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ural waves is much smaller than the overall curvature,
the vibrational modes will be closely related to the flex-
ural waves of a circular disc, with frequencies satisfying
Chladni’s generalised empirical law, fmn ∼ c(m+2n)p,
as confirmed by Perrin et al. [15.218].

The flexural modes involve radial displacements
proportional to cos(mφ). Continuity requires that there
must also be a tangential displacement, such that u+
∂v/∂φ = 0, where u and v are the radial and tangen-
tial velocities respectively. Coupling to the tangential
motion explains why it is possible to feed energy into
a vibrating wine glass or the individual glass resonators
of a glass harmonica (Rossing [15.201] Chap. 14), by
rubbing a wetted finger around the rim. The excitation is
very similar to the slip–stick mechanism used to excite
the bowed string (Sect. 15.2.4).

Figure 15.136 illustrates a set of holographic meas-
urements by Rossing ([15.201], Fig. 12.4), which is
typical of most bell shapes. The (m, 1) and (m, 2)
modes can immediatly be related to the (m, n) modes
of a cupped disc. However, there is a distinct change
in character for n > 0, with an additional node ap-
pearing close to the rim – referred to as a (m, 1#)
mode. Some insight is provided by the finite ele-
ment solutions for a typical large English church bell
illustrated in Fig. 15.137 [15.221]. The three modes
illustrated are very similar to the (3, 0), (3, 1) and
(3, 2) modes expected from the simple cupped disc
model, except for the lowest frequency (3, 0) mode,

2,1 3,1 4,1 5,1 6,1

2,0 3,0 4,1# 5,1# 6,1#

2,2 3,2 4,2 5,2 6,2

Fig. 15.136 Holographic interferograms and nomenclature
for vibrational modes of a hand bell (after Rossing [15.201])

(3,1) (3,1#) (3,2)

Fig. 15.137 Finite-element solutions for the lowest-order m
= 3 modes of an English church bell (after Perrin et al.
[15.219]) illustrating the (3,1), (3,1#) and (3,2) modes

in which the top surfaces of the bell move in an-
tiphase with the rim, to give a nodal line about
half-way along the length. Similarly, the anticipated
(4, 0), (5, 0) and (6, 0) modes of the handbell in-
vestigated by Rossing [15.201] acquire an additional
nodal line close to the end rim denoted as (4, 1#),
(5, 1#) and (6, #) modes. Such features can gener-
ally only be accounted for by detailed computational
analysis.

Bell Tuning
Figure 15.138 shows the frequencies and associated
modes of a well-tuned traditional church bell (Rossing
and Perrin [15.220]), ordered into groups based on mode

Group I

Group 0

Group II

Group III

End view

Tierce Nominal (Twelfth) (Upper octave)
(2,0) 0.5

Prime

Quint (Major third)1.0

0.30

0.19
0.54

0.19

0.54

(3,1) 1.2 (4,1) 2.0 (5,1) 3.0 (6,1) 4.2

(3,1#) 1.5 (4,1#) 2.5 (5,1#) 3.7 (6,1#) 5.0

(3,2) 2.6 (4,2) 3.3 (5,2) 4.5 (6,2) 5.9(2,2) 2.7

Fig. 15.138 Measured frequencies for a typical D5 church bell,
indicating the relative frequencies of the observed mode, with the tra-
ditional names associated with such modes indicated (after Rossing
and Perrin [15.220])
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shapes, which enable correlations to be made between
bells of different shapes and sizes.

Fine-quality bells are carefully tuned by the bell
maker, so that the lowest modes have harmonically
related frequencies, thereby achieving a well-defined
sense of pitch. This is achieved by selective thinning
of the thickness of the bell on a very large lathe after
its initial casting. In an ideally tuned bell, the principal
modes are designated as the hum (2,0) mode, an octave
below the prime or fundamental (2,1#) mode. A minor
third above the prime (ratio 5:4) is the tierce (3,1) mode,
a perfect fifth above that (ratio 3:2) is the quint or fifth
(3,1#) mode, and an octave above is the nominal (4,1)
mode. Fletcher and Rossing ([15.5], Table 21.1) com-
pare these and higher modes with measured values for
a particular bell.

The art of tuning the partials of bells to achieve
a well-sounding note was initially developed in the
seventeenth century in the low countries (what is now
Holland and the northern parts of Germany and France).
Many fine bells from this period by François and
Pieter Hemony are still in use in carillons today (Ross-
ing [15.201]). However, the art of bell tuning then
appears to have been lost until the end of the 19th
century, when it was rediscovered by Canon Arthur
Simpson in England, following Lord Rayleigh’s pio-
neering research on the sound of bells ([15.3] Vol. 1,
Sect. 235).

Acoustic Radiation
The strongest-sounding partials of most bells are the
group I (m,1) modes, with a nodal circle approxi-
mately halfway up the bell (Fletcher and Rossing [15.5],
Sect. 21.11). Such modes have 2m antinodal areas
providing spatially alternating sound sources in anti-
phase. The radiation efficiency of such modes increases
rapidly with size of bell and frequency. If the acoustic
wavelength is much larger than the separation of such
antinodes, the sound from such sources will tend to can-
cel out. However, above a crossover frequency, such that
the velocity of sound is equal to that of the flexural waves
on the surface of the bell, vflex =√1.8cLh f , the spac-
ing between the antinodes will exceed the wavelength
in air and the modes will radiate more efficiently. For
large church bells, this condition is satisfied for almost
all but the very lowest partials, so almost all partials ra-
diate sound rather efficiently. In contrast, hand bells with
rather thin walls are significantly less efficient. There is
also a small intensity of sound radiated axially at double
the modal frequencies, from the induced fluctuations in
the volume of air enclosed within the bell.

When a bell is struck, usually by a cast or wrought-
iron, ball-shaped, clapper, the first sound heard, the
strike note, contains contributions from the very large
range of largely inharmonic partials of the bell. Nev-
ertheless the listener can usually identify a pitch to
the initial note, determined by the prominent partials
excited. However, it is not always easy to attribute
the pitch of a note to a particular octave, which is
a common feature of many struck percussion instru-
ments (e.g. notes on a xylophone, steeldrum and even
timpani). The pitch of the strike note appears to be
determined principally by the excited partials with fre-
quencies in the ratios 2:3:4. The ear attributes the
pitch to be that of the missing fundamental an octave
below the lowest of the partials principally excited,
which does not necessarily correspond to the pitch
of the lowest partial excited, unless the bell is well
tuned.

The majority of the higher partials decay rather
quickly, with the long-term sound dominated by the
hum note. For a 70 cm church bell, Perrin et al. [15.218]
measured T60 decay times of 52 s for the (2,0) hum
mode, 16 s for the (2.1#) and (3,1) prime and minor third
modes, 6 s for the (4,1) octave and 3 s for the (4,1#) up-
per major third, with progressively shorter decay times

(kHz)
0 0.80.6 10.40.2

5 s

Fig. 15.139 Decaying vibrations and spectrum of Big Ben,
London
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for the higher modes. Audio illustrates the
synthesised sound of the above harmonic modes excited
with equal amplitudes. This is followed by a synthe-
sised bell with a major rather than a minor third partial.
Such a bell has recently been realised (1999) based
on FEA studies at the Technical University in Eind-
hoven in collaboration with the Eijsbouts Bell foundry.
It produces a less mournful sound when played in the
major scale music in a carillon. In both cases the syn-
thesised sound reproduces the gentle sound of a bell
rather well, though it lacks the initial clang that results
from the higher-frequency inharmonic modes of a real
bell.

As an example of the waveform and spectrum of
a large bell, in Fig. 15.139 and audio signal ,
we illustrate the sound and rich spectrum of partials of
one of the most famous large bells in the world, Big Ben,
hung high above the Houses of Parliament in London.
This bell is broadcast each day following the Westmin-
ster Chimes, marking the hours and end of broadcasting
on the BBC each night for UK listeners.

Non-Axial Symmetry
Bell modes with m > 1 are doubly degenerate with or-
thogonal modes varying as cos mφ and sin mφ and nodal
lines in the azimuthal directions that bisect each other.
Any departures from axial symmetry will lift the degen-

eracy and give rise to a split pair of orthogonal modes. If
both modes are excited together, the two frequencies will
beat against each other, as already evident in the sound
of Big Ben and in the sound ( ) of a slightly
asymmetrical glass beaker with a pouring spout, which
lifts the degeneracy of the otherwise axially symmetric
modes.

Bells with strongly distorted or elliptical cross sec-
tions can have two completely different pitches, which
can be sounded independently by beating at the antin-
odal positions of one set of modes mode and nodes of
the other. Drums with quasi-elliptical cross sections will
therefore sound a single note when struck at the narrow-
est and widest cross-sectional radii, and a second note,
when struck at appropriate positions in between.

A dramatic example of axially asymmetric bells is
provided by the 65 ancient bells from the tomb of Zeng
Hou Yi found at Sui Xiang from around 433 BC. These
bells from the second millennium BC are masterpieces
of Chinese art and bell casting. They have oval cross
sections and range from small hand bells to well over
1.5 m in height. When struck at different positions along
the flattened surfaces, two quite distinct tones can be
excited, which were designed to be about a major or
minor third apart. For further details of these and other
Chinese and other eastern bells see Rossing ([15.201]
Chap. 13) and [15.222].
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669

The Human Vo16. The Human Voice in Speech and Singing

This chapter describes various aspects of the
human voice as a means of communication in
speech and singing. From the point of view of
function, vocal sounds can be regarded as the end
result of a three stage process: (1) the compression
of air in the respiratory system, which produces
an exhalatory airstream, (2) the vibrating vocal
folds’ transformation of this air stream to an
intermittent or pulsating air stream, which is
a complex tone, referred to as the voice source,
and (3) the filtering of this complex tone in the
vocal tract resonator. The main function of the
respiratory system is to generate an overpressure
of air under the glottis, or a subglottal pressure.
Section 16.1 describes different aspects of the
respiratory system of significance to speech and
singing, including lung volume ranges, subglottal
pressures, and how this pressure is affected by
the ever-varying recoil forces. The complex tone
generated when the air stream from the lungs
passes the vibrating vocal folds can be varied in at
least three dimensions: fundamental frequency,
amplitude and spectrum. Section 16.2 describes
how these properties of the voice source are
affected by the subglottal pressure, the length and
stiffness of the vocal folds and how firmly the vocal
folds are adducted. Section 16.3 gives an account of
the vocal tract filter, how its form determines the
frequencies of its resonances, and Sect. 16.4 gives
an account for how these resonance frequencies
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or formants shape the vocal sounds by imposing
spectrum peaks separated by spectrum valleys,
and how the frequencies of these peaks determine
vowel and voice qualities. The remaining sections
of the chapter describe various aspects of the
acoustic signals used for vocal communication
in speech and singing. The syllable structure is
discussed in Sect. 16.5, the closely related aspects
of rhythmicity and timing in speech and singing
is described in Sect. 16.6, and pitch and rhythm
aspects in Sect. 16.7. The impressive control of all
these acoustic characteristics of vocal signals is
discussed in Sect. 16.8, while Sect. 16.9 considers
expressive aspects of vocal communication.

16.1 Breathing

The process of breathing depends both on mechanical
and muscular forces (Fig. 16.1).

During inspiration the volume of the chest cavity is
expanded and air rushes into the lungs. This happens
mainly because of the contraction of the external in-
tercostals and the diaphragm. The external intercostal
muscles raise the ribs. The diaphragm which is the
dome-shaped muscle located below the lungs, flattens

on contraction and thus lowers the floor of the thoracic
cavity.

The respiratory structures form an elastic mechan-
ical system that produces expiratory or inspiratory
subglottal pressures, depending on the size of the lung
volume, Fig. 16.2. Thus, exhalation and inhalation will
always produce forces whose effect is to move the ribs
and the lungs back to their resting state, often referred
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Fig. 16.1 Directions of the muscular and elastic forces. The
direction of the gravitation force is applicable to the upright
position

to as the resting expiratory level (REL). The deeper
the breath, the greater this force of elastic recoil. This
component plays a significant part in pushing air out
of the lungs, both in speech and singing, and especially
at large lung volumes. The elasticity forces originate
both from the rib cage and the lungs. As illustrated
in Fig. 16.2, the rib cage produces an exhalatory force
at high lung volumes and an inhalatory force at low
lung volumes, and the lungs always exert an exhala-
tory force. As a consequence, activation of inspiratory
muscles is needed for producing a low subglottal pres-
sure, e.g. for singing a soft (pianissimo) tone, at high
lung volume. Conversely, activation of expiratory mus-
cles is needed for producing a high subglottal pressure,
e.g. for singing a loud (fortissimo) tone, at low lung
volume.

In addition to mechanical factors, exhaling may in-
volve the activity of the internal intercostals and the
abdominal muscles. Contraction of the former has the
effect of lowering the ribs and thus compressing the
chest cavity. Activating the abdominal muscles gener-
ates upward forces that also contribute towards reducing
the volume of the rib cage and the lungs. The function
of these muscles is thus expiratory.

Fig. 16.2 Subglottal pressures produced at different lung
volumes in a subject by the recoil forces of rib cage and
lungs. The resting expiratory level (REL) is the lung volume
at which the inhalatory and the exhalatory recoil forces
are equal. The thin and heavy chain-dashed lines represent
subglottal pressures typically needed for soft and very loud
phonation

100
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Residual volume

TLCVCREL
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Fig. 16.3 Definition of the various terms for lung volumes.
The graph illustrates the lung volume changes during quiet
breathing interrupted by a maximal inhalation followed by
a maximal exhalation. VC is the vital capacity, TLC is the
total lung capacity, IRV and ERV are the inspiratory and
expiratory reserve volume, REL is the resting expiratory
level, FRC is the functional residual capacity

Another significant factor is gravity whose role
depends on body posture. In an upright position, the di-
aphragm and adjacent structures tend to be pulled down,
increasing the volume of the thoracic cavity. In this sit-
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uation, the effect of gravity is inspiratory. In contrast, in
the supine position the diaphragm tends to get pushed
up into the rib cage, and expiration is promoted [16.1].

