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Preface

Since the middle of the twentieth century, concert performance developments have
created raised, and to some extent, new demands on musicians and architects.
Reasons for changes in performance conditions can be found on the one hand in
the tendency for ever larger concert halls and on the other in the fact that listeners,
educated by quality recordings are used to a high degree of precision and subtle
tonal nuances. These circumstances lead to acoustic and performance technical
problems for the interpreter unknown in previous generations. These tasks must
largely be mastered by the musicians themselves, yet in some sense Tonmeister
(sound recording engineers) and builders of concert halls can have an essential
influence on the tonal results of a performance. Thus it is important for all
participants to be knowledgeable of those acoustic processes which shape the
tonal development beginning with the tonal perception of the performer down to
the aural impression of the listener.

With this background, the first German edition of the book Acoustics and
Musical Performance appeared in 1972, in which those aspects of musical instru-
ment acoustics, and room acoustics, relevant to music in general were considered.
An important element of this book was the consideration of the degree to which
approaches to performance practice could be derived from those principals. The
great demand for these themes made several new editions necessary, which in each
case were revised to include current knowledge. Thus, this English edition of the
book is based on the 5th German Edition of 2004. In addition to new experimental
results in the physical, technical realm, many personal experiences by the author, as
presenter and conductor of demonstration concerts with large orchestras, not only in
Europe, but also in the USA and Japan, relating to questions of orchestral arrange-
ments have added significant insights.

In order to make this complex subject matter accessible even for readers without
special knowledge in the physical sciences, the principal chapters are introduced by
brief explanations of the most important fundamental concepts of acoustics as well
as a selection of some of the more important hearing principles essential for
understanding. The detailed representation of directional characteristics in the
fourth chapter was originally intended especially for audio engineers. Since then,
the new area of room acoustical simulation auralization has been developed which
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could not be anticipated in 1972. The sections concerned with room acoustics are
deliberately limited to those aspects essential to musical performance. They are
thus intended as an introduction for non-acousticians. On the other hand, it is likely
more important for acousticians, when considering historic performance technical
matters, to gain an insight relating to things which are routine for every musician.

Acoustic data which characterize tonal characteristics in sound radiation of
musical instruments as well as room acoustics processes represent objective facts.
In contrast, performance practical directions in many cases are only examples of
subjective interpretations. They are intended merely to show the possibilities for
utilizing acoustical facts for the realization of an artistic tonal perception. In this
sense, the present volume occupies a position between the standard works of
Fletcher/Rossing (The Physics of Musical Instruments) and Beranek (Concert and
Opera Halls — How They Sound). They thus form a bridge between musical
instrument acoustics and room acoustics, based on practical experience.

Scientific data obtained by the author are the result of continuing exchange
between experimental investigations at the Physikalisch-Technische Bundesanstalt
in Braunschweig and lectures in the framework of the audio engineering program
(Tonmeister-Ausbildung) at the School of Music in Detmold (Music Academy).
The author here again expresses gratitude to both institutions for decades of
support. It is precisely the cooperation with generations of audio engineers that
has significantly contributed to the fact that in recent years changes in attitude of
conductors concerning the seating order of strings in the orchestra have been
effected.

My personal thanks go to Professor Uwe Hansen of Indiana State University
who has made enormous efforts to translate the voluminous text into English, while
fine-tuning the formulation of numerous details in personal communications during
several visits to Germany. Beyond that he has also taken it upon himself to interact
with the publisher concerning production details. Special thanks also go to Springer-
Verlag for the successful cooperation and the appealing final appearance of the
volume.

Branschweig, Jiirgen Meyer
Germany



Translator’s Preface

A number of comments are in order. It has been a great pleasure to be associated
with this work, which so admirably bridges the gap between science and perfor-
mance. As I was translating, at times it was as though I could hear Jiirgen’s voice
speaking from the pages. The translation has progressed in three stages. The initial
attempt was to preserve the integrity of the German original. Readers who feel that
the final version retains too much of the German convoluted grammar have my
sympathy and my apologies. The second step attempted to transform the literal
translation into readable English. The third approach included a thorough review
with the Author, to insure scientific accuracy and preservation of the Author’s
intent. As in the earlier translation of the second edition by John Bowsher and
Sibylle Westphal we are using the American notation for octave assignment of
notes, except we prefer the standard American usage of subscripts. Thus, what
follows is a comparison of notations

American C] Cz C3 C4 C5 C(J C7 Cg

German C C c c’ c”’ ¢’ ¢t e
1

Vowel association with formants in a spectral content occurs frequently through-
out the book. The German edition uses the German letters a, o, u, e, i, and the
modified “Umlaut” letters &, 6, and ii for this purpose. Unfortunately English, and
of course also American vowel usage frequently goes over into a double vowel or
diphthong pronunciation. The use of international phonetic symbols was consid-
ered, but both the Author and I felt that easy access would be encumbered by that
solution. We finally decided to retain the German vowel use and add the English
pronunciation in parentheses such as a(ah) with the understanding that a detailed
guide is included in this preface. This recognizes that English vowels, like a, 0, and i
are in fact pronounced as eh-ee, oh-oo, and ah-ee, where the second vowel generally
is short. In this context the vowel relationship to the formant relates only to the first
vowel of the otherwise colloquially used diphthong. Thus the sound represented by
the o vowel should be sounded as only the “oh” sound with the usually short

vii
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following “00” sound entirely dropped. The following represents a pronunciation
guide for the German vowels as used in connection with formant representation

“00” as in tool

“oh” as in old

“aw” as in fall

“ah” as in father

as in her with pursed lips

as in French rue

as in air

“eh” as in late without the
final short ee sound

(IR --HE = o HE I L e I =1

i “ee” as in fleet

My thanks go to the Indiana State University department of Languages Litera-
ture and Linguistics for the use of language laboratory facilities and the help of
numerous students.

Innumerable discussions with Dr. Ramon Meyer, formerly music director of the
Terre Haute Symphony, Professor Emeritus of Music, and director of the Choral
Program at Indiana State University, have been a great help in clarifying current use
of musical terminology.

Terre Haute, Uwe Hansen
IN
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Chapter 1
Introduction to Acoustics

1.1 Fundamental Physical Principles

1.1.1 Sound Pressure

When we hear music, the perceived tonal impression is caused by sound carried to
our ears by the air. Relevant in this context are the minute pressure variations which
are superimposed on the stationary pressure of the air surrounding us. The pressure
variations propagate as waves in space. These more or less periodic deviations from
the stationary mean value, comprise the so called sound pressure variations, for
which in practice the shorter term “sound pressure” is used.

Since our ear is capable of responding to a wide range of sound pressures, from a
barely perceptible sound, to the intensity for which the hearing sensation becomes
painful, generally a logarithmic scale is used to represent the range of sound
pressure values of interest to the acoustician. This makes the scale accessible and
inclusive. The relation of a certain sound pressure to a reference value is given in
“decibels” (dB), and one speaks of the sound pressure level, where the concept
“level” always refers to a logarithmic scale. To the unaccustomed reader this
procedure may initially appear somewhat complicated, however, it has proven
very advantageous in practice, particularly once a number of dB values are asso-
ciated with their corresponding sounds as heard. Furthermore, the logarithmic
dB-scale reflects hearing perception more closely than a linear representation.

So called “absolute” dB values for sound pressure levels are obtained when a
reference value of 2 x 107> Pa (Pascal) is used. This value was chosen by
international agreement. It corresponds approximately to the threshold of hearing in
the frequency region where the ear is most sensitive. (Consideration of the reference
value as well as the logarithmic calculations are carried out by the measuring
instrument.) As an example, in a Bruckner Symphony, depending on concert hall
size, and location in the hall, as well as the size of the orchestra, one can expect
values between 90 and 100 dB for a fortissimo, on the other hand a pianissimo could
result in 4045 dB.

J. Meyer, Acoustics and the Performance of Music. 1
DOI: 10.1007/978-0-387-09517-2_1, © Springer Science + Business Media, LLC 2009



2 1 Introduction to Acoustics

It is, however, possible to use some other, arbitrary sound pressure value as a
reference. In that case one obtains a “relative” dB value, particularly suitable for
characterizing the difference between two sound levels. A value of 0 dB, would
indicate that the two processes being compared have the same sound pressure, not,
however, that they are at the lower limit of hearing. If in the example given above a
fortissimo is measured at 100 dB (absolute) and a pianissimo at 45 dB (absolute) the
resulting dynamic difference would be 55 dB (relative). The addition “relative” is
dropped in general usage, while in situations which are not clear from the context,
the absolute measure is emphasized by an indication of the reference sound
pressure.

