acoustical parameters defin-
ing timbre:

1. Tonalness versus noise
2. Spectral envelope
3. Time (or temporal) envelope
4. Change in spectral envelope or in pitch
5. Onset characteristics, which he labeled acoustic

prefix of sounds.

These in fact are interrelated in a number of ways,
as are the four fundamental qualities of pitch, loudness,
duration, and timbre that are constitutive for auditory
perception. It is evident that one cannot perceive a pitch
from a tone unless it does have a duration and sound in-
tensity. Likewise, loudness as based on intensity and fre-
quency [32.176] and variable also with the duration of
stimuli presented to subjects calls for a sound that must
have some frequency content with nonzero duration and
amplitude(s). In this respect, parameters are not totally
separable even though one can study the relative weight
they can have in sensation and perception of complex
sounds. The idea that parameters might be separable and
decomposable into dimensions perhaps owes to classi-
cal concepts of psychophysics (Sect. 30.1.4) where sen-
sations were studied with respect to quality, intensity,
duration, extension, etc. Taking acoustical soundparam-
eters, on the one hand, and perceptual dimensions, on the
other, one can set up the following scheme:

Frequency pitch quality

Amplitude loudness intensity

Time duration

timbre

duration

extension

Of course, pitch can be explained also in the time
domain (Sect. 31.4), and loudness depends not only on
physical intensity of the sound but to some degree on
spectral energy distribution as well as on presentation
time and temporal integration (Chap. 33). Further, tim-
bres can be perceived as distinct qualities in case they
offer salient features.

The view according to which pitch is separable,
in principle, from timbre is not identical with that ad-
vanced by Helmholtz [32.90] on separability of pitch
and sound color (Sect. 32.2.1). Taking the Fourier-
based resonator model of Helmholtz, a harmonic com-
plex simply is decomposed, on the basilar membrane
(BM) level, into partials along a log frequency axis
where the lowest partial (f1) accounts for the sensation
of pitch, and the remainder of the spectrum for sound

color. The concept indeed implies that a sound, well-
defined as to its pitch through f1 (as well as its inverse,
the period T D 1=f ), gains some additional coloring
from the spectrum above f1. In this respect, sound color
is a more or less stable quality corresponding to the
steady state of a sound [32.177]. Further, sound color
can be viewed in regard to extension where the number
and strength of partials define spectral width, density,
and centroid (for a given f1 of, say, 110Hz, the cen-
troid shifts upwards in frequency with the number of
additional partials). This effect is easily demonstrable
with an analogue synth where a tone (say, A2), when
played with a sawtooth wave, gains in color as well
as in brightness from sweeping the cutoff frequency
of a low-pass filter toward higher frequencies. In early
works on orchestration [32.3] the term timbre also re-
ferred to a sound quality largely determined by spectral
structure while the temporal aspects as yet were of little
concern. Since the 1920s and 1930s, when onset char-
acteristics and temporal fluctuations of sounds could be
studied with electroacoustic equipment at hand, tran-
sients in particular in aerophones and chordophones
have been a topic of research (for a survey, see [32.31]).
With computerized sound analysis, transients were in-
vestigated as dynamic time-frequency structures from
which information relevant for auditory perception can
be drawn [32.178]. In the following, the parameters dis-
cussed by Schouten [32.175] will be examined further
in the light of research data.

Transients and Onset
The transient part of a sound reflects a vibrating sys-
tem immediately after excitation, which can be effected
by a single impulse as in many idiophones (e.g., xy-
lophones, gongs, bells, cymbals) and membranophones
as well as in plucked strings, or by a sequence of pulses
as in aerophones (Sect. 32.1.2) and in bowed chordo-
phones where excitation continues with energy supply
to the generator. The transient portion of a sound can
be defined as that from the absolute onset of vibra-
tion (the time point or sample where the amplitude is
nonzero) up to a point where vibration becomes either
periodic with small fluctuations (as in aerophones and
chordophones) or where the peak amplitude is reached
and the decay of the envelope begins (as in idiophones
and membranophones excited by a single impulse). The
transient portion of a sound is the most interesting
part in terms of information (see [32.25] for concepts
describing information structure of sounds) since infor-
mation depends on entropy and the rate of change per
time unit. Shannon [32.116] gives a formal proof that
white noise has the maximum possible entropy. In com-
parison to the almost periodic regime of vibration in the
steady state, the onset often lacks clear periodicity and
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can even appear chaotic (as indicated by the limit cycle
for the time series of a vibration or sound in a phase
space). The onset of many sounds recorded from nat-
ural instruments includes noise in the transient portion;
a well-known phenomenon observed in organ flue pipes
is the spitting response to air pulse sequences before
a standing wave is established (Sect. 30.2 and examples
in [32.179, Chap. 5]).

For the listener, the rapid changes that the wave
shape and spectral content undergo in a short time
result in a high rate of information delivered to the
perceptual system. In contrast, the flow of information
saturates once the steady state is reached. For example,
for identification of clarinet sounds it was found that
scores do not improve after 0:5�0:6 s of presentation
time [32.180]. In regard to detection and identification
of onsets and transients as well as of changes in spec-
tral envelope over time, there are temporal and dynamic
thresholds as well as several integration constants that
have been reported from experimental findings (for an
overview of research, see [32.31]). Further, there are
forward and backward masking effects (for a detailed
discussion, see [32.181]). Some of the relevant inte-
gration constants concern the very limit of auditory
temporal discrimination between two events and the
threshold of temporal order between events. The limit
of temporal discriminability has been given as 3�5ms
(as in experiments on gap detection), however, the abso-
lute value depends somewhat on sound level and other
conditions. Other time constants concern just noticeable
differences in onset asynchronicity and the threshold
of temporal order. Onset asynchronicity between in-
struments playing notes simultaneously typically is in
the range of 0�20ms; asynchronicity within this range
(and approaching its upper limit) supports identification
of instruments [32.182]. Onset, in this respect, means
the sensory and perceptual event that of course is de-
pendent on the vibration pattern of sounds yet is not
identical with the SPL measured at a certain time. The
perceptual onset for tones in succession will be de-
tected when the amplitude of vibration and the SPL
of the sound radiated from a source exceed a certain
threshold, which has been given as 6�15 dB below the
maximum level of a tone [32.183]; this threshold is vari-
able with respect to the absolute SPL of the stimulus
and is also variable due to masking effects if several
tones/sounds are played in close succession or nearly si-
multaneously. Two tones played in succession become
clearly discriminable as auditory events when their per-
ceptual onsets are about 40ms apart; the threshold for
audible single reflections of sound from walls to be per-
ceived as echoes is in the range of 40�50ms so that
several early reflections occurring within a shorter time
span (t < 30ms) typically smear into one sensation.

Given that � 50ms mark the time difference between
events to be perceived as an orderly sequence and that
complex tones in general are identified in regard to
their pitch, timbre and loudness in a time window of
� 100�200ms, it follows that the number of notes in
music that are clearly identifiable as a melodic and di-
astematic structure, plus conveying a certain timbre and
loudness, is limited per time unit.

Onsets can be very short as in swinging and car-
illon bells where, after the energy is transferred from
the clapper to the bell (contact time � 1ms [32.184]),
a large number of modes is excited within a few ms
since the wave speed in bronze is � 4400m=s for lon-
gitudinal and � 2160m=s for transversal waves. The
sound radiated from the bell or from a similar idio-
phone struck with a hard mallet contains many strong
harmonic and inharmonic partials as a complex mix-
ture [32.85, 86, 185] from which the auditory system
must derive pitch and timbre information [32.186]. The
onset of such sounds (which fall into a time window
of 20�50ms) usually is perceived as clangorous due
to considerable spectral inharmonicity as well as high-
frequency content, and assignment of a single pitch
to the onset segment often is not possible. If idio-
phones struck with a mallet are at one end of a scale
measuring the acoustical transient portion of a sound,
there are some instruments on the other where the
transient is long and can last for several hundred mil-
liseconds as, for instance, in a double-bass played
softly with a bow [32.187] or in large organ flue and
reed pipes [32.35]. Also, some folk instruments such
as the Slovak duct flute Fujara (of � 160 cm tube
length [32.41]) are slow in the buildup of modes. How-
ever, the dynamics of the onset of a sound is much
dependent on playing technique as well as the dynamics
of the musical context in which instruments are used. In
works of modern music, notation might prescribe dy-
namics from fffff to ppppp and might include verbal
instructions that range from tutta la forza to morendo.
Also, composers in the decades after 1950 demanded
instrumentalists (and also singers) to produce sounds in
often uncommonways, which could bring about, for ex-
ample, quite percussive sounds from wind and string
instruments. The variability of onsets due to playing
technique and context notwithstanding, subjects famil-
iar with music and orchestral instruments make use of
the onset of sounds as information bearing to the clas-
sification and identification of such instruments.