The total air volume that is contained in a maxi-
mally expanded rib cage is called the total lung capacity
(TLC in Fig. 16.3). After maximum exhalation a small
air volume, the residual volume, is still left in the air-
ways. The greatest air volume that can be exhaled after
a maximum inhalation is called the vital capacity (VC)
and thus equals the difference between the TLC and the
residual volume. The lung volume at which the exha-
latory and inhalatory recoil forces are equal, or REL,
is reached after a relaxed sigh, see Figs. 16.2 and 16.3.
During tidal breathing inhalation is initiated from REL,
so that inhalation is active resulting from an activation
of inspiratory muscles, and exhalation is passive, pro-
duced by the recoil forces. In tidal breathing only some
10% of VC is inhaled, such that a great portion of the
VC, the inspiratory reserve volume, is left. The air vol-
ume between REL and the residual volume is called the
expiratory reserve volume.

VC varies depending on age, body height and gender.
At the age of about 20 years, an adult female has a vital
capacity of 3–3.6 l depending on body height, and for
males the corresponding values are about 4–5.5 l.

Experimental data [16.4] show that, during tidal
breathing, lung volume variations are characterized by

Lung volume

Rest

Reading

Unscripted speech

Counting loud

Fig. 16.4 Examples of speech breathing

Mean lung volume

60
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40

30

20

10

REL

–10

–20

–30

Sopranos Mezzo-
soprano

Baritones

Untrained
females’
unscripted
speeech

Singers’
initiation LV

Singers’
termination LV

Fig. 16.5 Lung volume averages used in speech and
operatic singing expressed as percentages of vital ca-
pacity relative to the resting expiratory level REL. The
shaded band represents the mean lung volume range
observed in untrained female voices’ unscripted speech
(after [16.2]). The filled and open symbols show the cor-
responding measures for professional opera singers of the
indicated classifications when performing opera arias ac-
cording to Thomasson [16.3]. The bars represent ± one
SD

a regular quasi-sinusoidal pattern with alternating seg-
ments of inspiration and expiration of roughly equal
duration (Fig. 16.4). In speech and singing, the pat-
tern is transformed. Inspirations become more rapid
and expiration occurs at a slow and relatively steady
rate. Increasing vocal loudness raises the amplitude of
the lung volume records but leaves its shape relatively
unchanged.

Figure 16.5 shows mean lung volumes used by pro-
fessional singers when singing well-rehearsed songs.
The darker band represents the mean lung volume range
observed in spontaneous speech [16.2]. The lung vol-
umes of conversational speech are similar to those in
tidal breathing. Loud speech shows greater air con-
sumption and thus higher volumes (Fig. 16.4). Breath
groups in speech typically last for 3–5 seconds and
are terminated when lung volumes approach the relax-
ation expiratory level REL, as illustrated in Fig. 16.5.
Thus, in phonation, lung volumes below REL are mostly
avoided.

Part
E

1
6
.1

Amazon    EX1014    Page 679



672 Part E Music, Speech, Electroacoustics

Fig. 16.6 The records show lung volume (relative to the
mid-respiratory level), subglottal (esophageal) pressure
and stylized muscular activity for speaker counting from
one to 32 at a conversational vocal effort. (After Draper
et al. [16.5]) . To the left of the vertical line recoil forces are
strongly expiratory, to the right they are inspiratory. Arrows
have been added to the x-axis to summarize the original
EMG measurements which indicate that the recoil forces
are balanced by muscular activity (EMG = electromyogra-
phy, measurement of the electrical activity of muscles). To
the left of the vertical line (as indicating by left-pointing
arrow) the net muscular force is inspiratory, to the right it
is expiratory (right-pointing arrow). To keep loudness con-
stant the talker maintains a stable subglottal pressure and
recruits muscles according to the current value of the lung
volume. This behavior exemplifies the phenomenon known
as motor equivalence

In singing, breath groups tend to be about twice as
long or more, and air consumption is typically much
greater than in conversational speech. Mostly they are
terminated close to the relaxation expiratory level, as in
speech, but sometimes extend into the expiratory reserve
volume as illustrated in Fig. 16.5. This implies that, in
singing, breath groups typically start at much higher lung
volumes than in speech. This use of high lung volumes
implies that singers have to deal with much greater recoil
forces than in speech.

Figure 16.6 replots, in stylized form, a diagram
published by Ladefoged et al. [16.7]. It summarizes
measurements of lung volume and subglottal pressure,
henceforth referred to as Ps, recorded from a speaker
asked to take a deep breath and then to start counting.
The dashed line intersecting the Ps record represents the
relaxation pressure. This line tells us that elastic recoil
forces are strongly expiratory to the left of the verti-
cal line. To the right they produce a pressure lower than
the target pressure and eventually an inspiratory pres-
sure. The Ps curve remains reasonably flat throughout
the entire utterance.

The question arises: how can this relative constancy
be achieved despite the continually changing contribu-
tion of the relaxation forces? In a recent replication
of this classical work [16.8], various criticisms of the
original study are addressed but basically the original
answer to this question is restated: the motor system
adapts to the external goal of keeping the Ps fairly
constant (Fig. 16.6). Initially, when recoil forces are
strong, muscle activity is predominantly in the inspi-
ratory muscles such as the diaphragm and the external
intercostals. Gradually, as recoil forces decline, the ex-
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Fig. 16.7 Example of oral and subglottal pressure variations
for the phrase “phonetic aspects” (after Netsell [16.6]). As
the glottis opens and closes for voiceless and voiced sounds
and the vocal tract opens or closes for vowels and conso-
nants, the expired air is opposed by varying degrees of
glottal and supraglottal impedance. Both the oral and the
subglottal pressure records reflect the combined effect of
these resistance variations
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piratory muscles (the internal intercostals, the rectus
abdominis among others) take over increasingly as the
other group relaxes (cf. arrows, Fig. 16.6). According
to our present understanding [16.8, 9], this adapta-
tion of breathing for speech is achieved by constantly
updating the balance between agonist and antagonist
muscles in accordance with current conditions (lung
volume, body posture, etc.) and in order to meet the
goal of constant Ps. Muscle recruitment depends on lung
volume.

Figure 16.7 presents a representative example of oral
and Ps records. The phrase is “phonetic aspects” (Af-
ter Netsell [16.6]). The top panel shows a record of oral
air flow. Vertical lines indicate acoustic segment bound-
aries. The bottom diagram superimposes the curves for
oral and subglottal pressure.

The Ps shows a falling pattern which becomes more
pronounced towards the end of the phrase and which is
reminiscent of the declination pattern of the fundamen-
tal frequency contour typical of declarative sentences
[16.10, p. 127]. The highest values occur at the mid-
points of [�] and [	], the stressed vowels of the utterance.
For vowels, oral pressure is close to atmospheric pres-
sure (near zero on the y-axis cm H2O scale). The [�]
of phonetic and the [�] of aspects show highly sim-
ilar traces. As the tongue makes the closure for [�],
the air flow is blocked and the trace is brought down
to zero. This is paralleled by the oral pressure rising
until it equals the Ps. As the [�] closure progresses,
a slight increase builds up in both curves. The release
of the [�] is signaled by a peak in the air flow and
a rapid decrease in Ps. An almost identical pattern is
seen for [�].

In analyzing Ps records, phoneticians aim at iden-
tifying variations based on an active control of the
respiratory system and phenomena that can be attributed
to the system’s passive response to ongoing activity else-
where, e.g., in the vocal tract and or at the level of the
vocal folds [16.11].

To exemplify passive effects let us consider the
events associated with [�] and [�] just discussed. As
suggested by the data of Figs 16.4 and 16.6, speech
breathing proceeds at a relatively steady lung volume
decrement. However, the open or closed state of the glot-
tis, or the presence of a vocal tract constriction/closure,
is capable of creating varying degrees of impedance
to the expired air. The oral pressure record reflects
the combined effect of glottal and articulatory resis-
tance variations. Ps is also affected by such changing
conditions. As is evident from Fig. 16.7, the Ps traces
during the [�] and [�] segments first increase during

the stop closures. Then they decrease rapidly during
the release and the aspiration phases. These effects
are passive responses to the segment-based changes in
supraglottal resistance and are unlikely to be actively
programmed [16.12, 13].

Does respiration play an active role in the production
of stressed syllables? In “phonetic aspects” main stress
occurs on [�] and [	]. In terms of Ps, these vowels exhibit
the highest values. Are they due to an active participation
of the respiratory system in signaling stress, or are they
fortuitous by-products of other factors?

An early contribution to research on breathing and
speech is the work by Stetson [16.14]. On the basis of
aerodynamic, electromyographic and chest movement
measurements, Stetson proposed the notion of the chest
pulse, a chunk of expiratory activity corresponding to
the production of an individual syllable.

In the late fifties, Ladefoged and colleagues pub-
lished an electromyographic study [16.7] which cast
doubt on Stetson’s interpretations. It reported increased
activity in expiratory muscles (internal intercostals)
for English syllables. However, it failed to support
Stetson’s chest pulse idea in that the increases were
found only on stressed syllables. Ladefoged [16.8] re-
ports findings from a replication of the 1958 study in
which greater activity in the internal intercostals for
stressed syllables was confirmed. Moreover, reduced
activity in inspiratory muscles (external intercostals)
was observed to occur immediately before each stressed
syllable.

Ps measurements provide further evidence for a pos-
itive role for respiration in the implementation of stress.
Ladefoged [16.15, p. 143] states: “Accompanying every
stressed syllable there is always an increase in the Ps”.
This claim is based on data on disyllabic English noun–
verb pairs differing in the position of the main stress:
TORment (noun)–torMENT (verb), INsult (noun)–
inSULT (verb) etc. A clear distinction between the noun
and verb forms was observed, the former having Ps peaks
in the first syllable and the latter on the second syllable.

As for segment-related Ps variations (e.g., the stops
in Fig. 16.7), there is wide agreement that such local
perturbations are induced as automatic consequences of
speech production aerodynamics. Explaining short-term
ripple on Ps curves in terms of aerodynamics is consis-
tent with the observation that the respiratory system is
mechanically sluggish and therefore less suited to imple-
ment rapid Ps changes in individual phonetic segments.
Basically, its primary task is to produce a Ps contour sta-
ble enough to maintain vocal intensity at a fairly constant
level (Fig. 16.6).
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Fig. 16.8 Changes in esophageal pressure, corresponding
to subglottic pressure changes (upper curve) and phonation
frequency (middle) in a professional baritone singer per-
forming the coloratura passage shown at the bottom. (After
Leanderson et al. [16.17])

Singing provides experimental data on the behav-
ior of the respiratory system that tend to reinforce the
view that a time varying respiration activity can be an
active participant in the sound generation process. Al-
though there is ample justification for saying that the
mechanical response of the respiratory structures is char-
acterized by a long time constant, Ps in singing varies
quickly and accurately. One example is presented in
Fig. 16.8. It shows variations in pressure, captured as the
pressure variations in the esophagus and thus mirroring
the Ps variations [16.16], during a professional baritone
singer’s performance of the music example shown at the
bottom. Each tone in the sequence of sixteenth notes is
produced with a pressure pulse. Note also that in the
fundamental frequency curve each note corresponds to
a small rise and fall. The tempo of about six sixteenth
notes per second implies that the duration of each rise–
fall cycle is about 160 ms. It would take quite special
skills to produce such carefully synchronized Ps and
fundamental frequency patterns.

Synthesis experiments have demonstrated that this
particular fundamental frequency pattern is what
produces what is perceived as a sung legato col-
oratura [16.19, 20]. The voice organ seems incapable
of producing a stepwise-changing F0 curve in legato,
and such a performance therefore sounds as if it was
produced by a music instrument rather than by a voice.
In this sense this F0 variation pattern seems to be needed
for eliciting the perception of a sung sequence of short
legato tones.

The pressure variations are not likely to result from
a modulation of glottal adduction. A weak glottal ad-
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Level

Poes (cm H2O)

10
0

Fig. 16.9 The three curves show, from top to bottom F0
sound level and esophageal pressure in a professional bari-
tone singer singing the music example shown in the graph,
i. e. a descending scale with three tones on each scale tone.
The singer marked the first beat in each bar by a pressure
pulse. (After Sundberg et al. [16.18])

duction should result in a voice source dominated by the
fundamental and with very weak high spectrum partials,
and mostly the amplitudes of the high overtones do not
vary in coloratura sequences.

It is quite possible that the F0 variations are caused
by the Ps variations. In the example shown in Fig. 16.8,
the pressure variations amount to about 10 cm H2O,
which should cause a F0 modulation of about 30 Hz
or so, corresponding to two semitones in the vicinity
of 220 Hz. This means that the coloratura pattern may
simply be the result of a ramp produced by the F0 regu-
lating system which is modulated by the pressure pulses
produced by the respiratory system.

As another example of the skilled use of Ps in
singing, Fig. 16.9 shows the pressure variation in the
esophagus in a professional baritone singer performing
a descending scale pattern in 3/4 time, with three tones
on each scale step as shown by the score fragment in
the first three bars. The singer was instructed to mark
the first tone in each bar. The pressure record demon-
strates quite clearly that the first beat was produced with
a marked pulse approximately doubling the pressure.
Pulses of this magnitude must be produced by the res-
piratory apparatus. When the subject was instructed to
avoid marking the first tone in each bar, no pressure
pulses were observed [16.18].