1.1.2  Particle Velocity

The actual cause for generating and propagating pressure variations lies in the fact
that individual air particles vibrate about their rest position, and thus collide with
neighboring particles in the direction of their motion. The velocity with which the
particles move, relative to their rest position, is called the particle velocity. As is the
case with sound pressure, the particle velocity likewise is subject to fluctuations.
However, as the particles vibrate back and forth, not only is the magnitude changed,
but also the direction of motion.

Sound pressure and particle velocity together determine the so called sound
field, which characterizes the all inclusive temporal and spatial properties of a
sound process. Here one is not only concerned with the magnitudes of these two
quantities, but also with their relative phase. This means that the maximum pressure
will not necessarily always coincide in time with the highest particle velocity. A
relative shift in time between variations in pressure and velocity is quite possible.

In the case of a propagating plane wave, however, as in the case for larger
distances from the sound source, i.e., in the far field, pressure and velocity are in
phase. Furthermore, there is a direct proportionality between those two quantities:
when the sound pressure rises, the particle velocity increases in the same measure.
The relationship between pressure and velocity is thus determined by the “resis-
tance” presented by the air to the vibrations. This “characteristic field impedance”
(earlier denoted as sound wave resistance) can be considered to be constant for
practical purposes.

With that in mind, one can describe the sound field by sound pressure alone,
when considering the far field, as is almost always the case for the listener in a
musical performance. Furthermore, it should be noted that the ear responds exclu-
sively to sound pressure. On the other hand, for recordings with microphones, it is
entirely possible to come so close to the sound source that sound pressure and
particle velocity are no longer proportional to each other and are no longer in phase,
and thus both must be considered. The so called “near field effect” is well known.
For certain microphone types it leads to an unnatural amplification of the low
registers.
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1.1.3 Sound Power

Describing a sound field by specifying sound pressure levels for a number of points
in a room represents a view point oriented toward the listeners, or recording devices
at those points. Naturally the measured sound level depends on the strength of the
sound source. It is therefore also of interest to determine a characterization of the
sound source, which describes its strength independently of spatial considerations
and the distance from the listener. This relates exclusively to the sound source itself.
Such a quantity represents the sound energy radiated by a source in all directions
during a unit of time. This quantity is designated as the sound power of the source.

The physical unit for power is the Watt; however, since acoustic power values
occurring in practice cover a large dynamic range, as is the case for sound pressure,
acoustic power can be represented on the more accessible dB scale. At the same
time this simplifies the connection between the power of a sound source and the
resulting sound pressure, which is of particular interest in room acoustics.

A power of 1072 Watt serves as reference value for the dB scale of sound
power. This value is a result of the reference value for sound pressure and the
characteristic field impedance for air. Numerically, the sound power level given in
dB corresponds to the sound pressure level at the surface of a sphere with surface
area of 1 mz, which surrounds the center of the sound source, i.e., equal to the sound
pressure level at a distance of approximately 28 cm from the center of the source.

Inasmuch as the dB scale is built on a logarithmic basis, the dB values for the
power of individual sound sources can not simply be added to determine the
combined power during simultaneous excitation. Rather, depending on the factor
by which the total power exceeds that of the individual sources, a value must be
added to the dB value of the individual sound sources.

Table 1.1 shows some value pairs needed for this calculation. For example, if the
sound power is doubled — possibly by doubling the number of performers — the total
radiated power is raised by 3 dB; however, on the other hand, if the number of
players is raised from 4 to 5, this means an increase of only 1 dB in the radiated
sound power.

Table 1.1

Power multiplier Increase in dB
1.25 1
1.6
2.0
33
5.0

10.0 10

~N W
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1.1.4 Frequency

The number of pressure fluctuations or vibrations occurring in a certain time period
is designated as the frequency. In this context a single vibration is counted from an
arbitrary starting point to the adjacent equivalent point where conditions prevail
identical to the starting point. For example, in the case of a pendulum, the period of
a vibration includes the time from the moment of highest excursion on one side
until the subsequent instant of highest excursion on the same side.

The number of vibrations per second is given in Hz (“Hertz”). For very high
frequencies 1,000 Hz can be replaced by 1 kHz (“Kilohertz”), to avoid large
numbers. Vibrations perceived by our ear lie in the range of approximately
16 Hz-20 kHz. Frequencies above that are designated as ultrasound, frequencies
below that as infrasound.

The musical reference note A4, for example, has a frequency of 440 Hz; a
summary of some additional frequency values associated with musical notes is
given in Table 1.2, frequency values are rounded for the sake of clarity. The highest
notes in this table occur only extremely rarely, nevertheless these frequencies, and
the additional frequency range up to the threshold of hearing, is of interest in
connection with tone color effects of overtones.

1.1.5 The Speed of Sound

While the particle velocity indicates the speed with which air particles move
relative to their rest position, one designates the speed of propagation with which
pressure fluctuations spread in the air space (or some other medium) as the speed of
sound. It is thus this speed of sound which is relevant when considering the delay
with which a sound process reaches the ear after being released from some distance
away.

The speed of sound in air is independent of frequency, however, it depends in
some small measure on the stationary air pressure, as well as on the carbon dioxide
content, nevertheless, the latter effects are of little consequence for practical
musical purposes.

Table 1.2
Frequency (Hz) Note
16.5 Cy C key in the 32’ register of the organ
33 C, C-string of a 5 string contrabass
66 C, C-string of a Cello
131 C; C-string of a Viola
262 C,4 lowest violin C
524 Cs high tenor C
1,047 Cg high soprano C
2,093 C; highest violin C

4,185 Cg highest Piccolo C
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Table 1.3
Air temperature (°C) Speed of sound (m s_l)
—10 325.6
0 331.8
+10 337.8
+20 343.8
+30 349.6

On the other hand, the observation that the speed of sound increases with rising
temperature, is more important. This influences the tuning of brass instruments, for
example. This effect also plays a role in sound propagation through differentially
heated layers of air, which can come about by less than optimal heating installa-
tions, solar influence, or over a cool water surface in open air performances. For
this reason, values of the speed of sound in air at several temperatures are given in
Table 1.3.

Accordingly, in the range of average room temperatures, a mean value for the
speed of sound in air can be calculated as 340 m s~ '. This means that a listener at a
distance of 34 m from the concert podium hears the sound with a delay of 1/10 s.
This corresponds to a 1/16 note for a tempo of MM J = 152. Such distances are quite
common in large concert halls, however, the eye is no longer in a position to follow
the motions of the performer exactly, so that the lack of temporal coincidence only
becomes uncomfortably noticeable when using opera glasses.

1.1.6 Wavelength

Since sound waves spread with a certain propagation speed, naturally a spatial
separation results between two successive pressure maxima (wave peaks). The
faster these maxima follow each other (i.e., the higher the frequency), the shorter
is the spacing. This spatial distance between two neighboring pressure maxima (or
two neighboring pressure minima) is designated as the wavelength. It can be
calculated from the formula

Wavelength = (Speed of sound)/frequency.

For a speed of sound of 340 m s~ ' a number of examples of wavelengths in air
are given in Table 1.4.

Wavelengths ranging from several meters to a few centimeters occur in the
region of audible frequencies. This means that at high frequencies the wavelengths
are small compared to musical instrument dimensions, and the sizes of rooms, and
surfaces on which the sound impinges. For mid frequencies, in contrast, the
wavelengths are of the same order of magnitude as the dimensions mentioned.
In the low frequency range the instrument and room dimensions must be considered
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Table 1.4
Frequency (Hz) Wavelength
20 17.0m
100 34m
1,000 34 cm
10,000 3.4 cm

as small in comparison to the wavelengths. These considerations are of great
significance for sound radiation from sources, and for processes dealing with
room acoustics.