For listeners, the transient part of sounds serves to
distinguish various instruments as well as to mark the
onset of notes. Transients such as the spitting of organ
pipes, the prerunner sound in harpsichord strings (when
the plectrum touches the string before lifting and pluck-
ing it [32.188, 189]), the raspy attack of a bow set to
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motion on a cello string (in particular the C- and the
G-string), the plosive attack in a trombone or trumpet
tone, are such prefixes (to use Schouten’s term) to the
steady state that make sounds characteristic of certain
instruments or families of instruments. Some instru-
ments also have a peculiar decay or have markers at
the end of a tone; for instance, in most harpsichords
one can hear the jack fall down when a key is re-
leased, an effect that is prominent when full chords are
played. In an ensemble performance, the prefixes from
individual instruments can help listeners to notice the
onset of the tones they play (listen, for example, to
Hindemith’s Kleine Kammermusik für fünf Bläser, op.
24,2). If attack transients and the final decay to zero
amplitude are removed from natural instrument tones,
identification scores drop significantly even for musi-
cally trained subjects where the effect is greatest for
the attack removed [32.190]. Conversely, in an MDS
study [32.166], similarity ratings for onsets from nat-
ural instruments presented in isolation did not differ
much from complete tones, indicating that the onset
contains most of the relevant information [32.25]. Re-
moving perceptual cues like the transient at the onset
means an increase in confusability of stimuli. Appar-
ently, the effect can be compensated, to some extent, by
playing technique. For example, instruments typically
played with vibrato (flute, violin) are less affected by
such removal since the vibrato then may substitute the
cue needed for identification [32.191].

Time (or Temporal) Envelope
Isolated sounds from various instruments can be distin-
guished with respect to their temporal envelope, which
can be segmented into characteristic parts (as in the at-
tack, decay, sustain, release (ADSR) model Sect. 30.2).
For instruments excited by a single impulse (many
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0 Fig. 32.8 Cello, open G-string (G2),
staccato, forte, steep attack, long
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idiophones, most membranophones) a rapid attack is
followed by a fast decay. Large bells have a long sus-
tain, however, when sound is radiated on a low level
for tens of seconds. In aerophones, tones die away
quickly once the air supply to the generator is stopped.
In plucked and bowed chordophones, sustain can be
quite long after excitation has stopped because parts of
the resonator and the air enclosed in the box still vibrate
(due to a storage of energy). For the tone G2 played on
the open string of a cello (staccato, forte), the sustain
lasts for � 3 s after the bow has been lifted from the
string (Fig. 32.8; the sound was recorded� 0:5m away
from the instrument in a dry studio).

In this tone, the rapid attack and the long sustain
are perceptually salient envelope features. In general,
there are certain shapes of envelopes which, combined
with spectral patterns, probably make up timbral pro-
totypes for listeners. Changing the temporal and/or the
spectral envelope means part of the information does
not match a certain type of instrument. For example, re-
versing a natural complex sound affects both cues since,
even though the total energy contained in the sound is
the same when played forward or backward, the order
in which relevant features become audible is reversed,
which makes identification of natural sounds reversed
in time difficult. The effect of time reversal of sounds
was used quite extensively in the 1960s, in record-
ings of psychedelic music, where usually one electric
guitar track previously recorded and then played back-
wards provides lead guitar lines in an otherwise normal
mix (listen, for example, to The Byrds: Thoughts and
Words, recorded in December 1966). An important fac-
tor for sensation and perception of temporal envelopes
is modulation. Regular amplitude modulation (AM)
can result from narrowly spaced spectral components,
which would give rise to a sensation of roughness
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(Sect. 31.6.2) in addition to the amplitude fluctuation.
Quite regular AM with very little FM of f1 and with-
out introducing roughness can be produced also by
modulating excitation parameters such as the blowing
pressure in a flute [32.192].

Tonalness versus Noise
Tonalness usually is understood as a sensory at-
tribute dependent on spectral harmonicity as well as
its equivalent, periodicity of the time signal. Tonal-
ness is one factor, besides roughness, sharpness (or
stridency, Sect. 32.2.2: Semantic Attributes of Timbre),
and loudness in a psychoacoustic model of sensory eu-
phony [32.145, 146]. In regard to spectral harmonicity
� temporal periodicity (consequent to the Wiener–
Khintchine theorem, Sect. 30.2), the steady state of
a tone from an aerophone or chordophone played with
medium force of excitation is basically tonal while the
transient onset can contain noise in significant quantity.
Some noise also results from the motion of the bow
on a string or from the flow of air in wind instruments
(there are playing techniques for flutes and saxophones
emphasizing a breathy sound). In order to make synthe-
sized sounds appear natural to listeners, their transient
part needs to be shaped and noise must be added to sinu-
soidals in a harmonic or inharmonic complex [32.193,
194].

Spectral Envelope
Perhaps the most important component in timbre per-
ception (and the defining criterion for sound color) is
the spectral envelope. Additive or subtractive synthe-
sis as was implemented in a host of electronic organs
of the 1960s produces sounds which, though lacking
characteristic onset and decay of natural instruments, at
least are indicative of certain classes and types of instru-
ments (those organs usually offered a selection of flutes,
reeds, and brass sounds in more or less fair imitations of
the originals). Spectral envelopes for these classes often
were derived from filtering a complex (e.g., rectangular)
waveshape so that concentration of energy in a band
from 1�2 kHz resulted in a more nasal (reed) sound
while emphasis on energy in low partials and in higher
bands (2�5 kHz) should indicate a brass family sound.
Flutes simply were imitated by low-pass filtering with
the cutoff frequency set for a mellow sound. Since such
synthetic steady-state sounds after a short while are ex-
perienced as static by listeners (for the lack of fresh
information, see above), most electronic organs offered
some AM (Tremolo) unit modulating amplifier output
level while some had facilities to enrich the sound (for
instance, by pairs of oscillators slightly detuned against
each other so that organ stops with double sets of pipes
such as vox coelestis or unda maris were imitated).

The concept according to which certain instruments
or families of instruments distinguish themselves by
spectral structure and the shape of the spectral envelope
owes much to the source-filter model (Sect. 32.1.2).
According to empirical findings [32.169, Chap. 6], tim-
bre is essentially determined by the absolute frequency
position of a spectral envelope, which suggests the per-
ceptual attribute of timbre has a physical correlate in
formant-like spectral energy distribution. Given that
many instruments (aerophones including the singing
voice, chordophones) are driven by pulse sequences fed
into a resonator [32.195], the sound radiated from the
instrument depends significantly on the geometry of the
resonator. The size and shape of the resonator largely
determines the spectral envelope (assuming the instru-
ment is in its normal register, and played mf ), which is
sensed as a peculiar sound color [32.177]. This concept
of approximately constant tone or sound color is behind
organ pipe stops where different stops (or ranks) of flue
and reed pipes distinguish themselves by their sound
color, for pipes of the same pitch (determined basically
by pipe length, measured in foot, e.g., 80, 40, 20). To
maintain a given sound color (e.g., diapason, salicional,
flute, trumpet) over several octaves, organ builders fol-
low certain mensuration rules [32.196, Chap. 3]. For
example, for two flue pipes an octave apart, the ratio of
the pipe lengths is 2 W 1 while the pipe diameters should
have a ratio of 1:682 W 1 (and the cross-sectional areas
should be in the ratio of 2:828 W 1). That is, approxi-
mate homogeneity of sound color from one pipe tone
of a given rank to the next is achieved by means of
scale factors [32.11, 196, 197]. Correct scaling ideally
would produce almost identical spectral envelopes for
all the tones within the gamut of several octaves; the en-
velope then simply is shifted along the frequency axis
with rising f1 of each tone. To illustrate the case, for-
mant filter envelopes of three organ tones recorded from
the same stop are shown in Fig. 32.9. The tones are C2,
C3 and C4 from a trumpet 80 stop of the historical organ
at Hollern. The envelopes are fairly similar given that
the microphone distance relative to the three pipes was
not identical and that some reflections of sound inside
the organ case may have occurred (sound levels were
normalized to �6 dB fs for analysis).