The effect of Ps on fundamental frequency has been
investigated in numerous studies. A commonly used
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Fig. 16.10 Mean subglottal pressure, captured as the oral
pressure during /p/-occlusion, in five lyric and six dramatic
professional sopranos (heavy and thin curves, respec-
tively) who sang as loudly and as softly as possible at
different F0. The dashed curve shows Titze’s prediction
of threshold pressure, i. e., the lowest pressure that pro-
duces vocal fold vibration. The bars represent one SD
(After [16.21])

method is to ask the subject to produce a sustained
vowel at a given steady pitch and then, at unpre-
dictable moments, change the Ps by applying a push
to the subject’s abdomen or chest. The assumption un-
derlying these studies is that there will be an initial
interval during which possible reflex action of laryn-
geal muscles will not yet come into play. Hence the
data from this time segment should give a valid picture
of the relationship between fundamental frequency and
Ps.

In a study using the push method, Baer [16.22] estab-
lished this relationship for a single male subject. Data on
steady phonations at 94, 110, 220 Hz and a falsetto con-
dition (240 Hz) were collected. From electromyograms
from the vocalis and the interarytenoid it was possible
to tell that the first 30 ms after the push onset were un-
contaminated by reflex muscle responses. Fundamental
frequency was plotted against Ps for the four F0 condi-
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Fig. 16.11 Simultaneous recordings of sound level, sub-
glottic pressure (captured as the oral pressure during /p/
occlusion) and F0 in a professional singer singing the
note example shown at the bottom. (After Leanderson
et al. [16.17])

tions. These plots showed linear data clusters with slopes
of 4, 4, 3 and 9 Hz/cm H2O respectively. Other studies
which assumed a longer reflex response latency (100 ms)
report that F0’s dependence on Ps occurs between 2 to
7 Hz/cm H2O.

From such observations phoneticians have con-
cluded that, in producing the F0 variations of natural
speech, Ps plays only a secondary role. F0 control is
primarily based on laryngeal muscle activity. Nonethe-
less, the falling F0 contours of phrases with statement
intonation tend to have Ps contours that are also falling.
Moreover, in questions with final F0 increases, the Ps
records are higher towards the end of the phrase than in
the corresponding statements [16.15].

There is clear evidence that the Ps needs to be care-
fully adapted to the target fundamental frequency in
singing, especially in the high range ([16.23], [16.24,
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p. 36]). An example is presented in Fig. 16.10 which
shows mean Ps for five dramatic and five lyric sopra-
nos when they sang pp and ff tones throughout their
range [16.21]. The bars represent one standard devia-
tion. The dashed curve is the threshold pressure, i. e. the
lowest pressure that produced vocal fold vibration, for
a female voice according to Titze [16.25, 26].

The singers mostly used more than twice as high Ps
values when they were singing their loudest as compared
with their softest tones. The subjects reach up to 40 cm
H2O. This can be compared with values typical of nor-
mal adult conversational speech, which tend to occur in
the range of 5–10 cm H2O. However, loud speech and
particularly stage speech may occasionally approach the
higher values for singing.

Also interesting is the fact that lyric sopranos use sig-
nificantly lower Ps values than dramatic sopranos both
in soft and loud phonation. It seems likely that this dif-
ference reflects difference in the mechanical properties
of the vocal folds.

Figure 16.11 presents another example of the close
link between Ps and fundamental frequency. From top to
bottom it plots the time functions for sound level (SPL
in dB), pressure (cm H2O), fundamental frequency (Hz)
for a professional baritone singing an ascending triad
followed by a descending dominant-seventh triad (ac-

cording to the score at the bottom). The pressure record
was obtained by recording the oral pressure as the sub-
ject repeated the syllable [�	] on each note. During
the occlusion of the stop the peak oral pressure be-
comes equal to the Ps (as discussed in connection with
Fig. 16.7). That means that the peak values shown in the
middle diagram are good estimates of the actual Ps. It
is important to note that, when the trace repeatedly re-
turns to a value near zero, what we see is not the Ps,
but the oral pressure reading for the [	] vowel, which is
approximately zero.

The exercise in Fig. 16.11 is often sung staccato, i. e.
with short pauses rather than with a /p/ consonant be-
tween the tones. During these pauses the singer has to
get ready for the next fundamental frequency value and
must therefore avoid exhaling the pressurized air being
built up in the lungs. Singers do this by opening the glot-
tis between the tones and simultaneously reducing their
Ps to zero, so that no air will be exhaled during the silent
intervals between the tones. A remarkable fact demon-
strated here is that, particularly when sung loudly – so
that high Ps values are used – this exercise requires noth-
ing less than a virtuoso mastering of both the timing and
tuning of the breathing apparatus and the pitch control
process. A failure to reach a target pressure is likely to
result in a failure to reach the target F0.

16.2 The Glottal Sound Source

In speech and singing the general method to generate
sound is to make a constriction and to let a strong flow
of air pass through it. The respiratory component serves
as the power source providing the energy necessary for
sound production. At the glottis the steady flow of air
generated by the respiratory component is transformed
into a quasiperiodic series of glottal pulses. In the vo-
cal tract, the glottally modified breath stream undergoes
further modifications by the resonance characteristics of
the oral, pharyngeal and nasal cavities.

Constrictions are formed at the glottis - by adjusting
the separation of the vocal folds – and above the glot-
tis – by positioning the articulators of the vocal tract.
As the folds are brought close together, they respond
to the air rushing through by initiating an open–close
vibration and thereby imposing a quasiperiodic mod-
ulation of airflow. Thus, in a manner of speaking, the
glottal structures operate as a device that imposes an
AC modulation on a DC flow. This is basically the way
that voicing, the sound source of voiced vowels and con-

sonants and the carrier of intonation and melody, gets
made.

A second mechanism is found in the production of
noise, the acoustic raw materials for voiceless sounds
(e.g., [f], [�], [�], [�]). The term refers to irregular turbu-
lent fluctuations in airflow which arise when air comes
out from a constriction at a high speed. This process
can occur at the glottis – e.g., in [��] sounds, whisper
and breathy voice qualities – or at various places of
articulation in the vocal tract.

The framework for describing both singing and
speech is that of the source-filter theory of speech pro-
duction [16.27, 28]. The goal of this section is to put
speech and singing side by side within that frame-
work and to describe how the speaker and the singer
coordinate respiration, phonation and articulation to
shape the final product: the acoustic wave to be perceived
by the listener.

Figure 16.12 [16.29] is an attempt to capture a few
key aspects of vocal fold vibrations. At the center a sin-
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Time

Glottal flow

Closed Opening Open Closing

Fig. 16.12 Relationship between the flow glottogram,
showing transglottal airflow versus time, and glottal con-
figurations in a coronal plane (upper series of images) and
from above, as through a laryngeal mirror (lower series
of images). The airflow increases when the folds open the
glottis and allow air to pass and decreases quickly when
they close the glottis and arrest the airflow. (After [16.29])

gle cycle of a glottal waveform is seen. It plots airflow
through the glottis as a function of time. Alternatively,
the graph can be used to picture the time variations of
the glottal area which present a pattern very similar to
that for airflow. The top row shows stylized cross sec-
tions of the vocal folds at selected time points during the
glottal cycle. From left to right they refer to the opening
of the folds, the point of maximum area and the point of
closure. Below is a view of the vocal folds from above
corresponding to the profiles at the top of the diagram.

There are a number of different methods for visual-
izing vocal fold vibrations. By placing an electrode on
each side of the thyroid cartilage, a minute current can
be transferred across the glottis. This current increases
substantially when the folds make contact. The result-
ing electroglottogram, also called a laryngogram, thus
shows how the contact area varies with time. It is quite
efficient in measurement of F0 and closed phase. Opti-
cal glottograms are obtained by illuminating the trachea
from outside by means of a strong light source and cap-
turing the light traveling through the glottis by means
of an optical sensor in the pharynx. The signal therefore
reflects the glottal area, but only as long as the light suc-

b)

a)
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Differentiated flow

Flow
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Time (s)

Period

Closed
phase

Peak-to-peak
pulse amplitude

Glottal
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Fig. 16.13a,b Illustration of measures commonly used to
characterize a flow glottogram (a) and its time derivative,
the differentiated flow glottogram (b). (The wiggles in the
latter are artifacts caused by an imperfect inverse filtering)

cessfully finds it way to the sensor. A posterior tilting of
the epiglottis may easily disturb or eliminate the signal.

Flow glottograms show transglottal airflow versus
time and are derived by inverse filtering the audio signal,
often picked up as a flow signal by means of a pneumo-
tachograph mask [16.30]. Inverse filtering implies that
the signal is passed through a filter with a transfer func-
tion equalling the inverted transfer function of the vocal
tract. Therefore correct inverse filtering requires that the
inverted resonance peaks of the inverse filter are tuned
to the formant frequencies of the vowel being filtered.

As transglottal airflow is zero when the glottis is
closed and nonzero when it is open, the flow glot-
togram is physiologically relevant. At the same time
it is a representation of the sound of the voice source.

A typical example of a flow glottogram is given in
the upper graph of Fig. 16.13. The classical parameters
derived from flow glottograms are the durations of the
period and of the closed phase, pulse peak-to-peak am-
plitude, and glottal leakage. The lower graph shows the
differentiated glottogram. The negative peak amplitude
is often referred to as the maximum flow declination
rate (MFDR). As we shall see it has special status in the
process of voice production.

In the study of both speech and singing, the acous-
tic parameter of main relevance is the time variations
in sound pressure produced by the vocal system and re-
ceived by the listener’s ears. Theoretically, this signal
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is roughly proportional to the derivative of the output
airflow at the lips [16.28, 31] and it is related to the
derivative of the glottal waveform via the transfer func-
tion of the vocal tract. Formally, the excitation signal
for voiced sounds is defined in terms of this differen-
tiated signal. Accordingly, in source-filter theory, it is
the derivative of glottal flow that represents the source
and is applied to the filter or resonance system of the
vocal tract. The amplitude of the vocal tract excitation,
generally referred to as the excitation strength, is quan-
tified by the maximum velocity of flow decrease during
vocal-fold closing movement (the MFDR, Fig. 16.13)
which is a determinant of the level of the radiated sound.
At the moment of glottal closure a drastic modification
of the air flow takes place. This change is what gen-
erates voicing for both spoken and sung sounds and
produces a sound with energy across a wide range of
frequencies.

The Liljencrants–Fant (LF) model [16.32, 33] is
an attempt to model glottal waveforms using parame-
ters such as fundamental frequency, excitation strength,
dynamic leakage, open quotient and glottal frequency
(defined by the time period of glottal opening phase).
Other proposals based on waveform parameters have
been made by Klatt and Klatt [16.34], Ljungqvist and
Fujisaki [16.35], Rosenberg [16.36] and Rothenberg
et al. [16.37]. A second line of research starts out from
assumptions about vocal fold mechanics and applies
aerodynamics to simulate glottal vibrations [16.38, 39].
Insights from such work indicate the importance of pa-
rameters such as Ps, the adducted/abducted position of
vocal folds and their stiffness [16.28].

During the early days of speech synthesis it be-
came clear that the simplifying assumption of a constant
voice source was not sufficient to produce high-quality
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Fig. 16.14 Running speech data on the ‘excitation strength parameter’ of the LF model. (After [16.32])

natural-sounding copy synthesis. Experimental work on
the voice source and on speech synthesis has shown
that, in the course of an utterance, source parameters un-
dergo a great deal of variation. The determinants of this
dynamics are in part prosodic, in part segmental. Fig-
ure 16.14 [16.32] presents a plot of the time variations
of the excitation strength parameter (i. e. MFDR) during
the Swedish utterance: Inte i DETta århundrade [����
�����a��������a��]. The upper-case letters indicate that
the greatest prominence was on the first syllable of detta.
Vertical lines represent acoustic segment boundaries.

Gobl collected flow data using the mask developed
by Rothenberg [16.30] and applied inverse filtering to
obtain records of glottal flow which, after differentia-
tion, enabled him to make measurements of excitation
strength and other LF parameters.

Figure 16.14 makes clear that excitation strength is in
no way constant. It varies depending on both prosodic
and segmental factors. The effect of the segments is
seen near the consonant boundaries. As the vocal tract
is constricted, e.g., in [�] and [��], and as transglottal
pressure therefore decreases (cf. the pressure records of
Fig. 16.7), excitation strength is reduced. In part these
variations also occur to accommodate the voicing and the
voicelessness of the consonant [16.28]. This influence
of consonants on the voice source has been documented
in greater detail by Ni Chasaide and Gobl [16.40] for
German, English, Swedish, French, and Italian. Partic-
ularly striking effects were observed in the context of
voiceless consonants.

Prosodically, we note in Fig. 16.14 that excitation
strength exhibits a peak on the contrastively stressed
syllable in detta and that the overall pattern of the
phrase is similar to the falling declination contour earlier
mentioned for declarative statements.
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Table 16.1 Measurements of subglottal pressure (cm H2O)
and SPL at 0.3 m (dB) measured for the glottograms shown
in Fig. 16.15

Table A Ps SPL at
(cm H2O) 0.3 m(dB)

loudest 14.3 84

loud 7.3 82

neutral 5.7 78

soft 3.9 75

softest 3 70

Table B Ps SPL at
(cm H2O) 0.3 m(dB)

pressed 11.4 83

neutral 5.1 79

flowy 8 88

breathy 6.6 84

Examples of the fact that the Ps has a strong influ-
ence on the flow glottogram are given in the upper set
of graphs of Fig. 16.15, which shows a set of flow glot-
tograms for phonations produced at the same pitch but
with varying degrees of vocal loudness. As we exam-
ine the series of patterns from loudest to softest we note
that both the peak flow and the maximum steepness of
the trailing end of the pulse, i. e., MFDR, increase sig-
nificantly with increasing Ps. These shape changes are
lawfully related to the variations in Ps and are directly
reflected in sound pressure levels as indicated by the
numbers in Table 16.1.