1.2 Characteristics of the Auditory System

1.2.1 The Sensation of Loudness

A sensation of hearing arises when pressure fluctuations, which reach our ear, occur
in a certain frequency region, and do not fall below a minimum sound level. The
lowest frequency for which a vibration process is still perceived as a tone is
approximately 16 Hz. This corresponds to a Co which is included in the 32’ register
of some large organs. For yet lower frequencies the ear can already follow the
temporal process of the vibrations, so that a unique tonal impression can no longer
be formed. For younger persons the upper limit of hearing lies in the range of
20,000 Hz. This is, however, subject to individual variations, and decreases with
increasing age.

The lower sound level limit for the ability to detect tones is also not the same for
all people. However, from a large number of measurements, based on statistics, a
mean value can be calculated, which characterizes typical behavior. In this context,
the interesting result is noted that this so-called threshold of hearing depends in
large measure on frequency. This characteristic is represented in the lowest curve of
Fig. 1.1. In this diagram frequency increases from left to right, and the absolute
sound level increases in the upward direction. One notes that the ear responds with
most sensitivity to tones in the frequency range between 2,000 and 5,000 Hz. In this
range the minimum required sound level is the lowest. For higher frequencies, but
even more so for lower frequencies, the sensitivity of the ear is reduced, so that in
these regions significantly higher sound pressure levels are required for a tone to
become audible.

The same tendency is evident when at higher intensity, tones of different
frequencies are compared in relation to their impression of loudness. The sound
pressure level as an objective measure of existing physical excitation is by no
means equivalent to the loudness as a subjective measure of sensation. In order to
establish a connection between the two, the unit of a phon was introduced for
loudness level. It is defined such, that the dB scale for sound pressure level and the
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Fig. 1.1 Equal loudness curves for sound incident from the front, with Threshold of hearing and
threshold of pain indicated, as well as threshold of discomfort (after Winkel, 1969). The heavy
lines with end points show that depending on frequency, a different sound pressure level difference
is required for the loudness level difference between 50 and 80 phons

phon scale for loudness level coincide at 1,000 Hz. When tones of different
frequency are compared to a tone of 1,000 Hz, the so called equal loudness curves
are obtained which represent the relationship between the objective sound pressure
level and the loudness level as determined by the sensitivity of the ear. Several of
these curves are recorded in Fig. 1.1.

For example, following the curve for 80 phons shows that this loudness level at
1,000 Hz (by definition) was caused by a sound pressure level of 80 dB. On the
other hand, at 500 Hz, approximately 75 dB are sufficient for the same loudness
level impression, while at 100 Hz almost 90 dB are required. A level of 80 dB
would accordingly be perceived as somewhat louder at 500 Hz than at 1,000 Hz. At
1,000 Hz it would be perceived as a loudness level of 84 phons, while the same
sound pressure level would cause a loudness level of only 72 phons at 100 Hz.
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In the region of lower loudness levels the curves rise more steeply with decreas-
ing frequency. Here the sound pressure level differences are even larger between
tones of equal loudness sensation: For a loudness level of 30 phons a sound pressure
level of 30 dB at 1,000 Hz contrasts with a value of almost 50 dB at 100 Hz.

This differentially steep slope of the curves at low frequencies leads to the fact
that the lines of equal loudness level come closer together, and thus a sound
pressure level change here is responsible for a larger loudness level change than
at higher frequencies. Thus a rise of the sound pressure level from 60 to 90 dB at
50 Hz corresponds to an increase in loudness level from about 25 to 70 phons,
whereas in contrast, at 1,000 Hz, this would correspond to an increase from 60 to
90 phons; the perceived dynamic difference accordingly would be 45 phons at
50 Hz, at 1,000 Hz, however, only 30 phons.

The relationship of phon values to the corresponding sound pressure level in the
equal loudness curves is strictly valid only for tones of long duration. When the
duration of a tone impulse is less than approximately 250 ms (1 ms = 1/1,000 s) then
the perceived loudness level is somewhat lower than expected from the corresponding
sound pressure level. The difference in comparison to a long lasting tone is approxi-
mately 1 dB at 200 ms, and increases to a value of about 2.5 dB at 100 ms and to 7 dB
at 20 ms (Zwicker, 1982). This indicates that the loudness impression for short tones
or noises is not determined by the power (energy per time unit), but rather by the total
acoustic energy (power times duration) (Roederer, 1977).

In contrast, a brief rise of the sound pressure level at the beginning of a tone of
longer duration can increase the perceived loudness level above the level
corresponding to the later sound pressure level of that tone. An increase of the
sound pressure level by 3 dB during the first 50 ms raises the entire tone by
approximately 1 dB, while a corresponding sound pressure level increase at a
later point in time is practically not perceived (Kuwanao et al., 1991). From this
electronic — and thus rather abstract — sound experiment one can conclude that
instrumental tones played with firm attack have a loudness edge over tones played
equally loudly, but with soft or uncertain attack.

In addition to the threshold of hearing and the equal loudness curves, the diagrams
of Fig. 1.1 contain two additional curves which in a sense provide an upper
boundary for hearing processes. The so-called threshold of pain indicates those
levels above which the hearing sensation becomes painful. At this point a safety
measure goes into effect in the middle ear, which protects the inner ear from a
damaging overload, so that it no longer transmits the full vibration amplitude
(Reichardt, 1968).

However, even below this threshold of pain there are loudness levels which in a
musical context are no longer considered to be beautiful, but rather annoying. Such an
esthetically determined boundary clearly is less exactly delineated than a transition to
a sense of pain. This annoyance boundary, nevertheless, gives an indication for sound
pressure levels which should not be exceeded. The decline of this curve for high
frequencies is noteworthy, this feature takes on particular significance when tone
color is under consideration.
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As mentioned earlier, the sensitivity of the ear for high frequencies diminishes
with age. This refers not only to the upper frequency boundary, but also to the shape
of the threshold of hearing from 2,000 Hz upward (Zwicker, 1982). In comparison
to the ear of a 20-year old (i.e., normal hearing), the sensitivity of the healthy ear of
a 40-year old is approximately 8 dB less sensitive at 5,000 Hz, at age 60 the
difference increases to 15 dB. For tones of 10,000 Hz the loss of sensitivity for a
60-year old is on the average about 25 dB, so that the threshold of hearing begins to
come relatively close to the annoyance limit. This explains why older individuals
often feel annoyed with strong high frequency tone components in loudspeaker
reproductions, since these, if they can be heard at all, already overlap into the
annoyance region.

When two sinusoidal tones are sounded simultaneously, one senses a difference
in total loudness level depending on their frequency separation. This effect is
represented in Fig. 1.2 for two sinusoidal tones, each of 60 dB sound pressure
level, located symmetrically about 1,000 Hz, as a function of frequency separation.
Three regions of different hearing reactions are noted (Zwicker, 1982). For small
frequency separations below approximately 10 Hz an increase in loudness level of
about 6 phons is noted when compared with a single tone; this corresponds to a rise
in loudness level caused by doubling the sound pressure level of the single tone.
When one considers that two tones with small frequency separation lead to beats,
i.e., thythmic variations of the sound pressure level, one can conclude that the
hearing process is oriented toward the maximum values of sound pressure level
rather than toward the time average value.

As the frequency difference between the two tones increases, the ear no longer
senses the beats as direct fluctuations in time, it thus is oriented toward the sound
energy of both tones. The energy doubling when compared to a single tone leads to
an increase in loudness level corresponding to an increase in sound pressure level of
3 dB. The ear performs this energy addition as long as both tones fall within a so
called “critical band” of the ear. The width of such critical bands is related to the
structure of the inner ear (more precisely to the frequency distribution on the basilar
membrane). Below 500 Hz the width of a critical band is about 100 Hz, above
500 Hz critical bands have a width corresponding to a major third, i.e., the lower
and upper frequency limits of a critical band have a ratio of 4-5.
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While the energy of all tones in a critical band is combined by the ear, a separate
loudness level impression is formed for tones differing in frequency by more than a
critical band, (one also speaks of partial loudness), and these individual partial
loudness levels are combined to a total loudness level. For large frequency separa-
tion this leads to a doubling of loudness when two equally loud tones are sounded.
The sensation that something is twice as loud corresponds to a loudness level
increase of 10 phons, which in the region of 1,000 Hz is a sound pressure level
rise of 10 dB.