A scale factor that preserves the relations within
a specific geometry can also be used for peals of (swing-
ing or carillon) bells where the scaling of size and
mass determines the pitches but should (ideally) not af-
fect the sound color. Further, the same principle can be
applied to families of instruments that cover different
registers (soprano, alto, tenor, baritone, bass) but share
the same basic sound color [32.195] in the steady-state
portion of sound when playing conditions are kept al-
most constant. A violin, a viola, a cello and a double

http://dx.doi.org/10.1007/978-3-662-55004-5_31
http://dx.doi.org/10.1007/978-3-662-55004-5_30


Perception of Timbre and Sound Color 32.2 Sensation and Perception of Timbre and Sound Color 707
Part

D
|32.2

Tone C2

Tone C3 Tone C4

0 2 4

dB

6 8 10
Frequency (kHz)

80

70

60

50

40

30

20

10

0

Fig. 32.9 Formant filter envelopes for
three tones (C2, C3, C4) of one organ
stop (trumpet 80)

bass are recognized as members of the bowed strings
family notwithstanding differences in register and vari-
ation in spectral fine structure. If types of instruments
can be distinguished (and possibly identified) by their
respective spectral envelopes sensed as sound color,
a hypothetical explanation is that the spectral energy
distribution in the sound corresponds to a specific exci-
tation pattern along the BM that is learned as represent-
ing a certain sound source, and is stored as a template or
profile in long-term memory (LTM). However, one has
to take the variation in sound color into account, which
may occur in different registers of a single instrument,
or even within one octave of its playing range. Also,
factors such as the strength of excitation (usually from
ppp to fff ), dependence of spectral energy distribution
and of the directivity pattern of radiation on sound level
as well as room acoustics (absorption, reverberation) all
influence the timbre one perceives of a given instru-
ment [32.52, 198], [32.169, Chap. 6]. The problem of
how homogeneous timbral qualities are relative to the
tones of a musical scale within one octave, and more
so if scales extend into another octave, has been stud-
ied empirically. Research on this topic involving MDS
was done by Marozeau et al. [32.199] who concluded
that pitch differences of tones within one octave had but
little effect on timbre dissimilarity judgments. With re-
spect to wind instrument sounds, data from musically
naive subjects suggested timbre is perceived as identi-
cal for tones within one octave [32.200]. A replication
of the experiment showed, however, that musicians can
make reliable judgments beyond that range [32.201].

Change in Spectral Envelope and Pitch
A close inspection of many musical sounds reveals
that both the period length of the complex waveshape
and the frequencies and amplitudes of spectral compo-
nents vary with time. For the steady state of complex

harmonic sounds recorded from aerophones and chor-
dophones played without vibrato, the variance of period
length T (ms) or its inverse, the fundamental f0, can
be quite small, so that no pitch modulation is audible
(in line with autocorrelation function (ACF) analysis).
Pitch shifts, however, will be encountered in case tones
are played with vibrato, which is customary nowadays
for flute and violin performances, especially for the
repertoire of the romantic era. Vibrato is also used ex-
tensively in belcanto singing (Fig. 31.27). Vibrato is
performed, for instance on a violin or other bowed
string instrument, rolling the cup of the finger up and
down on a string whose vibrating length is thereby var-
ied periodically. Vibrato thus produces FM; the modu-
lation frequency usually applied by violinists is about
5�8Hz and modulation of f1 and higher partials can
reach or even exceed ˙35 cent. Vibrato can also give
rise to AM of harmonic partials when their frequencies
move in and out of the narrow resonance zones of the
resonator [32.202]. Consequently, the spectral compo-
nents in general show periodic AM along with the FM
from the vibrato, however, individual components can
be affected differently dependent on their position rela-
tive to the resonance zones. In sum, the pattern of FM
plus AM resulting from vibrato may deviate somewhat
from strict periodicity. To illustrate the case, a small
segment from the recording of a professional violinist
playing the note c#5 (over a chord provided from soft
piano accompaniment) is shown in Fig. 32.10.

One can see that the violin partials undergo FM
while they exhibit AM to different degrees; some of the
tracks marking partial frequencies shift between strong
and weaker amplitudes as indicated by black and gray
color respectively. Players of the modern concert flute
learn a special technique of breathing and chest mus-
cle control [32.203] that enables them to produce FM
vibrato and AM tremolo effects. Periodic variation of
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Fig. 32.10 Violin, note C#5 (f1 �
554Hz), vibrato, FM and AM effects

blowing pressure results in a tremolo without signifi-
cant FM [32.192]. Changes in blowing pressure means
the force of excitation is varied over time, which re-
sults in different numbers of natural modes that are
excited in the resonator. Also, amplitudes of partials
contained in the sound radiated from the instrument
vary as a function of blowing pressure. In general,
higher levels at the input of the system produce more
partials so that the spectrum broadens toward higher
frequencies. Consequently, the spectral centroid also
shifts upwards in frequency, which can be sensed as
an increase in brightness. Further, subjects are sensitive
to changes in timbre evoked by phase shifts between
harmonic partials [32.162]. The effect is strongest for
harmonic complexes where partials are either in sine
or in cosine phase as opposed to partials alternating in
sine and cosine phase; the strength of the timbral differ-
ence depends on f1 of the complex and varies markedly
between subjects. For f1 D 294:4Hz the maximal ef-
fect of phase on timbre for a sample of eight subjects
was equal to changing the SPL by about 2 dB. A pos-
sible explanation is that the peak amplitude per period
and the crest factor are higher for harmonic partials in
cosine phase compared to partials in alternating phase.
For harmonic complexes consisting of five partials with
f1 D 200Hz and amplitudes decreasing by �6 dB with
harmonic number, the difference is � 1:7 dB.

Summing up this section, timbre was found to
depend on several temporal and spectral properties
of sounds, which often combine into complex spec-
trotemporal patterns that are analyzed into constituents
in perception in order to distinguish individual in-
struments or other sound sources. Modeling sensory
analysis as carried out in the auditory periphery, the
concept of CBs usually is implemented by chains of

bandpass filters suited to perform spectral analysis as
a basis for perception of pitch (Sect. 31.5). Such an
approach can be followed also for timbre and loud-
ness though in particular the transient part of sounds
requires high temporal resolution, which means a con-
ventional Fourier-based analysis may fall short of the
performance of the auditory system, which is superior
in regard to the uncertainty relation�f�t [32.204]. For
the steady state of most sounds, spectral envelope and
centroid have proved to be good descriptors of sensory
attributes (see above and also Barthet et al. [32.205]
for clarinet tones). Viewed in terms of CBs, patterns
of spectral energy distribution code pitch and timbral
information as well as loudness (Pollard and Jans-
son [32.206], Sect. 32.2.4 and Chap. 33). Applying time
constants relevant for auditory perception, timbre can
be approached as a sequence of windows or frames
that contain spectral energy distributions. If there is not
much change from one frame to the next, a more or
less stable spectral profile evolves, which can represent
a sound color that in turn may indicate a certain in-
strument or family of instruments [32.195]. However,
identification of instruments or other sound sources is
facilitated when temporal cues are offered along with
spectral information. Experiments have shown that at-
tack time is an important cue where either soft onsets
or steep slopes (Fig. 32.8) help to categorize sounds. In
addition, the overall shape of the envelope can indicate
whether sounds are percussive rather than continuant.
Further, modulation (AM, FM; regular, quasiperiodic,
or irregular) can be used as a cue for timbre percep-
tion and categorization. Sounds undergoing modulation
(AM and/or FM) might appear raspy or blurred; some
sounds appear shimmering or clangorous or ringing due
to spectral inharmonicity and modulation. The actual
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effect on sensation depends on modulation parameters
(depth, frequency) as well as on how many spectral
components are modulated and if modulation is con-
joined for these components or not.