Holmberg and colleagues [16.41] made acoustic and
airflow recordings of 25 male and 20 female speakers
producing repetitions of [�	] at soft, normal and loud
vocal efforts [16.42, p. 136]. Estimates of Ps and glot-
tal airflow were made from recordings of oral pressure
and oral airflow. Ps was derived by interpolating between
peak oral pressures for successive [�] segments and then
averaging across repetitions. A measure of average flow
was obtained by low-pass filtering the airflow signal
and averaging values sampled at the vowel midpoints.

Fig. 16.15 Typical flow glottogram changes associated with
changes of loudness or mode of phonation (top and bot-
tom series). As loudness of phonation is raised, the closing
part of the curve becomes more steep. When phonation is
pressed, the glottogram amplitude is low and the closed
phase is long. As the adduction force is reduced, pulse am-
plitude grows and the closed phase becomes shorter (note
that the flow scales are different for the top and bottom se-
ries of glottograms. Flowy phonation is the least adducted,
and yet not leaky phonation
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A copy of the airflow signal was low-pass filtered and
inverse filtered to remove the effect of F1 and other for-
mants. The output was then differentiated for the purpose
of determining the MFDR (Fig. 16.13).

Figure 16.15 also illustrates how the voice source
can be continuously varied between different modes of
phonation. These modes range from hyperfunctional,
or pressed, over neutral and flowy to hypofunctional,
or breathy. The corresponding physiological control pa-
rameter can be postulated to be glottal adduction, i. e.
the force by which the folds press against each other.
It varies from minimum in hypofunctional to extreme
in hyperfunctional. Flowy phonation is produced with
the weakest degree of glottal adduction compatible with
a full glottal closure. The physiologically relevant prop-
erty that is affected is the vibration amplitude of the
vocal folds, which is small in hyperfunctional/pressed
phonation and wide in breathy phonation.

As illustrated in Fig. 16.15 the flow glottogram
is strongly affected by these variations in phonation
mode [16.43]. In pressed phonation, the pulse ampli-
tude is small and the closed phase is long. It is larger in
neutral and even more so in flowy. In breathy phonation,
typically showing a waveform similar to a sine wave, air-
flow is considerable, mainly because of a large leakage,
so there is no glottal closure.

Phonation mode affects the relation between Ps and
the SPL of the sound produced. As shown in Table 16.1B

Transglottal airflow (Falsetto)

Transglottal airflow (Modal)

Time Time Time

Transglottal airflow (Falsetto)

Transglottal airflow (Modal)

Transglottal airflow (Falsetto)

Transglottal airflow (Modal)

Baryton Tenor Counter
tenor

Baryton Tenor Counter
tenor

Fig. 16.16 Typical flow glottograms for falsetto and modal register in a baritone, tenor and countertenor singer, all
professional. The flow scale is the same within subjects. The ripple during the closed phase in the lower middle glottogram
is an artifact. In spite of the great inter-subject variability, it can be seen that the glottogram pulses are wider and more
rounded in the falsetto register

pressed phonation is less economical from an acoustic
point of view: a Ps of 11.4 cm H2O produces an SPL at
0.3 m of only 83 dB, while in flowy phonation a lower
Ps produces a higher SPL.

Pitch, loudness and phonation mode are voice qual-
ities that we can vary continuously. By contrast, vocal
registers, also controlled by glottal parameters, appear
more like toggles, at least in untrained voices. The voice
is operating either in one or another register. There are at
least three vocal registers, vocal fry, modal and falsetto.
When shifting between the modal and falsetto registers,
F0 discontinuities are often observed [16.44].

The definition of vocal registers is quite vague,
a set of tones along the F0 continuum that sound
similar and are felt to be produced in a similar way.
As registers depend on glottal function, they produce
different flow glottogram characteristics. Figure 16.16
shows typical examples of flow glottograms for the
falsetto and modal registers as produced by profes-
sional baritone, tenor and countertenor singers. The
pulses are more rounded, the closed phase is shorter,
and the glottal leakage is greater in the falsetto than in
the modal register. However, the waveform of a given
register often varies substantially between individuals.
Classically trained sopranos, altos, and tenors learn to
make continuous transitions between the modal and
the falsetto registers, avoiding abrupt changes in voice
timbre.
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Fig. 16.17 Long-term-average spectra curves obtained from
an untrained male speaker reading the same text at 6
different degrees of vocal loudness. From top to bottom
the corresponding Leq values at 0.3 m were 93 dB, 88 dB,
85 dB, 84 dB, 80 dB, and 76 dB

Variation of vocal loudness affects the spectrum
slope as illustrated in Fig. 16.17, which shows long-
term-average spectra (LTAS) from a male untrained
voice. In the figure loudness is specified in terms of the
so-called equivalent sound level Leq. This is a commonly
used time average of sound level, defined as

Leq = 10 log
1

T

T∫

0

p2

p2
0

dt ,

where t is time and T the size of the time window. p and
p0 are the sound pressure and the reference pressure,
respectively.

When vocal loudness is changed, the higher over-
tones change much more in sound level than the lower
overtones. In the figure, a 14 dB change of the level
near 600 Hz is associated with a 22 dB change near
3000 Hz, i. e., about 1.5 times the level change near
600 Hz. Similar relationships have been observed for
professional singers [16.47]. In other words, the slope
of the voice source spectrum decreases with increasing
vocal loudness.

The physiological variable used for variation of vo-
cal loudness is Ps. This is illustrated in the upper graph
of Fig. 16.18, comparing averaged data observed in un-
trained female and male subjects and data obtained from
professional operatic baritone singers [16.45, 46]. The
relationship between the Ps and MFDR is approximately
linear. It can be observed that the pressure range used
by the singer is considerably wider than that used by the
untrained voices. The MFDR produced with a given Ps
by the untrained female and male subjects is mostly
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Untrained men
Baritone means
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Fig. 16.18 The top graph shows the relationship between
the mean subglottal pressure and the mean MFDR for
the indicated subject groups. The bottom graph shows the
relationship between MFDR and the SPL at 0.3 m for a pro-
fessional baritone singing the vowels /a/ and /æ/ at different
F0s. (After [16.45] p. 183, [16.46] p. 184)

higher than that produced by the baritones with the
same pressure.This may depend on different mechanical
characteristics of the vocal folds.

As we will see later, SPL depends on the strength
of the excitation of the vocal tract, i. e. on MFDR. This
variable, in turn, depends on Ps and F0; the higher the
pressure, the greater the MFDR value and the higher the
F0, the greater the MFDR. The top graph of Fig. 16.18
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shows how accurately MFDR could be predicted from
Ps and F0 for previously published data for untrained
male and female singers and for professional baritone
singers [16.45, 46]. Both Ps and F0 are linearly related
to MFDR. However, the singers showed a much greater
variation with F0 than the untrained voices. This differ-
ence reflected the fact that unlike the untrained subjects

the singers could sing a high F0 much more softly than
the untrained voices. The ability to sing high notes also
softly would belong to the essential expressive skills of
a singer. Recalling that an increase of Ps increases F0
by a few Hz/cm H2O, we realize that singing high tones
softly requires more forceful contraction of the pitch-
raising laryngeal muscles than singing such tones loudly.

16.3 The Vocal Tract Filter

The source-filter theory, schematically illustrated in
Fig. 16.19, describes vocal sound production as a three-
step process: (1) generation of a steady flow of air from

Velum

Vocal
folds

Trachea

Vocal
tract

Level

Radiated spectrum

Frequency

Vocal tract frequency
    curve formants

Glottal voice source

Frequency

Spectrum

Level

Level
Frequency

Transplottal airflow

Waveform

Time

Lungs

Fig. 16.19 Schematic illustration of the generation of voice
sounds. The vocal fold vibrations result in a sequence of
voice pulses (bottom) corresponding to a series of harmonic
overtones, the amplitudes of which decrease monotonically
with frequency (second from bottom). This spectrum is fil-
tered according to the sound transfer characteristics of the
vocal tract with its peaks, the formants, and the valleys be-
tween them. In the spectrum radiated from the lip opening,
the formants are depicted in terms of peaks, because the par-
tials closest to a formant frequency reach higher amplitudes
than neighboring partials

the lungs (DC component); (2) conversion of this airflow
into a pseudo-periodically pulsating transglottal airflow
(DC-to-AC conversion), referred to as the voice source;
and (3) response of the vocal tract to this excitation signal
(modulation of AC signal) which is characterized by the
frequency curve or transfer function of the vocal tract.
So far the first two stages, respiration and phonation,
have been considered.

In this section we will discuss the third step, viz. how
the vocal tract filter, i. e. the resonance characteristics of
the vocal tract, modifies, and to some extent interacts
with, the glottal source and shapes the final sound output
radiated from the talker’s/singer’s lips.

Resonance is a key feature of the filter response.
The oral, pharyngeal and nasal cavities of the vocal tract
form a system of resonators. During each glottal cycle
the air enclosed by these cavities is set in motion by the
glottal pulse, the main moment of excitation occurring
during the closing of the vocal folds, more precisely at
the time of the MFDR, the maximum flow declination
rate (cf. the previous section on source).

The behavior of a vocal tract resonance, or formant,
is specified both in the time and the frequency domains.
For any transient excitation, the time response is an
exponentially decaying cosine [16.27, p. 46]. The fre-
quency response is a continuous amplitude-frequency
spectrum with a single peak. The shape of either func-
tion is uniquely determined by two numbers (in Hz): the
formant frequency F and the bandwidth B. The band-
width quantifies the degree of damping, i. e., how fast the
formant oscillation decays. Expressed as sound pressure
variations, the time response is

p(t)= A e−πBt cos (2πFt) . (16.1)

For a single formant curve, the amplitude variations
as a function of frequency f is given (in dB) by

L(f)=20 log
[F2+ ( B

2

)2]
√

( f − F)2+ ( B
2

)2√
( f + F)2+ ( B

2

)2 .

(16.2)
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Fig. 16.20 Predictability of formant levels. Calculated
spectral envelopes for a set of Swedish vowels. The up-
per graph illustrates how varying only the frequency of F1
affects the amplitudes of other formants

In the frequency domain the bandwidth is defined
as the width of the formant 3 dB down from the peak,
that is, at the half-power points. A large bandwidth
produces a flat peak whereas a small value (less damp-
ing, reduced acoustic losses) makes the peak higher and
sharper.

Figure 16.20 shows spectral envelopes for a set of
Swedish vowels. They were calculated from formant
frequency data [16.48, 49] in accordance with source-
filter theory which assumes that a vowel spectrum can
be decomposed into formants (all specified with re-
spect to frequency and bandwidth), the spectrum of the
voice source, the contribution of formants above F4 and
radiation [16.27].

The individual panels are amplitude versus fre-
quency plots. Vowels are portrayed in terms of their
envelopes rather than as line spectra with harmonics.

The panels are arranged in a formant space. From top to
bottom the F2 in the panels decreases. From left to right
F1 increases. The frequency scale is limited to showing
the first three formant peaks.

We note that all envelopes have falling overall slopes
and that the amplitudes of the formant peaks vary a great
deal from vowel to vowel and depending on the relative
configuration of formant frequency positions.

In acoustic phonetic specifications of vowels, it is
customary to report no more than the frequencies of the
first two or three formants ([16.50, p. 59], [16.51]). Ex-
periments in speech synthesis [16.52] have indicated that
this compact description is sufficient to capture the qual-
ity of steady-state vowels reasonably well. Its relative
success is explained by the fact that most of the building
blocks of a vowel spectrum are either predictable (band-
widths and formant amplitudes), or show only limited
spectral variations (source, radiation, higher-formant
correction) [16.27].

Formant bandwidths [16.28, 53] reflect acoustic
losses. They depend on factors such as radiation, sound
transmission through the vocal tract walls, viscosity, heat
conduction, constriction size as well as the state of the
glottis. For example, a more open glottis, as in a breathy
voice, will markedly increase the bandwidth of the first
formant.

Despite the complex interrelations among these fac-
tors, bandwidths pattern in regular ways as a function of
formant frequency. Empirical formulas have been pro-
posed [16.54] that summarize bandwidth measurements
made using transient and sweep-tone excitation of the
vocal tract for closed-glottis conditions [16.55, 56].

To better understand how formant levels vary let us
consider the top diagram of Fig. 16.20. It compares en-
velopes for two vowel spectra differing only in terms
of F1. It is evident that the lowering of F1 (from 750
to 250 Hz) reduces the amplitudes of F2 and F3 by
about 15 dB. This effect is predicted by acoustic the-
ory which derives the spectral envelope of an arbitrary
vowel as a summation of individual formant curves on
a dB scale [16.27]. Figure 16.20 makes clear that, as
F1 is shifted, its contribution to the envelope is drasti-
cally changed. In this case the shift moves the entire F1
curve down in frequency and, as a result, its upper skirt
(dashed line) provides less of a lift to the upper formants.
This interplay between formant frequency and formant
levels is the major determinant of the various envelope
shapes seen in Fig. 16.20.

One of the main lessons of Fig. 16.20 is accord-
ingly that, under normal conditions of a stable voice
source, formant amplitudes are predictable. Another
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important consequence of the source-filter theory is
that, since knowing the formants will enable us to re-
construct the vowel’s envelope, it should also make
it possible to derive estimates about a vowel’s overall
intensity.