Aside from the age dependent decrease in hearing sensitivity, illness or exposure
to high level sounds can be responsible for influencing hearing ability to a greater or
lesser degree. In this context it should be mentioned that the high loudness levels
which occur in an orchestra can on occasion lead to a temporary or even permanent
reduction of the threshold of hearing curve; high frequencies in the range of 4,000
Hz are of particular concern. Depending on instrument positioning, often only one
ear is affected: for example, the left ear for violinists and trombone players, the
right ear for piccolo players (Frei, 1979).

From a purely statistical standpoint, however, there appears to be no particularly
increased risk based on the high sound levels in an orchestra. Apparently symphonic
music has a different effect on the ear than noise, where the emotional attitude
relative to the loudness level associated with music plays a role (Karlsson et al.,
1983). Alone the fact, that musicians with a demonstrably diminished threshold of
hearing are still valued members of an ensemble, shows that measurements
of hearing thresholds do not form a unique qualification criterion for musicians.
On the one hand musicians are able to compensate for age related limitations by
experience, on the other hand it seems reasonable that hearing ability for medium
and higher loudness levels remains normal, even if the hearing threshold has been
lowered (Woolford & Carterette, 1989).

1.2.2 Masking

The threshold of hearing and the equal loudness curves of Fig. 1.1 are only valid for
single sinusoidal tones which reach the head of the listener from the front under
otherwise perfectly quiet conditions. If in contrast, two tones are sounded simulta-
neously, it can happen, that by reason of the loudness level of one of the tones, the
other is no longer audible, in spite of the fact that it has a sound pressure level which
exceeds the threshold of hearing for a single tone. In this situation the softer tone is
masked by the louder one.

As an example for the masking effect of a disturbing tone of 1,000 Hz, Fig. 1.3
shows the so-called masking thresholds. These are the thresholds which must be
exceeded by the softer test-tone to become audible. In the diagram, the frequency of
the test-tone is plotted from left to right, and the test-tone sound pressure level
increases to the top. Above the schematically simplified threshold of hearing curve,
four lines are plotted. They indicate the required sound pressure level of the
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Fig. 1.3 Masking threshold of a test-tone which is masked by a masking-tone of 1,000 Hz with a
level of L (after Zwicker, 1982)

test-tone for various levels of the masking tone. The fact that the curves are
interrupted at 1,000 Hz, as well as partially at 2,000 and 3,000 Hz, results from
the fact that beats, or difference tones between test-tone and masking tone, render
an exact measurement impossible.

As noted, the masking effect is most strongly pronounced in the neighborhood of
the frequency of the masking tone. Thus, for example, for a masking tone level of
90 dB, a test-tone of 1,200 Hz must exhibit a sound pressure level of at least 60 dB
to become audible. It is particularly characteristic that the curves below the
frequency of the masking tone drop off with a rather steep slope, while the slope
above that frequency is significantly less, and for larger masking intensity a second
maximum is noted at the octave of the masking frequency. This means that, by
reason of the masking effect, predominantly high frequency contributions are
diminished or even rendered inaudible by low tones in the context of hearing
impressions. As is furthermore seen from the curves, the masking effect increases
with increasing loudness, with strong dependence on the relation to the frequency
region under consideration. This is one of the reasons why polyphonic music
sounds more transparent when played softly, rather than at larger loudness levels
(Lottermoser and Meyer, 1958).

The masking effect is not limited in time to the duration of the masking tone or
sound. Inasmuch as the ear requires a certain recovery phase to regain its “undis-
turbed” sensitivity, a so-called post-masking effect is observed: after the cessation
of the masking tone, the masking threshold remains initially unchanged for several
milliseconds, and then goes over into an almost linear decline, reaching the original
threshold after about 200 ms. These time indications are practically independent of
the strength of the masking sound (Zwicker, 1982). For dynamic and temporally
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highly structured music, this effect can occasionally be significant. In most cases,
however, it is insignificant because of the decay of the instrumental sound and the
reverberations in the hall.

Since the ear processes softer sounds somewhat more slowly than louder sounds, a
pre-masking is also possible, prior to the onset of the masking sound. This is,
however, limited to a time frame of less than 20 ms. In a musical context such
pre-masking can occasionally become significant when short attack noises, which
precede the tone, are made inaudible or are at least weakened. It is of value to identify
the point of attack, perceived by the ear, as associated with this pre-masking effect.
This is the point which is relevant for determining a rhythmic structure in a tone
sequence, in other words, the instant in which the ear senses the sound level to be
already very close to the final value. This is illustrated by the fact that the perceived
point of tone entrance lies about 10 dB below the final sound level, provided this lies
by 40 dB above the threshold of hearing, or the masking threshold (in the presence of
pre-existing noise), and this is relatively independent of the speed of the staccato
attack. For very soft tones the point of attack can move as close as 7 dB to the final
sound pressure level, i.e., it is sensed even later. For very loud tones, the tone entrance
is already perceived at a sound pressure level of 15 dB below the final value (Vos and
Rasch, 1981).

Naturally the masking effect influences not only shifts in hearing thresholds, but
it is also noticeable when several audible tones influence each other in their relative
loudness levels. In this context the apparent weakening of the higher tones by the
lower ones is most significant, whereas masking in the other direction is relatively
minor. This partial masking of loudness is particularly pronounced between sound
components close in frequency. For example the loudness impression of a 1,000 Hz
tone with sound pressure level of 60 dB in the presence of 30 dB rush noise,
corresponds to a loudness level of a 50 dB 1,000 Hz tone without the rush noise. A
rush noise level of 40 dB would suffice to render the 1,000 Hz 60 dB tone inaudible
(Zwicker, 1982).

Nevertheless, partial masking is also experienced for widely separated frequencies.
This phenomenon is represented in Fig. 1.4 for the interaction of two sinusoidal
tones of 250 Hz (at a level of L) and 500 Hz (at level L,). In the left portion of the
diagram L, is constant (83 dB) and the level L; of the lower tone rises from 43 to
83 dB. In the right portion L; remains constant and L, drops to 63 dB as indicated
by the lines. The shaded strips indicate the levels required for a tone sounded alone
in order to be perceived of the same loudness as the corresponding tone when
sounded concurrently with the other one. Inasmuch as the subjective impressions
vary somewhat for different persons, the perceived levels Lg and L,g are repre-
sented as bands. The distance of these bands for L;g and L,g from the associated
curves L; and L,, which represent the objectively present levels, show by how
much the two tones are perceived as softer when sounded simultaneously. The
graph makes clear that the higher tone appears to be weakened by 5 dB when
objectively it is 15 dB stronger than the lower tone, where it is still heard with
almost its original loudness. When both tones are sounded at the same level,
however, they mask each other equally: On the average they are sensed approxi-
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Fig. 1.4 Mutual masking of two sinusoidal tones of 250 Hz (level L;) and 500 Hz (level L,)
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mately 6 dB softer, than when sounded alone. Finally if the level of the higher tone
drops by more than 5 dB below the lower one, the upper tone is masked in
preference.

1.2.3 Directional Characteristics

While the eye subtends only a limited angular region in its field of view, the ear
senses sound events from all directions. There is, however, a certain dependence of
the perceived loudness on the direction of sound incidence. This is mostly due to the
fact that the particular ear, which is turned away from the sound source, is shaded
by the head. In addition there is the contribution of the shape of the external ear and
the ear canal which influence the sound pressure level formation directly in front of
the ear drum. The sound pressure level at this location ultimately determines the
impression of loudness.

The differing sensitivity of the ear for various directions of sound incidence is
designated as the directional characteristic. For frequencies below 300 Hz there is
no directional dependence of loudness impressions for the individual ear, however,
for higher frequencies there is a clear preference for those directions from which the
sound impinges on the ear without shadowing (Schirmer, 1963). In the normal case
of binaural hearing a directional characteristic for loudness perception is present,
which corresponds to the addition of the sensitivities of both ears (Jahn, 1963).
Though a certain compensation due to the cooperation of the two ears is present,
nevertheless, at higher frequencies a typical directional dependence of the loudness
impression is evident.
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Fig. 1.5 Directional characteristics of the ear (binaural hearing) for various frequencies (after
Jahn, 1963)

Several examples for the directional characteristic in a horizontal plane for
binaural hearing are given in Fig. 1.5. It is noted from the diagrams that the 1 kHz
sound is perceived as loudest when it arrives from the viewing direction. If it
impinges on the listener from behind, it appears — in comparison to the same
level in a free field — about 5 dB weaker. In contrast, the direction of greatest
sensitivity at 4.5 kHz is from the side, the sound is perceived as approximately 3 dB
stronger than if it comes from the direction of view or from behind. For frequencies
around 4.5 kHz the angular region of greatest sensitivity is shifted somewhat more
forward, while sound arriving from behind is noticed only very weakly. By 8 kHz
the preferential hearing directions have again become oriented predominantly
sideways.