32.2.4 Interrelation of Pitch and Timbre

In concepts of tone perception developed in psy-
chophysics [32.74, Chaps. 9–11], [32.176, 207] the pure
tone figures prominently since it allows the establish-
ment of a close correspondence between physical and
sensory magnitudes. In regard to pure tones, it is fea-
sible to address pitch as depending on the frequency
of vibration, and loudness proportional in some way to
the vibration amplitude and intensity of radiated sound.
Duration does not pose a problem assuming time is
a linear process (equivalent to the constant motion of
a mass point in 3-D-space [32.208]). This leaves sound
color or timbre as the perceptual quality that relates
to several physical parameters (Sect. 32.2.3). As has
been argued above, sound color constitutes a quality
complementary to pitch if one adopts the perspective
of Helmholtz based on Fourier and Ohm, which al-
lows the decomposition of a harmonic complex into
the fundamental (f1) carrying all or at least most of
the pitch information, and the remainder of the spec-
trum conveying the sound color that may characterize
a certain instrument or family of instruments. Such
a view might hold for the steady state of a harmonic
complex where f1 is dominant and the amplitudes of
the other partials roll off at a certain rate (dB/oct) in
the spectrum so that the pitch is unambiguously re-
lated to the fundamental. However, there are musical
sounds in particular from idiophones and also mem-
branophones where this model fails to capture relevant
structures. For example, in Western swinging bells and
carillon bells there are some partials close to harmonic
frequency ratios while other spectral components are
clearly inharmonic ([32.185] and Sect. 30.2). Typically,
complex bell sounds give rise to more than one spec-
tral or virtual pitch [32.104, Chap. 11], [32.186], and
these sounds often show marked AM due to interaction
of narrowly spaced components. Spectral inharmonicity
and spectral modulation are features also found in non-
Western idiophones, in particular in Javanese and Ba-
linese gamelan [32.85, 86, 209, 210]. The combination
of pitch ambiguity, spectral inharmonicity and modula-
tion, which is characteristic of sounds from bells, gong
chimes and other metallophones, is not compatible with
the additive (f1 pitch C spectral sound color) concept
sketched above for harmonic complexes. Rather, such
sounds are sensed as spectrotemporal conglomerates
that are not easily analyzable into constituents by ear
even though musically experienced subjects can assign

pitches to many sounds by singing or humming a tone
(or several if they sense more than one pitch per sound).
Also, subjects make comments on the clangy or metal-
lic onset and the shimmering decay of such sounds,
which thus can be described verbally in terms of tim-
bral attributes. However, for many complex inharmonic
sounds there is even less a demarcation between the per-
ception of pitch and that of timbre than might exist for
harmonic complexes.

The issue of whether pitch and timbre are two
distinct or two interrelated qualities that subjects per-
ceive when listening to sounds such as synthesized
harmonic complexes or tones played on certain instru-
ments has been discussed on the basis of empirical
data [32.211–213], [32.104, Chaps. 10–12]. In regard
to criteria elaborated by Garner [32.172] for integral
and separable dimensions of perception, there seem
to be indications for both points of view. From com-
mon experience, one could argue that musically trained
subjects are capable of assigning two labels to musi-
cal tones presented in isolation, one denoting a pitch
and the other denoting a timbre that is characteristic of
a certain instrument or at least a type or a family of
instruments. The two judgments implied in such a la-
beling task are categorical in that the stimuli have to
be ordered into discrete categories. Such a task can
be accomplished if the cues available to subjects in-
tending to identify both the pitch (in terms of musical
denominations, e.g., F3, B4) and the instrument type
(e.g., tenor sax, trombone, cello, electric bass) are un-
ambiguous and salient. However, in experiments on
possible interactions of pitch, timbre, and loudness in-
volving synthetic sounds, subjects seemed unable to
attend to one dimension or attribute while disregarding
the other (two experiments coupled timbre and loud-
ness as well as timbre and pitch [32.211]). If the task
is discrimination of small changes in either pitch (with
respect to f0) or timbre (defined by spectral centroid)
of synthetic harmonic complexes, musically trained
subjects showed smaller difference limens (DLs) for
pitch than nonmusicians but were similar in their re-
spective spectral centroid DLs [32.213]. In addition,
performance differed significantly between congruent
(changes in f0 and spectral centroid were in the same di-
rection) and noncongruent conditions (which, in natural
sounds such as produced from wind and string instru-
ments, is unlikely). While some experiments suggest
pitch and timbre can be perceived as independent of
each other [32.212], interference of pitch and timbre
has been reported as well. A possible explanation for
conflicting evidence may be sought in different exper-
imental designs, stimuli, and tasks. If the stimuli are
tones from familiar musical instruments (or synthesized
tones close in timbre to natural sounds), in particular
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Fig. 32.11 Spectrogram 300Hz –
3 kHz, Jew’s harp melody, Opal
Shuluu (Tuva)

musically trained subjects will have little difficulty in
tracking both pitch changes and watching for changes
in timbre (for example, shifts in centroid and brightness
evoked through spectral filtering or by means of phase
shifts between partials). Subjects thus can focus on one
parameter at a time and quickly shift their attention
between two parameters; such a strategy may be effec-
tive for essentially independent processing of pitch and
timbre information. However, the structure of sound
stimuli and of the sensory input used for processing
has to be taken into account (Sects. 30.2, 31.1–31.6).
For complex harmonic sounds such as radiated from
aerophones and chordophones, BM filtering and audi-
tory neural processing conveys pitch information both
in place and in temporal code. Resolved partials and
groups of unresolved partials all contribute to periodic-
ity pitch while they also convey information concerning
spectral energy distribution and spectral profile, which
result in perception of sound color and the changes
it may undergo in the course of presentation. Major
changes in spectral structure and energy distribution can
also have effects on perceived pitches. For instance, at-
tenuation of the odd harmonics as well as phase shifts of
partials in a complex can bring about a shift in perceived
tone height by an octave or even several octaves while
not affecting the chroma component of pitch ([32.214]
and experiments reported in [32.215]).

The interdependence of pitch and timbre in har-
monic complex tones is evident from music realized
with instruments where a generator is put into the
mouth that functions as resonator as well as with styles
of vocal music where the mouth cavity serves as a band-
pass filter. Such techniques can be observed in musical
genres of various cultures where the Jew’s harp (also:
jaw’s harp, trump) or the mouth bow are in use, or

where styles of overtone singing are practiced. Fig-
ure 32.11 shows an excerpt of a melody played by
Opal Shuluu (Tuva) on a Jew’s harp [32.216, Track 31].
The spectrogram shows that each vertical sonority con-
tains quite many components in the most relevant band
(300Hz–3 kHz), many of which are nearly harmonic
and appear as multiples of a virtual pitch (autocorre-
lation, AC) at � 96:1Hz; the melody is filtered out
by changes in the resonator (mouth cavity) so that
certain components become more prominent in the
spectral energy distribution per time frame. It is a typi-
cal mixture of melody against a drone, or, put in terms
of Gestalt psychology [32.217, Chap. 7], of a figure
against a ground.

With inharmonic sounds, separation of pitch and
timbre is much more difficult since there is no strict
periodicity relevant for f0 pitch perception, and spec-
tral structure may be also quite irregular. This hampers
pitch perception for individual sounds from bells, gong
chimes, or other metallophones [32.218]. Further, se-
quences of inharmonic sounds representing a scale or
a melody may differ considerably in spectral energy
distribution from one sound to the next as can be ob-
served, for example, with bells in historic carillons.
Spectrograms of sounds (cut to the initial 3 s) recorded
from bells no. 1�3 of the Brugge carillon (Joris du
Mery 1744, [32.186]) in Fig. 32.12 demonstrate that,
notwithstanding essential components of a minor third
bell that can be identified in all three segments, there
is no homogeneous sound color since distribution of
spectral energy varies markedly between these sounds.
Further, the spectral component lowest in frequency
(arrows in Fig. 32.12 marking the so-called hum note)
in each of these three bell sounds is weak in intensity,
which implies it will hardly elicit an individual spectral
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Fig. 32.13 John Chowning: excerpt
from Phoné, left channel, cochleagram

pitch. Unlike the fundamental f1 in a harmonic complex,
which is reinforced by the sum of partials contributing
to f0 (f1 � f0), virtual pitches in inharmonic complexes
must not converge with the lowest spectral component.
In bell sounds, the most prominent virtual pitch (the
strike note) often is close to, but not identical with, the
second spectral component. If this is fairly strong, it
can be sensed as a spectral pitch besides the strike note.
Pairs of adjacent spectral and virtual pitches cause am-
biguity in perception.