A vowel’s intensity can be calculated from its power
spectrum as

I = 10 log
[∑

(Ai)
2
]
, (16.3)

where Ai is the sound pressure of the i-th harmonic.
This measure tends to be dominated by the strongest
partial or partials. In very soft phonation the strongest
partial is generally the fundamental while in neutral and
louder phonation it is the partial that lies closest to the
first formant. Thus, typically all partials which are more
than a few dB weaker than the strongest partial in the
spectrum do not contribute appreciably to the vowel’s
intensity.

As suggested by the envelopes in Fig. 16.20, the
strongest harmonics in vowels tend to be found in the F1
region. This implies that a vowel’s intensity is primarily
determined by its F1. Accordingly, in the set shown in
Fig. 16.20, we would expect [��������] to be least intense
and [	�a
�] the most intense vowels. This is in good
agreement with experimental observations [16.57].
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Fig. 16.21 Spectrogram of operatic tenor Jussi Björling’s performance of an excerpt from Verdi’s opera Aida. The lyrics
are given below the graph

The intrinsic intensity of vowels and other speech
sounds has been a topic of interest to phoneticians study-
ing the acoustic correlates of stress [16.58]. It is related
to sonority, a perceptual attribute of speech sounds that
tends to vary in a regular way in syllables [16.59]. We
will return below to that topic in Sect. 16.5.

Let us continue to illustrate how formant levels de-
pend on formant frequencies with an example from
singing: the singer’s formant. This striking spectral phe-
nomenon is characteristic of classically trained male
singers. It is illustrated in Fig. 16.21. The figure shows
a spectrogram of a commercial recording of an operatic
tenor voice (Jussi Björling) performing a recitativo from
Verdi’s opera Aida. Apart from the vibrato undulation of
the partials, the high levels of partials in the frequency
range 2200–3200 Hz are apparent. They represent the
singer’s formant.

The singer’s formant is present in all voiced sounds
as sung by operatic male singers. It was first discov-
ered by Bartholomew [16.60]. It manifests itself as
a high, marked peak in the long-term-average spectrum
(LTAS).

A second example is presented in Fig. 16.22 show-
ing an LTAS of the same tenor voice as in Fig. 16.21,
accompanied by an orchestra of the traditional western
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Fig. 16.22 LTAS of the sound of a symphonic orchestra
with and without a singer soloist (dark and light curves).
The singer’s formant constitutes a major difference be-
tween the orchestra with and without the singer soloist.
(After [16.61])
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Fig. 16.23 Effect on the spectrum envelope of lowering for-
mants F4 and F5 from 3500 Hz and 4500 Hz to 2700 Hz and
3500 Hz, respectively. The resulting gain in level at F3 is
more than 10 dB

opera type. The LTAS peak caused by the singer’s for-
mant is just a few dB lower than the main peak in the
low-frequency range.

In the same figure an LTAS of a classical symphony
orchestra is also shown. On the average, the partials in
the low-frequency range are quite strong but those above
600 Hz decrease by about 10 dB/octave with rising fre-
quency. Even though this decrease varies depending on

how loudly the orchestra is playing, this implies that the
level of the orchestral accompaniment is much lower
at 3000 Hz than at about 600 Hz. In other words, the
orchestral sound offers the singer a rather reasonable
competition in the frequency range of the singer’s for-
mant. The fact of the matter is that a voice possessing
a singer’s formant is much easier to hear when the or-
chestral accompaniment is loud than a voice lacking
a singer’s formant. Thus, it helps the singer’s voice to be
heard when the orchestral accompaniment is loud.

The singer’s formant can be explained as a reso-
nance phenomenon [16.62]. It is a product of the same
rules that we invoked above to account for the formant
amplitudes of vowels and for intrinsic vowel intensi-
ties. The strategy of a classically trained male singer
is to shape his vocal tract so as to make F3, F4, and
F5 form a tight cluster in frequency. As the frequency
separations among these formants are decreased, their
individual levels increase, and hence a high spectral peak
is obtained between 2500 and 3000 Hz.

Figure 16.23 shows the effects on the spectrum en-
velope resulting from lowering F5 and F4 from 3500 Hz
and 4500 Hz to 2700 Hz and 3500 Hz, respectively. The
resulting increase of the level of F3 amounts to 12 dB,
approximately. This means that male operatic singers
produce a sound that can be heard more easily through
a loud orchestral accompaniment by tuning vocal tract
resonances rather than by means of producing an exces-
sive Ps.

The acoustical situation producing the clustering of
F3, F4, and F5 is obtained by acoustically mismatching
the aperture of the larynx tube, also referred to as the
epilaryngeal tube, with the pharynx [16.62]. This can
be achieved by narrowing this aperture. Then, the lar-
ynx tube acts as a resonator with a resonance that is not
much affected by the rest of the vocal tract but rather
by the shape of the larynx tube. Apart from the size of
the aperture, the size of the laryngeal ventricle would
be influential: the larger the ventricle, the lower the lar-
ynx tube resonance. Presumably singers tune the larynx
tube resonance to a frequency close to F3. The articula-
tory means used to establish this cavity condition seems
mainly to be a lowering of the larynx, since this tends
to widen both the pharynx and the laryngeal ventricle.
Many singing teachers recommend students to sing with
a comfortably low larynx position.

The level of the singer’s formant is influenced also by
the slope of the source spectrum which, in turn, depends
on vocal loudness, i. e. on Ps, as mentioned. Thus, the
singer’s formant tends to increase by about 15 dB for a
10 dB change of the overall SPL [16.47].
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Fig. 16.24 Mean LTAS derived from commercial record-
ings of four representatives of each of the indicated voice
classifications. The dashed curves show LTAS of untrained
female (red) and male (blue) voices’ speech with an Leq

of 70 dB at 0.3 m. Note that the singer’s formant produces
a prominent peak with a level well above the level of the
untrained voices’ LTAS only for the male singers

The center frequency of the singer’s formant varies
slightly between voice classifications, as illustrated in
the mean LTAS in Fig. 16.24 which shows mean LTAS
derived from commercial recordings of singers classi-
fied as soprano, alto, tenor, baritone and bass [16.63].
Each group has four singers. The center frequency of
the singer’s formant for basses, baritones and tenors
are about 2.4, 2.6, and 2.8 kHz, respectively. These
small differences are quite relevant to the typical voice
timbres of these classifications [16.64]. Their origin
is likely to be vocal tract length differences, basses
tending to have longer vocal tracts than baritones who
in turn have longer vocal tracts than tenors [16.65].
On the other hand, substantial variation in the center
frequency of the singer’s formant occurs also within
classifications.

Also shown for comparison in Fig. 16.24 is a mean
LTAS of untrained voices reading at an Leq of 70 dB at
0.3 m distance. The singer’s formant produces a marked
peak some 15 dB above the LTAS of the untrained voices
for the male singers. The female singers, on the other
hand, do not show any comparable peak in this fre-
quency range. This implies that female singers do not
have a singer’s formant [16.67–69].

Female operatic singers’ lack of a singer’s formant
is not surprising, given the fact that: (1) they sing at
high F0, i. e. have widely spaced spectrum partials, and
(2) the F3, F4, F5 cluster that produces a singer’s for-
mant is rather narrow in frequency. The latter means that
a narrow formant cluster will be hit by a partial only in
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Fig. 16.25 Perceived loudness of a vowel (bottom panel)
correlates better with subglottal pressure Ps than does SPL
(top panel) which depends on the intrinsic intensity of the
vowel. This, in turn, is determined by its formant pattern.
(After [16.66])

some tones of a scale while in other scale tones there
will be no partial in the formant cluster. This would lead
to salient and quasi-random variation of voice timbre
between scale tones.

The singer’s formant is a characteristic of classi-
cally trained male singers. It is not found in nonclassical
singing, e.g. in pop or musical theater singing, where au-
dibility is the responsibility of the sound engineer rather
than of the singer. Likewise, choir singers generally do
not possess a singer’s formant.

From the evidence in Fig. 16.18 we concluded that
the logarithm of Ps does a good job of predicting the
SPL over a large range of vocal intensities. This was
shown for untrained male and female speakers as well as
a professional baritone singer. In the next few paragraphs
we will look at how vowel identity affects that prediction
and how listeners perceive loudness in the presence of
vowel-dependent variations in SPL at constant Ps.
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This topic was addressed by Ladefoged [16.66] who
measured the peak SPL and the peak Ps in 12 repeti-
tions of bee, bay, bar, bore and boo spoken by a British
talker at varying degrees of loudness. SPL values were
plotted against log(Ps) for all tokens. Straight lines
could readily be fitted to the vowels individually. The
vowels of bay and bore tended to have SPL values
in between those of bar and bee/boo. The left half of
Fig. 16.25 replots the original data for [
] and [�]/[�]
pooled. The [
] line is higher by 5–6 dB as it should be
in view of F1 being higher in [
] than in [�] and [�] (cf.
preceding discussion).

In a second experiment listeners were asked to judge
the loudness of the test words. Each item was presented
after a carrier phrase: Compare the words: bar and .
The word bar served as reference. The subjects were
instructed to compare the test syllable and the reference
in terms of loudness, to give the value of 10 to the
reference and another relative number to the test word.
The analysis of the responses in terms of SPL indicated
that, for a given SPL, it was consistently the case that
bee and boo tended to be judged as louder than bar.
On the other hand, there were instances of bee and bar
with similar Ps that were judged to be equally loud. This
effect stood out clearly when loudness judgements were
plotted against log(Ps) as in the bottom half of Fig. 16.25.

Ladefoged concludes that “ . . . in the case of speech
sounds, loudness is directly related to the physiological
effort” – in other words, Ps – rather than the SPL as for
many other sounds.

Speech Sounds
with Noise and Transient Excitation

A comprehensive quantitative treatment of the mecha-
nisms of noise production in speech sounds is found in
Stevens [16.28, pp. 100–121]. This work also provides
detailed analyses of how the noise source and vocal tract
filtering interact in shaping the bursts of stops and the
spectral characteristics of voiced and voiceless frica-
tives. While the normal source mechanism for vowels
always involves the glottis, noise generation may take
place not only at the glottis but at a wide range of loca-
tions along the vocal tract. A useful rule of thumb for
articulations excited by noise is that the output will spec-
trally be dominated by the cavity in front of the noise
source. This also holds true for sounds with transient ex-
citation such as stop releases and click sounds [16.28,
Chapts. 7,8].

While most of the preceding remarks were devoted to
the acoustics of vowels, we should stress that the source-
filter theory applies with equal force to the production
of consonants.

16.4 Articulatory Processes, Vowels and Consonants

X-ray films of normal speech movements reveal a highly
dynamic process. Articulatory activity comes across as
a complex flow of rapid, parallel lip, tongue and other
movements which shows few, if any, steady states. Al-
though the speaker may be saying no more than a few
simple syllables, one nonetheless has the impression of
a virtuoso performance of a polyphonic motor score.
As these events unfold, they are instantly reflected in
the acoustic output. The articulatory movements modify
the geometry of the vocal tract. Accordingly, the filter
(transfer function) undergoes continual change and, as
a result, so do the output formant frequencies.

Quantitative modeling is a powerful tool for in-
vestigating the speech production process. It has been
successfully applied to study the relations between for-
mant and cavities. Significant insights into this mapping
have been obtained by representing a given vocal tract
configuration as an area function – i. e., a series of
cylindrical cross sections of variable lengths and cross-
sectional areas – and by simulating the effects of changes
in the area function on the formant frequencies [16.27].

In the past, pursuing this approach, investigators
have used lateral X-ray images – similar to the magnetic
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Fig. 16.26 Magnetic resonance images of the Swedish
vowels of Fig. 16.20
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Fig. 16.27a–c From articulatory profile to acoustic output.
Deriving the formant patterns of a given vowel articulation
involves (a) representing the vocal tract profile in terms of
the cross-distances from the glottis to the lips; (b) convert-
ing this specification into a cross-sectional area function;
and (c) calculating the formant pattern from this area func-
tion. To go from (a) to (b), profile data (top left) need
to be supplemented by area measurements obtained from
transversal (coronal and axial) images of the cross sections

resonance imaging (MRI) pictures in Fig. 16.26 – to
trace the outlines of the acoustically relevant articula-
tory structures. To make estimates of cross-sectional
areas along the vocal tract such lateral profiles need to
be supplemented with information on the transverse ge-
ometry of the cross sections, e.g., from casts of the vocal
tract [16.70] and tomographic pictures [16.27, 71].

More currently, magnetic resonance imaging meth-
ods have become available, making it possible to
obtain three-dimensional (3-D) data on sustained steady
articulations [16.72–76]. Figure 16.26 presents MRI
images taken in the mid-sagittal plane of a male
subject during steady-state productions of a set of
Swedish vowels. These data were collected in con-
nection with work on APEX, an articulatory model
developed for studying the acoustic consequences of ar-

ticulatory movements, e.g., the lips, the tongue and the
jaw [16.77–81].