The directional characteristics compare the sensitivity of the ears for sound
incidence from a certain direction with that in the direction of view. For practical
applications, however, another case is of interest: In enclosed rooms, generally a
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Fig. 1.6 Difference between sound pressure levels in a diffuse field, and for frontally incident
plane waves for the case of equal loudness perception (after Zwicker, 1982)

diffuse sound field is formed, i.e., sound impinges on the listener from all direc-
tions. In such a diffuse sound field the sensitivity of the ear corresponds to an
integral over all spatial directions, and departs therefore from the value for frontal
incidence. This difference is shown in Fig. 1.6, where positive values indicate that a
sound incident from the front is perceived as louder than the same level in a diffuse
sound field. This is particularly the case between 2,000 and 4,000 Hz, while sound
contributions between 300 and 1,500 Hz as well as above 5,000 Hz have the effect
of appearing louder for uniform sound incidence from all sides.

1.2.4 Directional Hearing

When sound impinges on the head of the listener from a somewhat sideways
direction, rather than directly from the front, a slight time differential ensues
between the times of arrival at the two ears, since the path to the ear turned away
from the source is slightly longer. This time difference is evaluated by the nervous
system to determine the direction of incidence of the sound. In this context, the
extremely short time span of 0.03 ms is sufficient to evoke a sensation of directional
change; this corresponds to a sound path difference between the ears of about 1 cm.
Thus, the ears are able to detect a departure of only 3° from the frontal sound
incidence direction (Reichardt, 1968).

For incidence from the side, orientational resolution with this procedure would
drop to 7.5°, furthermore, confusion with sound incidence from the rear would be
possible if additional information based on directional characteristics of the ear
were not available for these angular regions. For sound incidence from the side,
both ears do not receive the same sound pressure level, but rather a difference
results which is typical for a particular angle of incidence. This phenomenon plays a
role especially at high frequencies, and thereby affects a certain relationship
between tone color changes and directional changes. This cooperative relationship
between sound running time difference, intensity variations and tone color changes,
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leads to a resolution on the part of the ears for sound incidence directions in the
angular region of +£45° of the frontal direction which permits differentiation in
steps of 3° and furthermore permits an orientation in steps of 4.5° in the region of
45-90°. It should also be mentioned that the ear reacts rather rapidly to a change
between two sound sources coming from different directions. A jump from left to
right (or right to left) is noticed in about 150 ms, a change from front to rear in less
than 250 ms (Blauert, 1970). These time intervals correspond to the duration of very
short notes.

When several equal sound signals arrive at the listener simultaneously, as can be
the case with the use of loudspeakers for example, then only one sound source
located between the original sources is perceived. For two speakers of equal
intensity a median impression results. By changing the intensities, an apparent
source between the speakers can be shifted. A comparable shift in location can be
simulated by changing the running time difference, which however, must not
exceed 3 ms (Hoeg and Steinke, 1972).

For running time differences of more than 3 ms, the sound source is located
solely by the direction of the wave front arriving first, even if the following sound
signal is stronger than the primary arriving signal. For running time differences
between 5 and 30 ms, this level difference can amount to up to 10 dB without
influencing the localization of the sound source in relation to the direction of
incidence from the first source (Haas, 1951). This phenomenon is labeled as the
precedence effect.

Finally, the spectral composition of the sound signal received from the source
can influence the directional impression. This effect, among other things, deter-
mines the possibility to distinguish between incidence directions “front” and
“back” as well as “up” in the median plane, i.e., the symmetry plane of the head.
Frequency contributions below 600 Hz as well as those from about 3,000 to 6,000
Hz support the direction “front”, components between 800 and 1,800 Hz as well as
above 10,000 Hz, the direction “back”, and components around 8,000 Hz the
direction “up” (Blauert, 1974).

1.2.5 The Cocktail Party Effect

The high directional selectivity of the hearing mechanism rests on processing two
distinct sound signals which are transmitted by the ears to the brain. This selectivity
enables not only recognition of the direction of incidence of a single sound source,
but also facilitates differentiation between multiple sound sources, located in
different directions. In this, binaural masking plays an important role. When test
sound and masking sound reach the listener from different directions, the masking
is not as strong as when they come from the same direction. In the past, most
investigations of masking were related to monaural masking, i.e., identical sound
signals at both ears, or exposure of only one ear to test- and masking sound; the
results quoted in Sect. 1.2.2 fall in this category.
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The effect of binaural hearing on masking is represented in Fig. 1.7. The upper
curve (a) represents the usual monaural masking threshold for a (sinusoidal) test-
tone which is masked by “pink noise”, i.e., a noise with strong low frequency
components. In this case, the sinusoidal tone and the noise arrive from the same
frontal direction. Curve b applies to the case of the noise arriving at the listener as a
plane wave from the front and the test-tone from the side with an angle of 60°
relative to the direction of view. The directional difference of the two sound sources
effects a lowering of the masking threshold by up to 10 dB for the mid frequencies,
above 1,000 Hz the drop is still 6 dB, it thus raises the sensitivity of the ears for the
test-tone. Curve c relates to the same position of the tone source, however, the noise
reaches the listener as a diffuse sound field, it thus reaches the listener from all sides; in
this case, which for example is of interest for locating a sound source in an expansive
hall, the sensitivity is raised especially for high frequencies (Prante et al., 1990)

When multiple sound sources are distributed around a listener, the hearing
mechanism (inclusive of further information processing in the brain) has the
capability to concentrate selectively on one of these sources and emphasize it in
comparison to the others. This phenomenon is referred to as the “Cocktail Party
Effect”, since Theile (1980) such a situation is particularly typical for a large
number of distributed speaking voices. It is, however, required that the sound
pressure level of the sound of interest lies about 10—15 dB above the masking
level determined by the masking sound. Otherwise directional location is no longer
possible. Through the Cocktail Party Effect, the intelligibility threshold for speech
can be enhanced by up to 9 dB for several directionally distributed masking sources
in comparison to having all sources come from the same direction (Blauert, 1974).

This concentration on one of many sound sources is particularly important for
musicians playing in an ensemble, and the ability for such concentration is a matter
of practice. In this context it is of value if the musician can visualize the sound
without hearing it. It is this visualization which stimulates the relevant brain
section, so that during further information processing in the brain, the already
existing stimulation pattern needs only to be compared with the pattern arising
from the arriving sound (Kern, 1972).
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1.2.6 Masking for the Musician

Masking effects plays a particularly important role for those musician, for whom
the instrument as a sound source is relatively close to the ear, who nevertheless need
to hear the sound of other instruments and also the sound reflected by the room.
Singers naturally have the same problem, however, they have the additional option
of controlling the voice by sensing chest vibrations (Sundberg, 1979). The sound
level, generated by the musician’s own instrument near the ear can have substantial
values. For a string or woodwind forte, this lies in the region of 85-95 dB, for
brasses it can be an additional 10 dB. These values are in reference to the sound
running directly from the instrument to the ear, without the amplification due to the
surrounding room, they thus approximate a free field situation. This limitation is an
advantage for subsequent room acoustics considerations. The level may not always
be the same for both ears, since many instruments are held at the player’s side.
Figure 1.8 shows the level difference at the ears of several instrumentalists. As can
be seen, the difference increases significantly with increasing frequency, where the
differential path length of sound to both sides around the head introduces additional
waviness to the curves.

The consequence of the directional characteristics of the ear, as previously
described, and these additional level differences is, that the degree of mutual
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masking also depends on the direction from which extraneous sounds reach the
player. The directionally dependent masking threshold varies by up to 9 dB around
250 or 500 Hz, and for frequencies above 1,000 Hz by values up to 20 dB. For the
general description of this effect it is, however, necessary to average the relevant
values over the entire tone scale. In all this, the question, for which direction of
incidence the ear of the player is especially sensitive, and for which especially
insensitive, is of particular interest.