The ambiguous nature of inharmonic sounds has
been explored in compositions of computer music
where textures of harmonic and inharmonic complexes
are interwoven as in works of John Chowning who
made use of the FM sound generation technique he
had developed [32.59, 219]. In one such work, Phoné

(1980/81), sequences of complex sounds, which at
times resemble formant structures of the human singing
voice, are distributed on two stereo channels (in the
CD mix [32.220]). Though the listener can detect tonal
elements in the complex sounds from both channels,
spacing of spectral components is quite dense and en-
ergy distribution covers much of the audio bandwidth.
A cochleagram (Fig. 32.13) shows an excerpt from
Phoné (left channel only); one can see several strong
components per time unit that are relevant in regard to
spectral and/or virtual pitches interspersed with broad
bands of energy. The perception resulting from both
channels is a complex mixture of timbral elements with
faint pitch structures in between. The vertical structure
of these complex sonorities thus differs from traditional
compositions where, typically, several voices can be
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distinguished, which interact in polyphonic settings or
combine into chord-like formations.

Electronic music based on analogue technology had
already lifted the boundaries between voices and tim-
bre. With digital technology, one can create complex
sonorities of many kinds. Also, interpolation between
various spectra chosen from natural sources can be
effected (spectral interpolation is different from cross-
fades between sounds as are available in most samplers,
Arfib et al. [32.221]). The approach to sound generation
based on digital FM opened new perspectives since,
taking the basic concept of FM, that is, carrier and mod-
ulator frequencies, one can combine several modules
that produce either carrier or modulator frequencies in
a network that can generate arbitrary spectra, which
again are modulated in frequency (or in phase) and
in amplitude over time. Such sounds in fact can con-
tain several inharmonic and/or harmonic complexes at
any given time. Implementation of this concept became
available in digital synthesizers suited to daily use in the
studio, and even on stage, in 1983 (DX 7 and follow-
up models like TX 802, TX 81Z). With digital FM
sound generation one can set parameters so that oc-
taves in a scale do have frequency ratios other than
2 W 1 (e.g., the golden mean, 1:618 W 1, which Chowning
employed in Stria, 1976/77, [32.63, 219]). Further, FM
technology enables composers to create scales, melodic
sequences and chord-like sonorities that appear para-
doxical in certain respects, and may be perceived like
auditory illusions [32.222]. In compositions like Stria
and Phoné, textures and mixtures of complex sounds
may still evoke perceptions of pitch and timbre, how-
ever, the flow of sonic objects that are heard, moreover,
moving in a 3-D space (the original version of Stria
is quadraphonic), transcends traditional categories of
tone, pitch, voice (in the sense of harmony and coun-
terpoint), and timbre.

Composing with complex sounds rather than with
musical tones is an approach realized in electronic and
computer music as well as in such orchestral works
where clusters of tones are equivalent to complex spec-
tral structures. In regard to perception and musical
syntax, an issue much debated is whether sequences of
complex harmonic and/or inharmonic sounds may con-
stitute a scale similar in function to a scale of pitches we
perceive when hearing a sequence of harmonic complex
tones. Some exploratory studies suggested a hierarchi-
cal organization of timbre similar to that of pitch would
be feasible, at least in principle [32.164, 165, 223].

The issue whether sound sequences could be con-
structed in which shifts in timbre is the parameter
equivalent to pitch shifts like in a musical scale, ap-
parently was nourished from some sketchy ideas on
the possibility of a Klangfarbenmelodie that Schön-

berg [32.224, p. 471] had added to his textbook of har-
mony. Schönberg seems to suggest that sounds might
be varied in sound color so that identifiable sequences
more or less analogous to pitch sequences would re-
sult. Schönberg did not go into detail except noting
that, as he saw it, Klangfarbe was a more general con-
cept comprising Klanghöhe as one dimension, referring
to a sensation of relative height evoked by one com-
plex sound when compared to another. His idea then
was to vary Klanghöhe in such a way that sequences
similar to a melody would be perceived. To be sure,
Klanghöhe is not identical with tone height defined by
linear frequency in two-componential models of pitch.
A likely interpretation of Schönberg’s short remarks is
that Klanghöhe can be taken as equivalent to the spec-
tral centroid. Consequently, operations on sounds that
would shift the centroid up and down like on a pitch
scale while maintaining the shape of the spectral enve-
lope might be suited to create a Klangfarbenmelodie.
Schönberg’s own approach to this concept as manifest
in his op. 16/III was that he had five tones in a complex
sonority changing so as to produce noticeable changes
in brightness over time [32.225]. Sensory brightness of
a sound is largely dependent on the centroid resulting
from spectral energy distribution.

If the spectral envelopewould be identical for all the
tones played by one particular instrument in different
registers (see above), a near-constancy of sensational
quality could be expected for listeners as the spectrum
is virtually shifted up or down in frequency with-
out changing the amplitude relations between partials.
There have been considerations of how operations such
as transposition and inversion (known from operations
on melodic pitch sequences such as canons) could be
applied to sounds with respect to the sensory and per-
ceptual quality of sound color [32.177]. The problem,
however, remains that shifts of the spectrum, while
maintaining a more or less identical sound color, might
not be perceived as such, yet rather as interacting with
pitch structures since pitch, in particular for musically
trained subjects, appears to be the more fundamental
perceptual quality. Consider for example the sounds
from 31 diapason pipes per octave as are available on
the organ that has been built for the Huygens–Fokker
tone system [32.226]. Playing the tones of this quite
unusual scale, one after another (the difference in f1 be-
tween adjacent pipes is 38.71 cent), musically trained
listeners will perceive a sequence of tones distinctive in
pitch and almost homogeneous in sound color. If one
conceives of timbral sequences based on complex in-
harmonic FM sounds (see above) meant to constitute
a timbre scale, it is likely that listeners with a musical
background may still be inclined to infer pitch relations
from such sequences though they may also perceive
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a concept of order among sounds varying in certain tim-
bral parameters.

Of course, in music and musical instruments there
are interrelations between pitch and timbre in many
respects. For example, mixture stops in pipe organs
were introduced to expand the spectral width and to
strengthen the brightness of organ sounds as well as to
reinforce the pitch of tones that were played with funda-
mental stops (such as the diapason or Prinzipal). There
is a combination of spectral and virtual pitch effects
if the tuning of the keyboard matches that of pipes in
mixture stops as close as possible. Also, interrelations
of pitch and timbre have played a significant role in
regard to musical composition and orchestration since
composers knew from experience which instruments
would fuse well in a homophonic texture and which
instruments would be suited to support perception of
individual voices in a polyphonic setting. Viewed from
acoustics and psychoacoustics, there are factors such
as formant-like concentration of spectral energy, partial
spectral masking between instruments and sensation
of roughness caused by spectral interaction in disso-
nant sonorities that need to be considered [32.181, 227].
Spectral fusion versus spectral roughness as well as em-
phasis of formants in singing styles are also relevant in
vocal music, as for example folk music idioms can dif-
fer significantly in this respect [32.228].

32.2.5 Sound Segregation
and Auditory Streaming

The performance of the auditory system in mammals is
striking in several respects:

1. Sensory processing is fast and quite precise with
respect to locating sound sources and extracting fea-
tures from complex sounds.

2. The auditory system is capable of integrating re-
lated information into entities that become perceiv-
able as objects.

3. The auditory system can distinguish between sev-
eral concurrent sound sources and objects so that
these can be identified and categorized accordingly.

This section will provide basics on hearing condi-
tions in environments and will then survey some of the
principles underlying formation of auditory objects, on
the one hand, and their segregation when occurring si-
multaneously, on the other. Since in particular auditory
stream segregation has been the subject of compre-
hensive monographs [32.217, 229], the following para-
graphs will only cover some of the relevant points.