Figure 16.27 highlights some of the steps involved
in deriving the formant pattern from lateral articulatory
profiles such those of Fig. 16.26. The top-left picture is
the profile for the subject’s [a]. The white lines indicate
the coronal, coronal oblique and axial planes where ad-
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o

X-ray data

Effect of
varying
APEX tongue
position

Neutral

Shape

Position

Idealization

Fig. 16.28 The top drawing shows superimposed observed
tongue shapes for [�], [�], [�] and [
] differing in the place
of the main constriction. Further analyses of similar data
suggest that, for vowels, two main dimensions are used:
The anterior–posterior location of the tongue body and its
displacement from neutral which controls the degree of
vocal tract constriction (lower right). These parameters are
implemented numerically to produce vowels in the APEX
articulatory model
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Fig. 16.29 Acoustic consequences of tongue body, jaw and
lip movements as examined in APEX simulations. The
tongue moves continuously between palatal, velar and
pharyngeal locations while maintaining a minimum con-
striction area Amin of 0.25 cm, a 7 mm jaw opening and
a fixed larynx height. The dashed and solid lines refer to
rounded and spread conditions. The lower diagram illus-
trates the effect of varying the jaw. The thin lines show
tongue movement at various degrees of jaw opening (6, 7,
8, 9, 12, 15, 19 and 23 mm). The bold lines pertain to fixed
palatal, neutral or pharyngeal tongue contours

ditional MR images were taken to get information on
the cross sections in the transverse dimension.

The location of the transverse cut is indicated by
the bold white line segment in the lateral profile. In the
coronal section to the right the airway of the vocal tract is
the dark area at the center. Below it, the wavy surface of
the tongue is evident. Since the teeth lack the density of
hydrogen nuclei needed to show up on MR images, their
intersection contours (green) were reconstructed from
casts and added computationally to the image. The red
lines indicate the outline of a dental plate custom-fitted to
the subject’s upper and lower teeth and designed to carry
a contrast agent used to provide reference landmarks
(tiny white dots) [16.82].

At any given point in the vocal tract, it would appear
that changes in cross-sectional area depend primarily
on the midsagittal distance from the tongue surface to
the vocal tract wall. An empirically adequate approach to
capturing distance-to-area relations is to use power func-
tions of the form Ax = αdβx , where dx is the mid-sagittal
cross distance at a location x in the vocal tract and α and
β are constants whose values tend to be different in dif-
ferent regions and depend on the geometry of the vocal
tract walls [16.24,70,72]. The cross-sectional area func-
tion can be obtained by applying a set of d-to-A rules
of this type to cross distances measured along the vocal
tract perpendicular to the midline. The final step con-
sists in calculating the acoustic resonance frequencies
of the derived area function.

In producing a vowel and the vocal tract shape appro-
priate for it, what are the main articulatory parameters
that the speaker has to control? The APEX model [16.80]
assumes that the significant information about the vowel
articulations in Fig. 16.26 is the following. All the vow-
els exhibit tongue shapes with a single constriction. They
differ with respect to how narrow this constriction is and
where it is located. In other words, the vowels appear
to be produced with control of two degrees of free-
dom: the palatal–pharyngeal dimension (position) and
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tongue height, or, in APEX terminology, displacement
from neutral. This interpretation is presented in stylized
form in Fig. 16.28 together with APEX tongue shapes
sampled along the palatal–pharyngeal continuum. The
choice of tongue parameters parallels the degree and
place of constriction in the area-function models of
Stevens and House [16.83] and Fant [16.27].

A useful application of articulatory models is that
they can be set up to change a certain variable while
keeping others constant [16.84]. Clearly, asking a human
subject to follow such an instruction does not create an
easily controlled task.
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Fig. 16.30 Role of the tongue tip and blade in tuning F3. As the tongue is raised to produce the retroflex configuration
required for the Swedish [��] sound an acoustically significant volume is created under the tongue blade. Simulations using
APEX indicate that this cavity is responsible for the considerable lowering of the third formant associated with the [��]

Figure 16.29 plots results from APEX simulation
experiments. It demonstrates how F1, F2 and F3 vary
in response to the tongue moving continuously between
palatal, velar and pharyngeal locations and maintaining
a minimum constriction area Amin of 0.25 cm2, a 7 mm
jaw opening and keeping the larynx height constant.
The dashed and solid lines refer to rounded and spread
conditions. The calculations included a correction for
the impedance of the vocal tract walls ([16.54], [16.28,
p. 158]).

It is seen that the tongue movement has strong ef-
fect on F2. As the constriction becomes more posterior
F2 decreases and F1 rises. In general, rounding low-
ers formants by varying degrees that depends on the
formant-cavity relations that apply to the articulation
in question. However, for the most palatal position in
Fig. 16.29 – an articulation similar to an [�] or an [�], it
has little effect on F2 whereas F3 is affected strongly.

The F2 versus F1 plot of the lower diagram of
Fig. 16.29 was drawn to illustrate the effect of varying
the jaw. The thin lines show how, at various degrees of
jaw opening (6, 7, 8, 9, 12, 15, 19 and 23 mm), the tongue
moves between palatal and pharyngeal constrictions by
way of the neutral tongue shape. The bold lines pertain
to fixed palatal, neutral or pharyngeal tongue contours.
We note that increasing the jaw opening while keeping
the tongue configuration constant shifts F1 upward.

Figure 16.30 exemplifies the role of the tongue tip
and blade in tuning F3. The data come from an X-ray
study with synchronized sound [16.79,85]. At the center

a spectrogram of the syllable “par” [��
�� ]. Perhaps
the most striking feature of the formant pattern is the
extensive lowering of F3 and F4 into the [��].

The articulatory correlates are illustrated in the trac-
ings. As we compare the profiles for [
�] and [��], we
see that the major change is the raising of the tongue
blade for [��] and the emergence of a significant cavity
in front of, and below, the tongue blade. Simulations us-
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Fig. 16.31 The acoustic vowel space: possible vowel for-
mant combinations according to the APEX model
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Fig. 16.32 Schematic illustration of the variation ranges of
F1 and F2 for various vowels as pronounced by female and
male adults. Above the graph F1 is given in musical score
notation together with typical F0 ranges for the indicated
voice classifications

ing APEX and other models [16.28,86] indicate that this
subapical cavity is responsible for the drastic lowering
of F3.

The curves of Fig. 16.30 are qualitatively consis-
tent with the nomograms published for three-parameter
area-function models, e.g., Fant [16.27]. An advantage
of more-realistic physiological models is that the rela-
tionships between articulatory parameters and formant
patterns become more transparent. We can summarize
observations about APEX and the articulation-to-
formants mapping as:

• F1 is controlled by the jaw in a direct way;• F2 is significantly changed by front–back movement
of the tongue;
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Fig. 16.33 Values of F1, F2, F3, and F4 for the indicated
vowels in a professional soprano as function of F0. F1 and
F3 are represented by open symbols and F2 and F4 by filled
symbols. The values for F0 ≈180 Hz were obtained when
the singer sustained the vowels in a speech mode. (After
Sundberg [16.87])

• F3 is influenced by the action of the tongue blade.

Another way of summarizing the acoustic proper-
ties of a speech production model is to translate all of its
articulatory capabilities into a formant space. By defini-
tion that contains all the formant patterns that the model
is capable of producing (and specifying articulatorily).
Suppose that a model uses n independent parameters
and each parameter is quantized into a certain number of
steps. By forming all legal combinations of those para-
metric values and deriving their vocal tract shapes and
formant patterns, we obtain the data needed to represent
that space graphically.

The APEX vowel space is shown in 3-D in
Fig. 16.31. The x-axis is F1. The depth dimension is
F2 and the vertical axis is F3. Smooth lines were drawn
to enclose individual data points (omitted for clarity).

A cloud-like structure emerges. Its projection on the
F2/F1 floor plane takes the form of the familiar trian-
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Fig. 16.34 Singers’ jaw opening in the vowels [
�] and [�]
plotted as functions of the distance in semitones between
F0 and the individual singer’s normal F1 value for these
vowels. The singers belonged to different classifications:
Sop = soprano, Mz = mezzosoprano, Alt = alto, Ten = tenor,
Bar = baritone. Symbols refer to subjects. (After Sundberg
and Skoog [16.88])

gular pattern appears with [�], [a] and [�] at the corners.
Adding F3 along the vertical axis offers additional room
for vowel timber variations especially in the [�/�] region.

Figure 16.32 shows typical values for F1 and F2 for
various vowels. At the top of the diagram, F1 is given
also on the musical staff. The graph thus demonstrates
that the fundamental frequency in singing is often higher
than the normal value of F1. For example, the first for-
mant of [��] and [��] is about 250 Hz (close to the pitch
of C4), which certainly is a quite low note for a soprano.

Theory predicts that the vocal fold vibration will be
greatly disturbed when F0 = F1 [16.89], and singers
seem to avoid allowing F0 to pass F1 [16.87, 90]. In-
stead they raise F1 to a frequency slightly higher than
F0. Some formant frequency values for a soprano singer
are shown in Fig. 16.33. The results can be idealized in
terms of lines, also shown in the figure, relating F1, F2,
F3, and F4 to F0. Also shown are the subject’s formant
frequencies in speech. The main principle seems to be as
follows. As long as fundamental frequency is lower than
the normal value of the vowel’s first formant frequency,
this formant frequency is used. At higher pitches, the
first formant is raised to a value somewhat higher than
the fundamental frequency. In this way, the singer avoids
having the fundamental frequency exceed the first for-
mant frequency. With rising fundamental frequency, F2
of front vowels is lowered, while F2 of back vowels is
raised to a frequency just above the second spectrum
partial; F3 is lowered, and F4 is raised.

A commonly used articulatory trick for achieving
the increase of F1 with F0 is a widening of the jaw
opening [16.85]. The graphs of Fig. 16.34 show the jaw
opening of professional singers as a function of the fre-
quency separation in semitones between F0 and the F1
value that the singer used at low pitches. The graph re-
ferring to the vowel [
�] shows that most singers began
to widen their jaw opening when the F0 was about four
semitones below the normal F1 value. The lower graph
of Fig. 16.34 shows the corresponding data for the vowel
[�]. For this vowel, most subjects started to widen the jaw
opening when the fundamental was about four semitones
above the normal value of F1. It is likely that below this
pitch singers increase the first formant by other articula-
tory means than the jaw opening. A plausible candidate
in front vowels is the degree of vocal tract constriction;
a reduced constriction increases the first formant. Many
singing teachers recommend their students to release the
jaw or to give space to the tone; it seems likely that the
acoustic target of these recommendations is to raise F1.

There are also other articulators that can be recruited
for the purpose of raising F1. One is the lip opening. By
retracting the mouth corners, the vocal tract is short-
ened; and hence the frequencies of the formants will
increase. The vocal tract can also be shortened by rais-
ing the larynx, and some professional female singers
take advantage of this tool when singing at high pitches.

This principle of tuning formant frequencies depend-
ing on F0 has been found in all singers who encounter
the situation that the normal value of the first formant
is lower than their highest pitches. In fact, all singers
except basses encounter this situation at least for some
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Fig. 16.35 The universal phenomenon of coarticulation illustrated with articulatory and acoustic data on Swedish [
].
The influence of the following vowel extends throughout the articulation of the stop closure. There is no point in time at
which a pure (context-free) sample of the [
] could be obtained

vowels sung at high pitches. The benefit of these ar-
rangements of the formant frequencies is an enormous
increase of sound level, gained by sheer resonance.

Vowel quality is determined mainly by F1 and F2,
as mentioned. Therefore, one would expect drastic con-
sequences regarding vowel intelligibility in these cases.
However, the vowel quality of sustained vowels seems
to survive these pitch-dependent formant frequency
changes surprisingly well, except when F0 exceeds the
pitch of F5 (about 700 Hz). Above that frequency no
formant frequency combination seems to help, and be-
low it, the vowel quality would not be better if normal
formant frequencies were chosen. The amount of text
intelligibility which occurs at very high pitches relies
almost exclusively on the consonants surrounding the
vowel. Thus, facing the choice between inaudible tones
with normal formant frequencies or audible tones with
strange vowel quality, singers probably make a wise
choice.

One of the major challenges both for applied and
theoretical speech research is the great variability of the
speech signal. Consider a given utterance as pronounced
by speakers of the same dialect. A few moments’ reflec-

tion will convince us that this utterance is certain to come
in a large variety of physical shapes. Some variations re-
flect the speaker’s age, gender, vocal anatomy as well
as emotional and physiological state. Others are stylis-
tic and situational as exemplified by speaking clearly
in noisy environments, speaking formally in public, ad-
dressing large audiences, chatting with a close friend
or talking to oneself while trying to solve a problem.
Style and situation make significant contributions to the
variety of acoustic waveforms that instantiate what we
linguistically judge as the same utterance.

In phonetic experimentation investigators aim at
keeping all of these stylistic and situational factors
constant. This goal tends to limit the scope of the
research to a style labeled laboratory speech, which
consists of test items that are chosen by the experi-
menter and are typically read from a list. Despite the
marked focus on this type of material, laboratory speech
nonetheless presents several variability puzzles. We will
mention two: segmental interaction, or coarticulation,
and prosodic modulation. Both exemplify the ubiquitous
context dependence of phonetic segments. First a few
remarks on coarticulation.
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Fig. 16.36 Coarticulation in [bV], [dV] and [gV] as reflected by measurements of F2, F3 and F4 onsets plotted against
an acoustic correlate of front back tongue movement, viz., F2 at the vowel midpoint

In Fig. 16.35 the phoneme [
] occurs in two words
taken from an X-ray film [16.79, 85] of a Swedish
speaker: [��
��] and [��
���]. In these words the first three
phonemes correspond to the first three segments on the
spectrogram: an initial [�] segment, the [
] stop gap and
then the final vowel. So far, so good. However, if we
were to try to draw a vertical line on the spectrogram to
mark the point in time where [�] ends and [
] begins,
or where [
] ends and the final vowel begins, we would
soon realize that we have an impossible task. We would
perhaps be able to detect formant movements in the [�]
segment indicating that articulatory activity towards the
[
] had been initiated. However, that point in time oc-
curs during the acoustic [�] segment. Similarly, we could
identify the endpoint of the formant transitions follow-
ing [
] but that event occurs when the next segment, the
final vowel, is already under way.