For the case of symmetrically held wind instruments, such as the oboe, the
clarinet or the trumpet, this effect is graphically represented in Fig. 1.9. Individual
directions of incidence are indicated by marks which give the sensitivity in 3 dB
steps in relation to the direction of greatest sensitivity. Measurement results are
given for three frequencies of the extraneous sound and are valid for the entire tone
range. Additionally it should be noted that for 500 Hz, all directions fall within the
3 dB range, there is here thus no practical directional dependence. Also at 250 Hz
the influence of direction is small. In contrast, at 1,000 Hz, the median plane, except
for vertically upwards, shows itself disadvantaged. At 2,000 Hz this direction and
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the direction of view are most advantageous, disadvantaged are all rising directions
of less than 45° as well as the angled horizontal directions to the rear.

The cello already shows a slight asymmetry. Thus, for the cellist at 250 Hz,
the direction left upwards is the only one outside the 3 dB region. For 1,000 Hz the
direction vertical from above and angled behind are less sensitive (3—6 dB). On the
other hand, at 2,000 Hz the direction left upwards is less sensitive than right upwards,
the directions angled front and behind are likewise less sensitive than for the wind
instruments of Fig. 1.9. The asymmetry is more strongly pronounced in the trom-
bone, for which the 1,000 Hz sound contributions coming from the right, and in
contrast the 2,000 Hz contributions from the left, are disadvantaged.

For the violin and the viola the uneven exposure of the players’ ears to sound is
naturally pronounced, yet even here, at 500 Hz, all directions remain within the 3 dB
limits. For three other frequencies the relationships are represented in Fig. 1.10. Here,
at 1,000 Hz, as at 2,000 Hz, several directions stand out, for which the masking
threshold lies by more than 10 dB higher than for the optimal direction (Meyer and
Biassoni de Serra, 1980). As a whole, a certain similarity with the pictures of
Fig. 1.9 is recognizable, at least in the directions going up. It is noteworthy that the
directional dependence of the masking threshold is practically unchanged when the
player has an elevated threshold of hearing by about 10 dB, i.e., when the player has
a slight deterioration of hearing ability, as is not uncommon for violinists.

For horn players as well, a distinct asymmetry exists when it comes to sensitivity
to extraneous sound. True, at 250 Hz, the masking threshold is practically direction
independent, however, at 500 Hz, the left side, namely the side away from the
instrument, is less sensitive. For 1,000 Hz the directions left and right are the most
favorable, while front and back are particularly insensitive. At 2,000 Hz there is a
relatively low sensitivity for the side turned toward the instrument, particularly in
the direction upwards and to the right, for which the masking threshold is raised by
more than 10 dB in comparison to the direction of view as the most favorable
direction (Meyer and Biassoni de Serra, 1980).

1.2.7 Sensitivity to Changes in Frequency and Sound
Pressure Level

Periodic changes in frequency or amplitude of a tone are perceived differently by
the ear, depending on how fast they occur. When the number of fluctuations per
second remains below 5, the change in pitch or loudness, respectively, can be
followed in its time sequence (Winckel, 1960). If a vibrato is carried out that
slowly, it can therefore easily become a whine. From 6 Hz upwards, in contrast,
one senses a uniform pitch or loudness, which is associated with an internal motion.
The perceived pitch corresponds quite accurately to the central pitch about which
vibrato fluctuates (Meyer, 1979); the loudness impression, on the other hand, is
oriented toward the maximum level of the fluctuating sound (see Fig. 1.2). If the
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fluctuations occur more rapidly, the impression is given (approximately between 10
and 15 Hz) of a tonal roughness. The strength of this effect depends on the
frequency position of the modulated tones, the fluctuation frequency, and also on
the relative strength of the amplitude fluctuation; however, it is practically inde-
pendent of the absolute sound pressure level (Terhardt, 1973, 1974).

The upper limit for fluctuation frequencies which produce roughness for low
tones (below 400 Hz, i.e., below Gy) lies at about 100 Hz and rises to a value of 250
Hz for very high frequencies. The impression of roughness for tones around 100 Hz
(G,) is largest if the temporal fluctuations occur with a frequency of about 20 Hz.
With rising tone frequency, the maximal roughness producing frequency increases,
and for 3,000 Hz it reaches a frequency of 100 Hz. Considering that these temporal
variations are caused not only by the superpositioning of several tones but also by
the overtones of the very same tones, it follows that low tones can become rough if
they are too rich in overtones. The phase position of the partials is relevant in this
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context: if the tone contains sharp impulses, as for example in brass instruments, the
roughness is strong. In contrast, the roughness of a tone is weak, when individual
partials stand out in relation to neighboring partials, particularly if in each critical
band (see Sect. 1.2.1) one partial clearly dominates over all other partials, as for
example in the plenum sound of the organ.

Naturally, all frequency- or amplitude-fluctuations must have a certain ampli-
tude to become audible at all. For the case of frequency fluctuations of pure
sinusoidal tones, three curves are plotted in Fig. 1.11, which show the smallest
perceptible frequency rise in dependence on vibrato frequency. Two things are
noted from these diagrams: The ear is most sensitive to pitch fluctuations between
2 and 5 Hz, all three curves exhibit a minimum at that point; if the frequency
fluctuation is more rapid or slower, they are not as strongly noticeable. Further-
more, the sensitivity of the ear increases with increasing frequency of the vibrating
tone; in the region between 1,000 and 2,000 Hz variations of +5 cents are sufficient,
whereas at 200 Hz variations of about three times that strength are required (100
cents correspond to one half step in a tempered scale). These sensitivity limits are of
interest in connection with the strength of a vibrato, for example.

For periodic changes in sound pressure level, the largest sensitivity lies in the
region around 4 Hz as well. The required measure of level fluctuation drops with
increasing loudness. While in the neighborhood of the threshold of hearing, fluctua-
tions by 4 dB first become audible, at sound pressure levels of 80 dB, fluctuations of
approximately 0.3 dB are already sufficient (Reichardt, 1968). This sensitivity to
amplitude fluctuations, however, depends somewhat on frequency. In the region of
1,000 Hz it is even larger than 0.3 dB yet, on the other hand, for low notes below
200 Hz it becomes lower. For the dynamic range available in musical practice, one
can deduce from this sensitivity to sound pressure variations, that the ear can
differentiate approximately 130-140 loudness steps (Winckel, 1960).



Chapter 2
Structure of Musical Sound

2.1 Introducing the Model

Every single tone which reaches our ear in the course of a musical work, contains a
fullness of information. We perceive a pitch, loudness and tone color. We can also
make statements about the steadiness of the pitch, or if the tone is enlivened with
vibrato. Furthermore we notice changes and fluctuations in loudness as well as the
nature of the tone entrance, be it attacked softly or sharply; similarly we can draw
conclusions about the decay of the note. All these details give a characteristic tone
picture from which we extract the musical content and also recognize what instru-
ment generated the tone. In this, previously gathered listening experiences, play a
not unessential role. Finally we can even draw conclusions about the nature and size
of the room in which the music resounds.

This acoustic phenomenon can be described by a number of physical factors. In
all this there is a certain difficulty posed by the circumstance that the individual
characteristics perceived are not each determined by only a single physical quan-
tity, but come about by the cooperation of several components. Nevertheless, the
problem of finding an association between objective acoustical data and tonal
impressions on the basis of practical experiences should not be overestimated.

A model, as schematically presented in Fig. 2.1, shall serve to clarify the
complex sound processes which correspond to a single note. It proceeds from the
concept that a tone is a vibrational process which changes in time, which is
characterized by the number and strength of vibrations. Accordingly, the model
contains a time axis (in the picture it runs from front to back), a frequency axis
(from left to right) as well as an axis for sound pressure level (upwards), which is
the quantity responsible for the loudness impression (Winckel, 1960).

Additionally the shape of the vibration is of great significance: Most often the
sound does not consist of a simple sinusoidal oscillation, as known from the motion
of a pendulum, but rather it exhibits a complicated time sequence. Thus the ear is
placed in the position of needing to differentiate between tones of different timbre
for the same pitch. However, such a complicated vibrational form can be considered
as a superposition of a series of sinusoidal vibrations with different frequencies.