Listening to music in a concert hall or in front of
an audio system (which may be stereophonic, quadra-
phonic, or ambiophonic) means a quasicontinuous

stream of sound waves propagating through a medium
(Sect. 30.3) reaches both ears of a subject who may try
to identify sound sources and objectswithin this stream.
In this respect, binaural hearing is the normal situation.
Depending on the environment (which may be a con-
cert hall, an open air concert, or one’s living room), the
ratio of sound energy emitted directly from the source
and the sound reflected from hard surfaces may vary.
In open spaces unbounded by reflecting surfaces, a free
field condition prevails. If music is presented on stage in
a concert hall, listeners typically have the orchestra or
band in front so that most of the sound energy is trans-
mitted directly, with a certain portion of lateral energy
reflected from the side walls; in addition, energy might
be reflected from a hard ceiling (for room acoustics
and their effects on auditory perception, see [32.230–
232]). In effect, in rooms bounded by hard surfaces,
there is a mixture of direct sound and diffused sound
between which a delay can be measured. The interau-
ral cross-correlation [32.230, Chap. 3] between sound
signals fed into both ears is a parameter suited to mea-
sure the degree of diffuseness. There are several more
parameters (such as clarity, reverb time, coloration,
distinctiveness or definition) that are of relevance for
perception. For sound sensed binaurally in a free field
(or in other spaces with negligible reverberation), mam-
mals can use the interaural time difference (ITD) and
the interaural level difference (ILD) as primary cues for
spatial hearing and source localization [32.233, 234].
A model widely accepted is that the interaural time
difference (ITD) is processed at the level of the infe-
rior colliculus (IC), in pooled neurons [32.235]. Acuity
is extremely high in that the just-noticeable difference
(JND) for ITD seems to be close to 10�s for a 500Hz
tone. In addition, the interaural level difference (ILD)
serves as a cue for localization [32.236]. Though both
ITD and ILD are restricted to certain conditions and
ranges, taken together they can provide sufficient in-
formation to subjects for localizing sound sources. In
regard to prerecorded music reproduced from audio
systems, listeners are mostly confronted with a stereo-
phonic setup where sources are panned on a left–right
axis while 5:1 and other surround sound systems simu-
late a 360ı panorama.Wave field synthesis [32.237] can
even improve spatial representations of sources from
prerecorded music that are perceived as if distributed
in a natural 3-D environment.

Patterns of sound waves entering the auditory sys-
tem binaurally can be extremely complex according
to musical and physical parameters encoded. Con-
sider, for example, performances of symphonic works
rich in harmonic textures and instrumentation where
also the dynamic range may vary considerably over
time. Hence, listening to music requires fast processing

http://dx.doi.org/10.1007/978-3-662-55004-5_30
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with sufficient resolution to allow for feature extraction
and overall categorization of the input. Fast extraction
of stimulus features necessary for sensory and motor
responses in afferent-efferent feedback loops affords
distributed processing along stations of the auditory
pathway (AuP) (Sects. 31.2–31.4). As expected, there
are indications that much of the processing relevant for
pitch and other features is done subcortically, and in
parallel up to the IC [32.238–240]. However, if process-
ing is hierarchical and distributed, one would expect
some neural network capable of integrating related in-
formation so that one perceives objects or even complex
wholes and not just a bunch of features. This problem
has been discussed quite extensively, in psychology and
neuroscience, as one of binding [32.241, 242]. Though
many studies on binding are concerned with visual per-
ception as well as with language, formation of auditory
objects also calls for a neural system suited to integrate
spatial and temporal information gained from the var-
ious stages of analysis in the cochlea and along the
ascending AuP. In the following, temporal and spec-
tral criteria relevant for fusion as well as for fission
of components in individual sounds and for fusion
or segregation of concurrent sounds will be reviewed.
Cues for identification of sound sources such as instru-
ments and voices as well as for perceiving sonic objects
embedded in a quasicontinuous stream of waves are
temporal, spectral, and dynamic.

Fusion and Fission of Spectral Components
in Individual Sounds

Evidently, we can hear a harmonic complex tone played
on an aerophone or chordophone (e.g., oboe, trumpet,
cello, sax) as a coherent whole notwithstanding that
a number of low partials of such tones will be resolved
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Fig. 32.14 Waveshape, harmonics 1,
2, 4�8 of f1 D 100Hz; partial no. 3
detuned to 255Hz

in the BM filter bank, and also groups of higher par-
tials will be segregated according to the CB auditory
filter model [32.243–245] In a nonanalytic listening
situation, individual harmonic partials and groups of
partials falling into different CBs will be perceived as
fused into one complex that, because harmonic par-
tials join into a common period, gives rise to a distinct
pitch and can convey a sensation of a certain timbre.
The section of a sound that appears as fused into one
object is the steady state while at the onset individ-
ual harmonics may be audible because, in particular in
aerophones, some modes can reach a stable regime of
vibration earlier than the bulk of modes making up the
spectrum [32.204]. Of course, one can adopt an analytic
stance and try to hear out some of the low partials in, for
example, a harmonic complex comprising ten partials
(f1 D 200Hz) with amplitudes rolling off at 3 dB=oct.
Also, a nonharmonic component included in a harmonic
spectrum most likely will be detected (if strong enough
in level) as a separate component not fitting to the
main body of partials constituting the perceptual ob-
ject (a complex harmonic tone). Consider, for example,
a harmonic spectrum where the third partial is detuned
to a frequency ratio of 2:55 to f1 D 100Hz while the
other components are in small integer frequency ra-
tios. Using ten components with amplitudes decreasing
at �3 dB=oct, the waveshape plotted in Fig. 32.14 re-
sults. The basic periodicity of 10ms corresponding to
f1 as well as to f0 resulting from partials 1, 2, 4�10 is
still dominant; however, the inharmonic component ob-
structs a regular waveshape to repeat per period.

Separation in this case is effected by means of two
concurrent pitch percepts, one based on the spectrum
and periodicity (f1 and f0) of the harmonic complex,
the other on the frequency and period of the inhar-
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monic component that stands out against the complex.
Such a situation basically occurs with bell soundswhere
several partials may fuse quite well while in particular
the minor third often is clearly detectable as a strong
component (Fig. 32.12). Most sounds from carillon and
swinging bells as well as such produced from gong
chimes or by means of FM technique (see above) are
ambiguous not because they would lack pitch and tim-
bre information but because this information does not
integrate easily into representing a single, coherent
sound object. Rather, subjects in experiments tend to
assign two or even more pitches to one complex in-
harmonic sound and in addition may find the timbre
variable with time [32.85, 86, 209, 246–248].

Onset Synchrony versus Asynchrony
of Concurrent Parts and Sounds in Music

Theoretical onset times and durations of notes in works
of music can be calculated from notations in case a cer-
tain metronome value is prescribed. Absolute tempo
(measured in beats per minute, BPM) in many record-
ings of pop music is evident from drum computer or
sequencer tracks. In music performances not bound by
notation and/or absolute tempo set by a machine, onset
times of various instruments may be measured relative
to some time keeper (for instance, a regular sequence
of fast notes the drummer plays on the ride cymbal).
Jazz and also rock musicians seem to have opinions of
what may contribute to a good groove in a musical per-
formance. One aspect often alluded to is that onsets of
certain instruments should be slightly ahead or behind
those of the time keeper. For instance, the bass may
drag the tempo a tiny bit ahead of the time keeper while
the snare drum is a tiny bit late, and then is perceived as
somewhat heavier relative to the beat marked by a reg-
ular sequence of pulses (e.g., the attack of strokes on
the ride cymbal). In such perceptions, two factors seem
to be of relevance. One relates to temporal order and
precision relative to an audible or imagined pulse, the
other perhaps to effects of masking. If all onsets were
synchronized so that sounds from different instruments
in an ensemble would converge as much as possible, it
would be difficult to distinguish their notes, in partic-
ular if instruments similar in sound color (see above)
are playing notes in consonant chords. Of course, this
is a situation wanted in certain musical contexts such as
homophonic settings where maximum fusion of parts
(as well as of partials) is desired. However, in poly-
phonic or multipart music, it is often necessary for
listeners to follow individual parts (or voices) in or-
der to apprehend musical structure as based on themes,
motives, and voice-leading. For example, many works
written for string or saxophone quartet require listen-
ers capable of perceiving individual parts as well as the