What we arrive at here is the classical conclusion
that strings of phonemes are not organized as beads
on a necklace [16.91–93]. The acoustic correlates of
phonemes, the acoustic segments, are produced accord-
ing to a motor schema that requires parallel activity in
several articulatory channels and weaves the sequence

of phonemes into a smooth fabric of overlapping move-
ments. We are talking about coarticulation, the overlap
of articulatory gestures in space and time.

Not only does this universal of motor organization
give rise to the segmentation problem, i. e., make it im-
possible to chop up the time scale of the speech wave
into phoneme-sized chunks, it creates another dilemma
known as the invariance issue. We can exemplify it
by referring to Fig. 16.35 again and the arrows indi-
cating the frequencies of F2 and F3 at the moment
of [
] release. With [��] following they are high in
frequency. Next to [��] they are lower. What acoustic
attributes define the [
] phoneme? How do we specify
the [
] phoneme acoustically in a context-independent
way?

The answer is that, because of coarticulation, we
cannot provide an acoustic definition that is context in-
dependent. There is no such thing as an acoustic pure
sample of a phoneme.

Articulatory observations confirm this account.
There is no point in time where the shape of the tongue
shows zero influence from the surrounding vowels. The
tracings at the top left of Fig. 16.35 show the tongue con-

Part
E

1
6
.4

Amazon    EX1014    Page 702



The Human Voice in Speech and Singing 16.5 The Syllable 695

tours for [��] and [��] sampled at the vowel midpoints.
The bottom left profiles show the tongue shapes at the
[
] release. The effect of the following vowel is readily
apparent.

So where do we look for the invariant phonetic corre-
lates for [
]? Work on articulatory modeling [16.49,94]
indicates that, if there is such a thing as a single context-
free target underlying the surface variants of [
], it is
likely to occur at a deeper level of speech production lo-
cated before the motor commands for [
] closure and
for the surrounding vowels blend.

This picture of speech production raises a number
of questions about speech perception that have been
addressed by a large body of experimental work [16.95,
96] but which will not be reviewed here.

It should be remarked though that, the segmenta-
tion and invariance issues notwithstanding, the context
sensitivity of phonetic segments is systematic. As an il-
lustration of that point Fig. 16.36 is presented. It shows
average data on formant transitions that come from the
Swedish speaker of Fig. 16.36 and Figs. 16.26–16.28.
The measurements are from repetitions of CV test words
in which the consonants were [�], [�] or [
] and were
combined with [��] [��] [	�] [a] [
�] [��] and [��]. Formant
transition onsets for F2, F3 and F4 are plotted against
F2 midpoints for the vowels.

If the consonants are coarticulated with the vowels
following, we would expect consonant onset patterns to
co-vary with the vowel formant patterns. As shown by
Fig. 16.36 that is also what we find. Recall that, in the
section on articulatory modeling, we demonstrated that
F2 correlates strongly with the front–back movement of
the tongue. This implies that, in an indirect way, the x-
axis labeled ‘F2 at vowel midpoint’ can be said to range
from back to front. The same reasoning applies to F2
onsets.

Figure 16.36 shows that the relationship between F2
onsets and F2 at vowel midpoint is linear for bV and
dV. For gV, the data points break up into back (low
F2) and front (high F2) groups. These straight lines
– known as locus equations [16.97] – have received
considerable attention since they provide a compact
way of quantifying coarticulation. Data are available
for several languages showing robustly that slopes
and intercepts vary in systematic ways with places of
articulation.

Furthermore, we see from Fig. 16.36 that lawful pat-
terns are obtained also for F3 and F4 onsets. This makes
sense if we assume that vocal tract cavities are not com-
pletely uncoupled and that hence, all formants – not only
F2 – are to some extent influenced by where along the
front–back dimension the vowel is articulated.

16.5 The Syllable

A central unit in both speech and singing is the syllable.
It resembles the phoneme in that it is hard to define but
it can be described in a number of ways.

Linguists characterize it in terms of how vowels and
consonants pattern within it. The central portion, the
nucleus, is normally a vowel. One or more consonants
can precede and/or follow forming the onset and the
coda respectively. The vowel/nucleus is always there;
the onset and coda are optional.

Languages vary with respect to the way they com-
bine consonants and vowels into syllables. Most of them
favor a frame with only two slots: the CV syllable. Oth-
ers allow more-elaborated syllable structures with up to
three consonants initially and the mirror image in syl-
lable final position. If there is also a length distinction
in the vowel and/or consonant system, syllables frames
can become quite complex. A rich pattern with conso-
nant clusters and phonological length usually implies
that the language has a strong contrast between stressed
and unstressed syllables.

In languages that allow consonant sequences, there
is a universal tendency for the segments to be serially
ordered on an articulatory continuum with the conso-
nants compatible with the vowel’s greater jaw opening
occurring next to the vowel, e.g., [�] and [�], while those
less compatible, e.g. [�], are recruited at the syllable
margins [16.98, 99]. In keeping with this observation,
English and other languages use [���] as an initial, but
not final, cluster. The reverse sequence [���] occurs in
final, but not initial, position, cf. sprawl and harps.
Traditionally and currently, this trend is explained in
terms of an auditory attribute of speech sounds, sonor-
ity. The sonority principle [16.59] states that, as the
most sonorous segments, vowels take the central nu-
cleus position of the syllable and that the sonority of the
surrounding consonants must decrease to the left and
to the right starting from the vowel. Recalling that the
degree of articulatory opening affects F1 which in turn
affects sound intensity, we realize that these articulatory
and auditory accounts are not incompatible. However,
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the reason for the syllabic variations in sonority is artic-
ulatory: the tendency for syllables to alternate close and
open articulations in a cyclical manner.

The syllable is also illuminated by a developmental
perspective. An important milestone of normal speech
acquisition is canonical babbling. This type of vocal-
ization makes its appearance sometime between 6–10
months. It consists of sequences of CV-like events, e.g.,
[�	�	], [�a�a] [16.101–105]. The phonetic output of
deaf infants differs from canonical babbling both quanti-
tatively and quantitatively [16.106–108], suggesting that
auditory input from the ambient language is a prerequi-
site for canonical babbling [16.109–112]. What babbling
shares with adult speech is its “syllabic” organization,
that is, the alternation of open and close articulations in
which jaw movement is a major component [16.113].

As mentioned, the regular repetition of open-close
vocal tract states gives rise to an amplitude modulation
of the speech waveform. Vowels tend to show the highest
amplitudes contrasting with the surrounding consonants
which have various degrees of constriction and hence
more reduced amplitudes. At the acoustic boundary be-
tween a consonant and a vowel, there is often an abrupt
rise in the amplitude envelope of the waveform.

When a Fourier analysis is performed on the wave-
form envelope, a spectrum with primarily low, sub-audio
frequency components is obtained. This is to be expected
given the fact that amplitude envelopes vary slowly as
a function of time. This representation is known as
the modulation spectrum [16.114]. It reflects recurring
events such as the amplitude changes at consonant-
vowel boundaries. It provides an approximate record of
the rhythmic pulsating stream of stressed and unstressed
syllables.

The time envelope may at first appear to be a rather
crude attribute of the signal. However, its perceptual im-
portance should not be underestimated. Room acoustics
and noise distort speech by modifying and destroying its
modulation spectrum. The modulation transfer function
was proposed by Houtgast and Steeneken as a measure
of the effect of the auditorium on the speech signal and
as a basis for an index, the speech transmission index
(STI), used to predict speech intelligibility under dif-
ferent types of reverberation and noise. The success of
this approach tells us that the modulation spectrum, and
hence the waveform envelope, contains information that
is crucial for robust speech perception [16.115]. Ex-
perimental manipulation of the temporal envelope has
been performed by Drullman et al. [16.116, 117] whose
work reinforces the conclusions reached by Houtgast
and Steeneken.

There seems to be something special about the front
ends of syllables. First, languages prefer CVs to VCs.
Second, what children begin with is strings of CV-like
pseudosyllables that emulate the syllable onsets of adult
speech. Third there is perceptually significant informa-
tion for the listener in the initial dynamics of the syllable.
Let us add another phenomenon to this list: the syllable
beat, or the syllable’s P-center [16.118, 119].

In reading poetry, or in singing, we have a very strong
sense that the syllables are spoken/sung in accordance
with the rhythmic pattern of the meter. Native speak-
ers agree more or less on how many syllables there
are in a word or a phrase. In making such judgments,
they seem to experience syllables as unitary events.
Although it may take several hundred milliseconds to
pronounce, subjectively a syllable appears to occur at
a specific moment in time. It is this impression to
which the phonetic term syllable beat refers and that
has been studied experimentally in a sizable number of
publications [16.120–126].

20

Percent occurrence

–300

10

0
–200 –100 0 100 200 300 400

Temporal distribution of time markers (ms)

[str]

–300 –200 –100 0 100 200 300 400
Location of segment boundaries relative to time marker (ms)

s

s

n

l

d

t

s

a

t r

t

d

[st]

[n]

[l]

[d]

[t]

[s]

n = 2095
s = 20

Fig. 16.37 In Rapp [16.100] three male Swedish subjects
were asked to produce test words based on an [a��
��] frame
with [�, �, �, �, �, ��, ���] as intervocalic segment(s). These
items were pronounced in synchrony with metronome beats
presented over headphones. The figure shows the tempo-
ral distribution of the metronome beats (upper panel) in
relation to the average time location of acoustic segment
boundaries (lower panel)
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The Human Voice in Speech and Singing 16.5 The Syllable 697

Rapp [16.100] asked three native speakers of
Swedish to produce random sets of test words built from
[aC�
��] were the consonant C was selected from [�, �,
�, �, �, ��, ���]. The instruction was to synchronize the
stressed syllable with a metronome beat presented over
earphones.

The results are summarized in Fig. 16.37. The x-axis
represents distance in milliseconds from the point of
reference, the metronome beat. The top diagram shows
the total distribution of about 2000 time markers around
the mean. The lower graph indicates the relative location
of the major acoustic segment boundaries.

Several phonetic correlates have been proposed for
the syllable beat: some acoustic/auditory, others articu-
latory. They all hover around the vowel onset, e.g., the
amplitude envelope of a signal [16.127], rapid increase
in energy in spectral bands [16.128,129] or the onset of
articulatory movement towards the vowel [16.130].

Rapp’s data in Fig. 16.37 indicate that the mean beat
time tends to fall close to the release or articulatory
opening in [�, �, �, �] but that it significantly precedes
the acoustic vowel onsets of [����], [���] and [��]. How-
ever, when segment boundaries were arranged in relation
to a fixed landmark on the F0 contour and vowel onsets
were measured relative to that landmark, the range of
vowel onsets was reduced. It is possible that the sylla-

Spoken Sung

some highway the rainbow upoverwhere some highway the rainbow upoverwhere

Fig. 16.38 Waveforms and spectrograms of the first few bars of Over the rainbow, spoken (left) and sung (right). Below:
F0 traces in Hz. Vertical lines were drawn at time points corresponding to “vowel onsets” defined in terms of onset of
voicing after a voiceless consonant, or the abrupt vocal tract opening following a consonant

ble beat may have its origin, not at the acoustic surface,
nor at some kinematic level, but in a deeper motor con-
trol process that coordinates and imposes coherence on
respiratory, phonatory and articulatory activity needed
to produce a syllable.

Whatever the definitive explanation for the syllable’s
psychological moment of occurrence will be, the sylla-
ble beat provides a useful point of entry for attempts to
understand how the control of rhythm and pitch works
in speech and singing. Figure 16.38 compares spectro-
grams of the first few bars of Over the rainbow, spoken
(left) and sung (right).

Vertical lines have been drawn at vowel onsets and
points where articulators begin to move towards a more
open configuration. The lines form an isochronous tem-
poral pattern in the sung version which was performed
at a regular rhythm. In the spoken example, they occur
at intervals that seem more determined by the syllable’s
degree of prominence.

The subject reaches F0 targets at points near the beats
(the vertical lines). From there target frequencies are
maintained at stationary values until shortly before it is
time to go to the next pitch. Thus the F0 curve resembles
a step function with some smoothing applied to the steps.

On the other hand, the F0 contour for speech shows
no such steady states. It makes few dramatic moves as it
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Fig. 16.39 Spectrogram of Dietrich Fischer-Dieskau’s recording of song number 4 from Robert Schumann’s Dichterliebe,
op. 48. The vertical bars mark the onset of the tones of the piano accompaniment. Note the almost perfect synchrony
between vowel onset and the piano. Note also the simultaneous appearance of high and low partials after the consonants
also after the unvoiced /t/ in Taube

gradually drifts downward in frequency (the declination
effect).

Figure 16.39 shows a typical example of classical
singing, a spectrogram of a commercial recording of
Dietrich Fischer-Dieskau’s rendering of the song “Die
Rose, die Lilie” from Robert Schumann’s Dichterliebe,
op. 48. The vertical dashed lines show the onsets of the
piano accompaniment. The wavy patterns, often occur-
ring somewhat after the vowel onset, reflect the vibrato.
Apart from the vibrato undulation of the partials the gaps
in the pattern of harmonics are quite apparent. At these
points we see the effect of the more constricted artic-

ulations for the consonants. Note the rapid and crisply
synchronous amplitude rise in all partials at the end
of the consonant segments, also after unvoiced conso-
nants, e.g. the /t/ in Taube. These rises are synchronized
with the onset of the piano accompaniment tones, thus
demonstrating that in singing a beat is marked by the
vowel. The simultaneous appearing of low and high
partials seems to belong to the characteristics of clas-
sical singing as opposed to speech, where the higher
partials often arrive with a slight delay after unvoiced
consonants. As mentioned before, such consonants are
produced with abduction of the vocal folds. To generate
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Fig. 16.40 A quantitative approach to synthesizing F0 contours by rule (After Fujisaki [16.131]). The framework shown
here is an example of the so-called superposition models which generate F0 patterns by adding strongly damped responses
to input step function target commands for phrase and accents

also high partials in this context, the vocal folds need to
close the glottis at the very first vibratory cycle at the
vowel onset. A potential benefit of this might be that
this enhances the higher formants which are important
to text intelligibility.