J. Meyer, Acoustics and the Performance of Music. 23
DOI: 10.1007/978-0-387-09517-2_2, © Springer Science + Business Media, LLC 2009



24 2 Structure of Musical Sound

Harmonic plane
(Tone color)

Q
©
0’2’&&& :
RS
.. 5 &.\&Q

Decay process

Stationary state

Sound level

¥ Initial transient

Frequency

Melodic plane
(pitch)

Fig. 2.1 Three dimensional representation of a single tone in schematic form

The entire vibration process, therefore, appears in our model as a sequence of
several partial vibrations or overtones.
From a time standpoint, each tone can be structured into three sections:

1. The starting transient, i.e., that portion of time during which the tone is devel-
oped from complete rest to its final state.

2. The stationary condition, i.e., that portion of time during which the tone is
practically not subjected to change.

3. The decay, i.e., that portion of time during which the tone, after completion of
the excitation, dies out to complete silence.

The starting transient, in particular measure, contains characteristic features,
which make it possible to distinguish between instruments. Often components are
present which are no longer contained in the later tone picture.

A stationary condition is, strictly speaking, reached only for instruments with
very uniform vibration excitation. These are above all those instruments which do
not use the energy of the player but an external (constant in time) energy source, as
for example the organ or many electronic instruments. Even the minimal air
pressure variations of a wind instrument player, or the bow pressure changes of a
string player lead to minute variations of the vibrational process. This is also the
reason why one speaks of a quasistationary state in such cases. The most important
features can, however, be describes as though it were a stationary state.

The decay process plays a special role for plucked- and percussion instruments,
since in the absence of continuing excitation there is no stationary or quasistation-
ary state. Yet, also for other instruments it has a certain significance for convincing
connections between tones in flowing passages.
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Fig. 2.2 Observed measurements of tone spectrum developments in time for three (Cy) staccato
tones

Figure 2.2 shows the transition from abstract model presentation to real tones. It
contains three dimensional sound spectra as measurement results of the analysis of
three staccato tones with equal pitch, and approximately equal duration, however,
of different tonal character. Differing numbers of partial vibrations are recognized.
Furthermore, in the partial picture for the firm violin staccato, a vibrato becomes
apparent in the form of a slight wave motion of the individual partials. The tone
onset for example, occurs most rapidly in the bassoon, and is largely simultaneous
for all partials, while the partials in the violin enter in part only with delay. Likewise
a differential behavior is noted for the end of the tones, the long ringing of the loose
violin staccato is particularly noticeable. Already these few suggestions make it



26 2 Structure of Musical Sound

appear rewarding to pursue a deeper consideration of such methods of analysis to
gain detailed information about tonal characteristics of musical instruments. Aside
from that, the examples shown in this picture show how difficult it is to compare the
durations of tones of differing tonal characteristics.

For the sake of clarity it is often recommended to simplify the three dimensional
representation of the tone by sacrificing one of the three quantities and project-
ing the model onto one of the planes represented in Fig. 2.1. Relinquishing the
frequency dependence results in a time dependent sound pressure level graph, as
indicated by the dotted line on the left sidewall of the model. Inasmuch as this
concerns the time flow of the quantity most responsible for the loudness sensation,
this plane is frequently referred to as the dynamic plane. If the tone model is
projected onto the base plane with its frequency and time axis, one obtains the
temporal pitch flow, including possible fluctuations by such things as vibrato; this
plane is called the melodic plane.

A projection into the third plane with the frequency and sound level axes is
equivalent to a cross section through the stationary part of the vibration process,
more exactly a median value. For this viewpoint individual partials of the complex
sound are represented with their respective frequency and strength, as the dotted
lines on the back wall of the model show. Their height gives the sound pressure,
or sound pressure level, their foot point on the horizontal axis indicates their fre-
quency. Since this type of representation also makes it possible to visualize the
frequency composition of cords, one speaks of the harmonic plane of the model. In
analogy to the optical decomposition of light into individual portions of various
primary colors, the representation of individual frequency components with their
strengths is designated as a sound spectrum. Above all, this gives information about
the tone color in the stationary part of the tone and in addition permits conclusions
about the starting transient and decay behavior.

2.2 Frequency- and Level: Structures

2.2.1 The Harmonic Tone Structure of Sound Spectra

For periodic vibration processes, as they are present in the stationary and also
quasistationary portion of sounds of almost all musical instruments, the individual
vibration contributions form a so called harmonic series in reference to their freq-
uencies, i.e., starting with the lowest frequency, partial tones are present whose
frequencies are integral multiples of the fundamental frequency. As an example for
such a partial tone sequence the note C,, as sounded on a contrabassoon, is broken
down in Fig. 2.3 into its first 16 harmonic partials. The note picture shows (without
octave transposition) the location of the individual partials within the musical scale,
below each note the relevant frequencies are indicated, the corresponding harmonic
index is shown above the note picture showing that they form the 2-, 3-, 4-, etc fold
frequency of the fundamental.
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Fig. 2.3 Harmonic structure of the note C,, represented schematically

This fundamental is principally responsible for the perceived pitch. In the
example shown it is located at 65 Hz. A doubling of the number of vibrations
corresponds to exactly an octave, so that the 2nd, 4th, 8th, and 16th partials again
result in a C (or C3, Cy4, Cs, and Cg respectively). Tripling the frequency leads to the
fifth above the octave (G3), correspondingly the 6th and 12th harmonics form fifths
in higher positions. The 5th and the 10th partials are identified as notes E; and E,4
which form major thirds in relation to the corresponding C’s, the 9th an 15th
partials form the fifth and the major third respectively to the higher octaves of the
3rd partial, i.e., G4—Ds and Gs—Bs. All of these indicated intervals should
be considered as “perfect” intervals.

Accommodating, however, the 7th, 11th, 13th, and 14th partials, which lie
somewhere in between, proves more difficult, since their frequencies do not coin-
cide with those of notes on a normal scale. Thus the 7th and 14th partials lie lower
than BZ and B?, they, along with the fundamental, form the basis for the interval of a
so called natural seventh, which, however, is by no means sensed as dissonant in the
context of an entire partial series since it is included in the full sound without beats.
A similar situation exists for the 11th partial which lies below the F#, as well as for

the 13th partial, which is just a little higher than A'g.
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Clearly, sounds can consist of more than 16 partials, in the octave from the 16th
to the 32nd partial, additional 15 intermediate values are found, which are increas-
ingly crowded together within the scale. While a trained ear can still detect the
lowest 68 partials individually from within a sound, since they fall within different
critical bands (see Sect. 1.2.1), the higher harmonics melt together into a ton color
impression, even for the experienced listener. In all this, the intensity relations
between individual partials naturally play a significant role.

The amplitudes or sound pressure levels of the individual partials can be
represented as a line spectrum in a schematic manner, as is already suggested in
the harmonic plane of Fig. 2.1, and also in the lower part of Fig. 2.3. Every line by
position and length denotes the frequency and strength of the relevant partial.
Connecting the endpoints of the spectral lines results in the so-called spectral
envelope. This curve gives a clear representation of the amplitude distribution as
a function of frequency without considering the harmonic number of the individual
partial. The spectral envelope is therefore especially suited for summary represen-
tations.

2.2.2 The Frequency Range of Sound Spectra

The lower limit of the spectrum of partials is always determined by the fundamen-
tal, that is, the frequency which corresponds to the written representation (possibly
under consideration of transposed notation). Still lower, stationary, i.e., steadily
vibrating tonal components, do not exist. Below the fundamental, only noise-like,
or nonsteady tone components are found. Consequently, the lower limit of the
spectrum of partials moves upward with increasing pitch.

In order to give a general view of the systematics of spectral composition for a
musical instrument, an entire chromatic sequence for a horn is given in Fig. 2.4. In
this type of analysis, each individual partial appears as a peak of certain width,
which is connected with the sharpness of the instrumentation used. It is clearly
recognizable how the first peaks of the spectra move toward the right with increas-
ing pitch, i.e., toward higher frequencies. Similarly the spacing between the indi-
vidual partials increases. For the low notes, the high frequency partials are so
closely spaced that they assume a noise-like character (“metallic”) for sufficiently
high intensity, while partials of higher notes in the same frequency region are still
sensed as “pure sounds” by reason of their larger spacing.