interplay of such parts in simultaneous chords or other
vertical sonorities. Experimental data suggest that even
musically trained subjects have difficulties in keeping
track with multipart music if the number of voices ex-
ceeds three and when timbres for all voices or parts
are relatively homogeneous [32.249]. Since timbre may
not suffice to distinguish sources within families of in-
struments such as bowed strings or saxophones, and
partial spectral masking can occur in particular if parts
are relatively close in the pitches of their respective
notes [32.181], temporal and dynamic factors come
into play as a means to keep parts or voices apart. As
has been reported by Rasch [32.182], subjects showed
higher scores in correctly detecting the direction of in-
tervals in quasisimultaneous concords formed of two
complex tones when their onsets differed by 0�20ms.
Rasch [32.250] also tested the role of onset asynchrony
in small ensembles where he found that those instru-
ments that play the main melodic line tend to lead by
about 30�50ms. Onsets as in performed music seem to
vary considerably relative to a grid one may calculate
from notation, or may impose from a reference instru-
ment. Onset asynchrony helps the listener to segregate
voices in polyphonic music. In polyphonic keyboard
works of the Baroque era (such as fugues written by D.
Buxtehude, N. Bruhns, J.S. Bach), different voices (as-
signed to the right and left hand of the performer respec-
tively) often do not begin aligned but with one voice
starting on the beat and another kept apart by a quaver
or semiquaver rest preceding the entry of that line.

Coordinated Modulation
of Spectral Components as Marker of a Source

There are many reports on the effects modulation has
on source segregation and identification. In particu-
lar, coordinated modulation of spectral components
so that their frequencies vary in parallel has been
stressed [32.251]. In experiments with synthesized
vowels presented in combinations at different pitches,
subjects judged the prominence of a modulated tar-
get vowel higher than unmodulated vowels [32.252].
In a musical situation such as when a solo violinist
is backed by an orchestra in a violin concerto, there
might neither be much difference in averaged (root
mean square, rms) sound level between the solo violin
and the orchestra nor in the timbre of the solo violin as
compared to the string section of the orchestra. Parame-
ters suited to effect acoustic and auditory segregation of
the solo violin against the orchestra then can be strong
onset attacks in nonlegato phrases and the use of sub-
stantial vibrato in legato phrases comprising long-held
notes. In fact, this is observed in many performances.
Detection of modulation has been found an efficient cue
for computerized scene analysis [32.253].
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Segregation of Harmonic Compounds
as in Single Consonant Chords

As has been explained in Sect. 31.6.4, there are cer-
tain conditions for perceiving harmonic complex tones
and combinations of such tones in terms of consonance,
fusion, and Verschmelzung, which means sounds such
as Stumpf’s ideal concord (Fig. 31.15) are perceived
as highly coherent while being also apprehended as
a configuration of tones related by certain intervals. In
order to apprehend structural relations between several
pure or complex tones, a listener should be able to seg-
regate a chord or other harmonic compound into its
constituents. This requires that a sound is present for
a certain time, and that the listener has some experi-
ence in analytic listening. The task is to find how many
pure or complex tones are contained in a chord or other
sonority, and to identify the relations between the com-
ponents. Consider for example the final chord in a work
of organ music like the Praeambulum primi toni a 5
in d by Matthias Weckmann where five voices join into
a long-held chord comprising the notes D2, D3, A3, F#4,
A4, D5 (the note D appears tripled to emphasize the key
of the piece). Since works like this Praeambulum are
usually played with several stops at 160, 80 and probably
also at 40 and 20, spectral energy relevant for pitch and
timbre perception as contained in many partials should
cover a frequency range from D1 to at least three oc-
taves above D5, that is, � 4:7 kHz. In the recording
used here for analysis (Wilde–Schnitger organ of 1683,
Lüdingworth near Cuxhaven), one of the stops is a 160

dulcian reed pipe that produces very many harmonic
partials per tone. Figure 32.15 shows a spectrogram
0�2 kHz and the f0 of the chord derived from AC and
subharmonic summation (SHS) analyses as well as the
output of a Bark filter analysis with the center frequen-
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Fig. 32.15 M. Weckmann, Praeam-
bulum, final D-chord, spectrogram
0�2 kHz, AC and SHS pitch analysis,
Bark filter analysis 0�2 kHz (15
bands), extraction of f0 (identical
with f1), detection of strong compo-
nents and of (frequency, amplitude)
modulation effects

cies spaced closer (ratio 0:85) than in the usual Bark
scale to emulate CB bandwidths as observed in au-
ditory peripheral filtering. These data-driven analyses
demonstrate that segregation of constituents according
to features (pitch-relevant partials, other harmonics, on-
sets, temporal fluctuations of spectral components in
frequency and amplitude) is possible, at least to a cer-
tain extent.

Hearing the chord live in the church, one may try
to use spatial information since the pipes sounding the
chord are distributed in the organ (with the pedal stops
housed in two towers flanking the main organ case).
In regard to pitches, which are often the strongest cue
for auditory analysis, one can hear the fundamental at
D1 � 38:8Hz (the organ is tuned to A4 � 466:3Hz),
which is the f1 spectral component of two of the 160

pipes employed as well as a periodicity pitch (f0) that is
confirmed by both AC and SHS analyses (Fig. 32.15).
Of the remaining tones, several can be identified by
their pitch intervals relative to D1, especially A3, F#4,
and D5. Neglecting small fluctuations in frequency and
amplitude (Fig. 32.15), the D-major chord to one’s ear
offers a high degree of Verschmelzung notwithstanding
small tuning deficiencies (the organ is in meantone tun-
ing, implying the F#4 is a just major third but the A3 and
A4 are flat by 5.5 cent respectively). Auditory analysis
in this case is not too difficult because the chord lasts
for almost 5:5 s.

Segregation of Auditory Streams
In 1649 and 1654, Jacob van Eyck, a famous Dutch
carillonist and flutist, published two volumes of a col-
lection of some 150 tunes, many of which were part
of the popular repertoire of his time [32.254]. These
tunes, which can be performed with a single soprano
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recorder, are elaborated in variations, which include
embellishments such as figurative elements as well as
short notes inserted into the somewhat longer notes of
the tune. In effect, if played at a lively or even fast
speed by a skilled flutist (as van Eyck was), the im-
pression on a listener is that the music, though not truly
polyphonic (which would rather call for two or more in-
dependent voices), is not monophonic either. The type
of setting found in van Eyck’s anthology has been la-
beled pseudopolyphony; it was a technique employed
also by J.S. Bach in his works for violin solo and cello
solo (BWV 1001-1006; 1007-1012)where, however, si-
multaneous intervals and even full chords are included
as these are playable on a bowed string instrument
that offers four strings. In Fig. 32.16, a small sec-
tion from the performance of one of the tunes adapted
by van Eyck (Wat zalmen op den Avond doen? Van
Eyck [32.254]; Marion Verbruggen, recorder) is shown,
which demonstrates the style of a pseudopolyphony
where two voices played on a single recorder seem to
interlock in time.

As Fig. 32.16 demonstrates, most of the main notes
making up the tune are in a higher register, and are
played with more force than the very short notes that
fall between them. Thus, there are two frequency re-
gions divided at � 950Hz; the very first note/tone
(� 841Hz, Ab

5) can be related to both the upper and
the lower stream, which are divided by about an octave
(tone no. 2 is at 1109:3Hz, Db

6, tone no. 3 is at 552:4Hz,
Db

5, etc.).
The perception of pseudopolyphonic structures

such as found in works of van Eyck and Bach de-
pends on several parameters. One is the average interval
between the upper and the lower sequence of tones, an-
other is the tempo (measured in MM or BPM) of the
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Fig. 32.16 Pseudopolyphony (af-
ter [32.254]); performance on a single
recorder. The beige line at 950Hz
segregates two melodic streams. The
tones in the lower stream (of which
the first four are marked with arrows)
are very short. The solid line connects
the first two tones as were played and
the dashed lines connect the tones
2, 3, 4, 5, 6, 7 in the up-and-down
sequence. The decay in the tail end of
the tones results from reverberation in
the recording as well as from the filter
response in the analysis

performance, which determines the number of events
per time unit (event density) as well as the relative du-
ration of tones (e.g., quavers, semiquavers) to be played
in a phrase. Musically trained listeners will be able
to follow both the tune melody and the up-and-down
motion of pitches installed between notes/tones of the
upper and the lower register even if their duration can be
quite short (t � 200ms). If the tempo increases further
(which can be done by digital time compression with-
out affecting pitch) to 150% of the original version, it is
more difficult to follow the pattern of up-and-down in-
tervals. Doubling the tempo, and hence the presentation
rate, hampers interval perception and leads to a percept
where the tune is still present but the tones in between
no longer join into kind of a counter melody (as is in-
dicated by tones in the lower region of Fig. 32.16).
Also the rhythmic pattern seems to have changed to
a galloping type as has been described, for certain
tone sequences, by van Noorden [32.255] and Breg-
man [32.229]. Of course, such a tempo would not suit
any musical performance of this style of music. How-
ever, there are idioms such as the Kiganda Amadinda
xylophone music of former Buganda [32.256, 257]
where basically two melodic sequences are played si-
multaneously, in isochronous pulses, with no metric ac-
cent, at a very high speed (eighthnote� 520�600MM).
Each sequence is of a certain length (for instance, 36
notes), and is repeated over and over. Unless one is fa-
miliar with Luganda language and the concept behind
the music, it is not possible to apprehend individual se-
quences (which are mostly derived from songs that can
be narrative in character). Rather, in particular Western
listeners tend to perceive a number of patterns that have
been explained as inherent in the fast tone sequences
one actually hears [32.256, 258]. In this respect, such
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patterns have an objective basis. However, the Gestalt-
like formations listeners perceive or imagine result from
perceptual and cognitive structuring that leads to both
segregation of tones within sequences into high and
low pitch streams and to recombinations of elements
into melorhythmic patterns. Since there is no objective
rhythm implemented in isochronous pulse sequences
produced without metric accents, the rhythmic group-
ing listeners realize seems to be derived from melodic
patterns. The patterns listeners believe to perceive can
be viewed as emerging from the very fast sequences,
in an effort to group elements into coherent, musically
probable formations.

The facts concerning pseudopolyphony and per-
ception of inherent or emergent patterns briefly sum-
marized in this section have been tested, on a much
more fundamental level in a lab situation, in exper-
iments on auditory stream segregation. An early ex-
periment [32.259] found that, in the human hearing
range up to � 4 kHz, two pure tones A and B pre-
sented binaurally, each lasting 80ms (plus 20ms rise
and decay time), appeared as a quasicontinuous up-
and-down movement when their frequency difference
df =f was within � 15% but turned into an interrupted
two-tone pattern (A:B:A:B: : :) when the difference was
larger. Seeing that the repetition rate for a pair A:B in
this experiment is � 5Hz; the trill threshold – as the
critical frequency difference was called – for 500Hz
would be close to 75Hz, which equals 242 cent; as
one might expect, this is about the width of a CB.
Bregman and Campbell [32.260] reported two experi-
ments one of which had six sine tones (2.5, 2, 1:6 kHz,
550, 430, 350Hz) each lasting for 100ms as stimuli.
These tones were arranged in two sequences of high and
low. With short duration of each tone, and high repeti-
tion rate of the sequences, subjects grouped the tones
into two streams representing high and low tones. Van
Noorden [32.255] conducted several experiments on se-
quential coherence of tones (as in melodies) and found
that stream segregation depends on:

� The interval in pitch between two tones.� The repetition rate. With increasing repetition rate,
the interval width necessary for segregating tones at
two different pitch levels into streams decreases.� The intensity level differences between tones pre-
sented with alternating loudness, which can have an
effect on perceptual grouping (termed roll effect by
van Noorden [32.255]).

In addition, differences in timbre have been reported
as a factor relevant in forming streams [32.261]. Finally,
manipulating the phases of complexes of unresolved
harmonics can lead to sequences of sounds that do not
differ in power spectrum yet appear different in percep-

tion; such differences in perceptual quality may suffice
for also inducing segregation [32.262].

Auditory stream segregation apparently is based
on data-driven bottom-up analysis that starts at the
auditory periphery. However, there are also top-down
processes since segregation draws on learned schemata
and on musical experience in general. It is of interest to
note that quite many observations on auditory stream
segregation can be viewed in regard to principles of
Gestalt perception such as temporal and/or spatial near-
ness or proximity of elements, their good continuation
as in a melody, the common fate partials of a harmonic
complex share in FM, the conciseness of a certain
rhythmic or tonal pattern, or its closure, etc. (a list
of more than 100 principles of Gestalt perception was
assembled by Helson [32.263]). A detailed discussion
of experimental findings and an interpretation of many
observations in terms of Gestalt perception and cogni-
tive psychology will be found in [32.217] and [32.229].
Parallel to behavioral experiments, modeling of audi-
tory stream segregation and development of algorithms
for automated DSP-based analysis have been pursued.
Though there are different approaches, many are based
on peripheral auditory filtering of acoustic input and
on emulating stages of neural processing [32.253, 264–
267]. Separation of sources and assignment of sonic
objects to streams or voices can be achieved by means
of DSP algorithms operating on digitized sound files if
sufficient information can be gathered from the cues
named above (different onset times, different pitches
and spectral patterns of concurrent sounds, identifica-
tion of harmonic partials undergoing common fate FM
as a marker of a common source, etc.). Another as-
pect that relates to auditory stream segregation and
to auditory scene analysis in general is transcription
of polyphonic music into conventional staff or other
graphic notation [32.268–270].

Summing up this chapter on timbre, the term can
be used to denote the spectral plus temporal features
of a sound sensed by subjects as a tone quality that,
however, may include dynamic changes. For example,
the tone quality of a clangy metal gong sound resides
largely in the modulation while the tone quality of a vi-
olin may be more dependent on spectral formant struc-
ture (and, hence, on tone color). In recent decades, it
has been customary to address the phenomenal appear-
ance of temporal and spectral sound features as they
interrelate in sonic objects simply under the umbrella of
sound. This is a term that has gained importance in par-
ticular in the production and perception of pop and rock
music. Sound, in this respect, comprises various aspects
having to do with the localization of sound sources in
a stereo, quadraphonic or surround-sound mix as well
as with the depth of space conveyed by the ratio of
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the direct signal and (natural or artificial) reverberation.
Original sound sources, in addition, can be modified by
means of filters and compressors, and can be modulated
in many ways. Characteristic of sound in pop and rock
music genres is the use of special effects such as phas-
ing, flanging, chorus, modulation of filter and spectral
envelope parameters, cross-modulation between several
sources, etc. applied to single or to groups of instru-
ments (see articles by Dutilleux and Zölzer and by
Evangelista in Zölzer [32.66], also [32.271]). Further,
sound in pop, rock and also jazz music involves play-
ing techniques (as is evident from rock guitar playing
where one uses string bending, finger vibrato, so-called
claw hammering, etc.) and also tuning of instruments.
Note, for instance, the electric guitar on Pops Staples’
World in Motion (Virgin, 1992) tuned low to C2 instead
of E2. Moreover, the guitar apparently was played with
an amp using a tremolo effect (often wrongly labeled
vibrato in amp literature) and a 1500 loudspeaker to re-

inforce low frequency response and to make the sound
appear big in volume. Further, some reverb has been
put on the guitar (either in the amp or, more likely, in
the mix). The sound resulting thus is a combination
of the notes played plus the tuning of the guitar and
the frequency response and other specifications of the
technical devices used in the performance and record-
ing of the song in question. Sound, in this respect,
is a highly dynamical, time-variant construct that has
objective physical and musical foundations. The ac-
tual interplay of temporal, spectral, spatial and dynamic
features may undergo many changes in the course of
a relatively short piece of music, which listeners may
attend to; consequently, they will perceive sound as
a dynamic process. However, one can also abstract the
more recurrent and (within limits) more or less invari-
ant features that are regarded typical of a certain sound
(e.g., the types of distortion and of feedback in guitar
sounds used in genres of hard rock productions).
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