The upper boundary of the spectrum of partials is very different for individual
instruments, it also depends in large measure on dynamics. Room acoustical
conditions also play a more important role than for the low frequencies. For this
reason it is most advantageous to be able to refer to sound power spectra when
describing tonal characteristics typical of a particular instrument. Sound power
spectra summarize the entire sound radiated by an instrument. They are indepen-
dent of the surrounding room, as well as of the distance and direction of an
observation- or measurement point. They are best recorded in a special room with
high grade sound reflecting walls, a so called reverberation chamber.
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Fig. 2.4 Chromatic sequence of sound spectra for an F-Horn. Reproduction from experimental
measurements

In order to be able to compare the behavior of different instruments at high and
highest frequencies, it is desirable to establish a characteristic frequency as a
reference point. For several reasons the frequency of 3,000 Hz appears particularly
suited; one of the reasons is that sound power spectra — with only a very few
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exceptions — show a linear level decay above 3,000 Hz. Therefore, by specifying the
slope of this decay in level above 3,000 Hz, on the one hand, and by specifying
the level difference between the strongest partials and the 3,000 Hz component on
the other, the course of sound power level spectra at high frequencies can be largely
described.

Aside from the fact that tone color naturally changes over the tonal range of an
instrument, as determined by the location of the fundamental, it can be said in
general, that a tonal impression is brighter, and possibly sharper, as richness in
overtones increases (in view of the frequency range and the intensity of the upper
frequency components) (von Bismarck, 1974). For low tones, rich in overtones, the
dense partial sequence in the upper frequency region leads to a rough character.
This effect can occur for tones from the 3rd octave upward. While, for example, for
Gs, overtones above 2,000 Hz effect a roughness, the corresponding limit for G,
already lies at about 500 Hz (Terhardt, 1974). In contrast, overtone- poor sounds
have a tendency for dark or soft timbre.

2.2.3 Formants

The fundamental certainly does not need to be the strongest partial in the sound
spectrum. As the representation for the horn shows in Fig. 2.4, the fundamental
dominates in this example in relation to other tone locations only in the upper
register approximately from C4 on upwards. For lower notes the intensity maximum
is found at higher order partials. In this context it is remarkable that the location of
the frequency maximum remains unchanged, and thus represents a particular
characteristic for the sound of the instrument.

A similar phenomenon is also known from speech: When a singer sings a scale on a
particular vowel, the region of strongest intensity remains fixed in its frequency
location in spite of pitch changes. It is precisely for this region that all tones obtain
the same (or at least similar) tone color. These amplitude maxima within a spectrum,
which do not change their frequency with changing singing pitch, are called formants.

For the most important vowel colors the formant regions are assembled in Fig.
2.5 according to various authors. The individual maxima of the scheme mark the
frequency region of strongest amplitude for the indicated sounds, between them
transition colors are to be assumed, which can no longer be uniquely described by
letters. They can be compared with the sound of the “same vowels” in various
dialects. Generally for speech sounds, two or three more or less strong formants
appear, for which, for the sake of clarity, only the most important ones are
represented. Accordingly the dark vowels [u (00), o (oh), a (ah), and & (aw).
Translator’s note: the German vowel is given first, the English equivalent sound
is given in parentheses] are each characterized by one maximum, and the bright
vowels each by two. To clarify the frequency values, the peaks are also entered as
notes.

Through the connection between formant regions and tone color of vowels, a
second possibility (in addition to associating frequencies with the scale) presents
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Fig. 2.5 Frequency location of formants for the vowels of the German language (after Thienhaus,
1934; Winckel, 1960; Trendelenburg, 1961)

itself to visualize the frequency regions of the sound of musical instruments. Strong
components in the region of the u (0o)-formant (200400 Hz) and above all the o
(oh)-formant (400-600 Hz) are responsible for the fullness and sonority of the
sound, while a pronounced a (ah)-formant (800-1,250 Hz) results in a forceful
timbre. Especially the contributions between about 1,000 and 1,250 Hz prove very
important for a striking tone impression. In contrast, excessively strong components
in the region of modulated vowels (0, ii, 4 see translator’s foreword) are sensed as
uncomfortable, because they can lend a nasal character to the tone (Thienhaus,
1954), if the fundamental is too weak, and additionally insufficient intensity is
present in the upper frequency region. Contributions in the region of the e (eh)-
formant (1,800-2,600 Hz) and the i (ee)-formant (2,600—4,000 Hz) cause lightness
and brilliance of tone. The typical regions for hissing sounds, which are perceived
as voiced or voiceless, depending on whether they contain only noise components
or also harmonic contributions, are located at frequencies from 4,000 Hz on
upwards. Hissing sounds, however, possess pronounced formant character only in
Slavic languages.

In order to achieve a vowel-like impression, a formant must be sufficiently
clearly developed; i.e., the maximum of the frequency spectrum cannot be too
broad. The so-called half-width can be used to characterize that. This is the
difference between the two frequencies for which the sound intensity is just half
the value at the maximum. Occasionally the width or clarity of a formant is
described by the so-called logarithmic decrement which is calculated by f/f,,,
where f is the half-width and f;, the mid-frequency. For example, the logarithmic
decrement for the vowel “o (oh)” is 1.2, for the first and second formant of the
vowel “e (eh)” it is 0.8 and 0.4. Raising the formants by 4-6 dB can intensify the
character of a musical instrument, a further increase, however, is detrimental,
making the sound rough and shrill (Mertens, 1975).

The esthetic effect of formants on the sound of musical instruments rests
primarily on the similarity with singing, since here the human element itself, in a
measure, becomes the standard. Furthermore, formants in the musical tone picture
receive particular significance, since this characteristic of sound (in contrast to
the upper frequency limit of the spectrum) is essentially independent of room
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acoustical influences. While it is true that the intensity of high frequency secondary
formants can be weakened by room absorption, their frequency position, neverthe-
less, remains unchanged, so that the amplitude maximum continues to determine
the tone picture.

2.2.4 The Effect of Individual Partials

The spectra of the horn in Fig. 2.4 show relatively smooth envelopes, which are
largely characterized by the frequency range and the location of the formants. It is,
however, entirely possible for individual partials to stand out within a spectrum, or
on the other hand, have no intensity at all. In particular, sounds exist, for which odd
numbered partials are more strongly developed than the even partials. A typical
example of this is given by the gedackt organ pipes. For the clarinet in the low
register, this type of spectrum also dominates. These lead to a covered and occa-
sionally hollow tone, in this the absence of the octave components (2nd and 4th
partials) also supports the dark timbre.

A similar hollow tone effect can also be achieved synthetically by appropriate
instrumentation, as the score example 1 from the Bolero by M. Ravel shows.
Naturally, because of the high pitched tone location of this passage, the tone
color cannot be called dark, rather it resembles the Rohr-Flote of an organ. The
theme is played by the horn (in F) beginning from the Cs in C-major. The two
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Score example 1 M. Ravel, Bolero, measure 131 ff. Excerpts without strings and harp
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(in octaves) piccolo-flutes supplement the spectrum of the horn by a strengthening
of the 3rd and 5th partials by playing the theme starting from G¢ and E; in G-major
or E-major respectively. In spite of the complicated way of writing the score, a fully
harmonic tone is produced with the horn part as the key note, with the celeste
pointing to the octave at each note entrance.

While the dominance of odd partials leads to a covered tone, strong even
harmonics and, above all, octave components lead to an open and bright timbre.
This phenomenon is often used to advantage in instrumentation of orchestral works
by using parallel octaves or parallel motion in double octaves. Even triple octave
combinations are found (e.g., bassoon — oboe — flute in the third movement of the
9th Symphony by L. v. Beethoven, measure 65 sqq.). A sound with very equally
strong partials, in contrast, can sound very hard, especially if no formants are
present. Also the typical snarling sound of the reed pipes of an organ results from
a spectrum very rich in overtones, with no dominant individual partials in the upper
register, in contrast to flue pipes.

2.2.5 Frequency Width of Partials

The representation of partials, using lines, is a schematic simplification resting on
the assumption that the tones do not change in their frequency, so that an exact
location on the frequency scale can be assigned. In most cases minute amplitude
variations are present, which, however, are not analyzed by the ear in their fine
structure. Since the spectra represent a median value for a (quasistationary) steady
state, these frequency variations can lead to a broadening of the s