Several quantitative frameworks have been pro-
posed for generating speech F0 contours by rule (for
overview see Frid [16.132]). A subgroup of these has
been called superposition models [16.131,133]. A char-
acteristic of such models is that they decompose the
F0 curve into separate phrase and accent components.
The accent commands are F0 step or impulse func-
tions temporally linked to the syllables carrying stress.
Accent pulses are superimposed on the phrase compo-
nent. For a declarative sentence, the phrase component
is a falling F0 contour produced from rectangular step
function hat patterns [16.134]. The phrase and accent
commands are passed through critically damped filters
to convert their sum into the smoothly varying output

F0 contour. An example of this approach is shown in
Fig. 16.40 [16.131].

The last few figures suggest that the F0 patterns of
singing and speech may be rather different if compared
in terms of the raw F0 curves. However, the superposi-
tion models suggest that speech F0 contours have charac-
teristics in part attributable to the passive response char-
acteristics of the neuro-mechanical system that produces
them, and in part due to active control signals. These con-
trol commands take the form of stepwise changes, some
of short, others of longer duration. This representation
is not unlike the sequence of F0 targets of a melody.

The implication of this analysis is that F0 is con-
trolled in similar ways in speech and singing in the sense
that both are based on sequences of underlying steady-
state targets. On the other hand, a significant difference
is that in singing high accuracy in attainment of acous-
tic target frequencies is required whereas in speech such
demands are relaxed and smoothing is stronger.

16.6 Rhythm and Timing

A striking characteristic of a foreign language is its
rhythm. Phoneticians distinguish between stress-timed
and syllable-timed languages. English, Russian, Arabic
and Thai are placed in the first group [16.135]. French,
Spanish, Greek, Italian, Yoruba and Telugu are examples
of the second.

Stress timing means that stressed syllables recur at
approximately equal intervals. For instance, it is pos-
sible to say “in ENGlish STRESses reCUR at EQual
INtervals”, spacing the stressed syllables evenly in time
and without sounding too unnatural. Stress increases
syllable duration. In case several unstressed syllables

occur in between stresses they are expected to undergo
compensatory shortening. Syllable, or machine-gun,
timing [16.136] implies that syllables recur at approxi-
mately equal intervals. In the first case it is the stresses
that are isochronous, in the second the syllables.

To what extent are speech rhythms explicitly con-
trolled by the speaker? To what extent are they
fortuitous by-products of other factors? Does acquiring
a new language involve learning new rhythmic target
patterns?

The answer depends on how speech is defined.
In the reading of poetry and nursery rhymes it is
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clear that an external target, viz. the metric pattern,
is a key determinant of how syllables are produced.
Similarly, the groupings and the pausing in narrative
prose, as read by a professional actor, can exhibit ex-
trinsic rhythmic stylization compared with unscripted
speech [16.137].

Dauer [16.138] points the way towards addressing
such issues presenting statistics on the most frequently
occurring syllable structures in English, Spanish and
French. In Spanish and French, syllables were found
to be predominantly open, i. e. ending with a vowel,
whereas English showed a preference for closed sylla-
bles, i. e. ending with a consonant, especially in stressed
syllables. Duration measurements made for English
and Thai (stress-timed) and Greek, Spanish and Ital-
ian (syllable-timed) indicated that the duration of the
interstress intervals grew at the same constant rate as
a function of the number of syllables between the
interstress intervals. In other words, no durational ev-
idence was found to support the distinction between
stress timing and syllable timing. How do we square
that finding with the widely shared impression that
some languages do indeed sound stress-timed and others
syllable-timed?

Dauer [16.138, p. 55] concludes her study by stating
that: “ . . . the rhythmic differences we feel to exist be-
tween languages such as English and Spanish are more
a result of phonological, phonetic, lexical and syntactic
facts about that language than any attempt on the part
of the speaker to equalize interstress or intersyllable
intervals.”

It is clear that speakers are certainly capable of im-
posing a rhythmic template in the serial read-out of
syllables. But do they put such templates in play also
when they speak spontaneously? According to Dauer
and others [16.139, 140] rhythm is not normally an
explicitly controlled variable. It is better seen as an emer-
gent product of interaction among the choices languages
make (and do not make) in building their syllables:
e.g., from open versus closed syllable structures, heavy
versus weak clusters, length distinctions and strong
stressed/unstressed contrast. We thus learn that the dis-
tinction between syllable timing and stress timing may
be a useful descriptive term but should primarily be ap-
plied to the phonetic output, more seldom to its input
control.

Do speech rhythms carry over into music? In other
words, would music composed by speakers of syllable-
timed or stress-timed languages also be syllable timed or
stress timed? The question has been addressed [16.141,
142] and some preliminary evidence has been reported.

There is more to speech timing than what happens
inside the syllable. Processes at the word and phrase
levels also influence the time intervals between syllables.
Consider the English words digest, insult and pervert. As
verbs their stress pattern can be described as a sequence
of weak–strong syllables. As nouns the order is reversed:
strong–weak. The syllables are the same but changing
the word’s stress contour (the lexical stress) affects their
timing.

The word length effect has been reported for several
languages [16.58, 143]. It refers to the tendency for the
stressed vowel of the word to shorten as more syllables
are appended, cf. English speed, speedy, speedily. In
Lehiste’s formulation: “It appears that in some languages
the word as a whole has a certain duration that tends
to remain relatively constant, and if the word contains
a greater number of segmental sounds, the duration of
the segmental sounds decreases as their number in the
word increases.”

At the phrase level we find that rhythmic patterns
can be used to signal differences in syntactic structure.
Compare:

1. The 2000-year-old skeletons,
2. The two 1000-year-old skeletons.

The phrases contain syllables with identical phonetic
content but are clearly timed differently. The difference
is linked to that fact that in (1) 2000-year-old forms
a single unit, whereas in (2) two 1000-year-old consists
of two constituents.

A further example is:

3. Johan greeted the girl with the flowers.

Hearing this utterance in a specific context a listener
might not find it ambiguous. But it has two interpreta-
tions: (a) either Johan greeted the girl who was carrying
flowers, or (b) he used the flowers to greet her. If spo-
ken clearly to disambiguate, the speaker is likely to
provide temporal cues in the form of shortening the
syllables within each syntactic group to signal the co-
herence of the constituent syllables (cf. the word length
effect above) and to introduce a short pause between
the two groups. There would be a lengthening of the
last syllable before the pause and of the utterance-final
syllable.

Version (a) can be represented as

4. [Johan greeted] # [the girl with the flowers].

In (b) the grouping is

5. [Johan greeted the girl] # [with the flowers].
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The Human Voice in Speech and Singing 16.7 Prosody and Speech Dynamics 701

The # symbol indicates the possibility of a short
juncture or pause and a lengthening of the segments
preceding the pause. This boundary cue is known
as pre-pausal lengthening, or more generally as final
lengthening [16.143, 144], a process that has been ob-
served for a great many languages. It is not known
whether this process is a language universal. It is fair
to say that is typologically widespread.

Curiously it resembles a phenomenon found in po-
etry, folk melodies and nursery tunes, called catalexis. It
consists in omitting the last syllable(s) in a line or other
metrical unit of poetry. Instead of four mechanically
repeated trochaic feet as in:

|−& |−& |−& |−& |
|−& |−& |−& |−& |

we typically find catalectic lines with durationally im-
plied but deleted final syllables as in:

|−& |−& |−& |− |
Old McDonald had a farm

|−& |−& |− | |
ee-i ee-i oh

Final lengthening is an essential feature of speech
prosody. Speech synthesized without it sounds both
highly unnatural and is harder to perceive. In music
performance frameworks, instrumental as well as sung,
final lengthening serves the purpose of grouping and
constituent marking [16.145, 146].

16.7 Prosody and Speech Dynamics

Degree of prominence is an important determinant of
segment and syllable duration in English. Figure 16.41
shows spectrograms of the word ‘squeal’ spoken with
four degrees of stress in sentences read in response to
a list of questions (source: [16.147]). The idea behind
this method was to elicit tokens having emphatic, strong
(as in focus position), neutral and weak (unfocused)
stress on the test syllable. The lower row compares the
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Neutral
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Unfocused

Focused Emphatically stressed

(kHz)

Fig. 16.41 Spectrograms of the word ‘squeal’ spoken with
four degrees of stress in sentences read in response to a list
of questions. (After Brownlee [16.147])

strong and the emphatic pronunciations (left and right re-
spectively). The top row presents syllables with weaker
degrees of stress.

The representations demonstrate that the differences
in stress have a marked effect on the word’s spectro-
graphic pattern. Greater prominence makes it longer.
Formants, notably F2, show more extensive and more
rapid transitions.

A similar experimental protocol was used in two
studies of the dynamics of vowel production [16.147,
148]. Both report formant data on the English front vow-
els [�], [�], [�] and [��] occurring in syllables selected to
maximize and minimize contextual assimilation to the
place of articulation of the surrounding consonants. To
obtain a maximally assimilatory frame, words contain-
ing the sequence [��	] were chosen, e.g., as in wheel,
will, well and wail. (The [�] is a labio-velar and English
[	] is velarized. Both are thus made with the tongue
in a retracted position). The minimally assimilatory
syllable was [���].

Moon’s primary concern was speaking style (clear
versus casual speech). Brownlee investigated changes
due to stress variations. In both studies measurements
were made of vowel duration and extent of formant
transitions. Vowel segment boundaries were defined in
terms of fixed transition onset and endpoint values for
[�] and [	] respectively. The [���] frame served as a
null context reference. The [��	] environment produced
formant transitions large enough to provide a sensitive
and robust index of articulatory movement (basically the
front–back movement of the tongue).
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Fig. 16.42 Measurements of F2 as function of vowel du-
ration from tokens of [�] in the word ‘squeal’ spoken by
a male subject under four conditions of stress: emphatically
stressed, focused, neutral stress and weak stress (out of fo-
cus). Filled circles pertain to the individual measurements
from all the four stress conditions. The dashed horizontal
line, is the average F2 value of citation form productions of
[���]. The averages for the four stress conditions are indi-
cated by the open squares. As duration increases – which
is approximately correlated with increasing stress – the
square symbols are seen to move up along the smooth curve
implying decreasing undershoot. (After Brownlee [16.147])

Figure 16.42 presents measurements of F2 and vowel
duration from tokens of [�] in the word ‘squeal’ spo-
ken by a male subject under four conditions of stress:
emphatically stressed, focused, neutral stress and weak
stress (out of focus). The subject was helped to pro-
duce the appropriate stress in the right place by reading
a question before each test sentence.

Filled circles pertain to individual measurements
pooled for all stress conditions. The points form a coher-
ent cluster which is fairly well captured by an exponen-
tial curve. The asymptote is the dashed horizontal line,
i. e., the average F2 value of the [���] data for [�]. The
averages for the stress conditions are indicated by the un-
filled squares. They are seen to move up along the curve
with increasing stress (equivalently, vowel duration).

To understand the articulatory processes underlying
the dynamics of vowel production it is useful to adopt

a biomechanical perspective. In the [��	] test words the
tongue body starts from a posterior position in [�] and
moves towards a vowel target located in the front re-
gion of the vocal tract, e.g., [�], [�], [�] or [�]. Then
it returns to a back configuration for the dark [	]. At
short vowel durations there is not enough time for the
vowel gesture to be completed. As a result, the F2 move-
ment misses the reference target by several hundred Hz.
Note that in unstressed tokens the approach to target
is off by almost an octave. As the syllable is spoken
with more stress, and the vowel accordingly gets longer,
the F2 transition falls short to a lesser degree. What is
illustrated here is the phenomenon known as formant
undershoot [16.149, 150].

Formant undershoot has received a fair amount of at-
tention in the literature [16.151–155]. It is generally seen
as an expression of the sluggish response characteristics
of the speech production system. The term sluggish here
describes both neural delays and mechanical time con-
stants. The response to the neural commands for a given
movement is not instantaneous. It takes time for neural
impulses to be transformed into muscular contractions
and it takes time for the tongue, the jaw and other artic-
ulatory structures to respond mechanically to the forces
generated by those contractions. In other words, several
stages of filtering take place between control signals and
the unfolding of the movements. It is this filtering that
makes the articulators sluggish. When commands for
successive phonemes arrive faster than the articulatory
systems are able to respond, the output is a set of in-
complete movements. There is undershoot and failure to
reach spatial, and thus also acoustic, targets.

However, biomechanics tells us that, in principle,
it should be possible to compensate for system char-
acteristics by applying greater force to the articulators
thereby speeding up movements and improving target at-
tainment [16.156]. Such considerations make us expect
that, in speech movement dynamics, a given trajectory
is shaped by

1. the distance between successive articulatory goals
(the extent of movement);

2. articulatory effort (input force); and
3. duration (the time available to execute the move-

ment).

The data of Brownlee are compatible with such
a mechanism in that the stress-dependent undershoot ob-
served is likely to be a joint consequence of: (1) the large
distances between back and front targets; (2) the stress
differences corresponding to variations in articulatory
effort; and (3) durational limitations.
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Fig. 16.43 Measurements F2 as function of vowel duration
for five male subjects’ casual citation-form style pronuncia-
tion of the words wheel, wheeling, Wheelingham, will, will-
ing, willingly and for their pronunciation of the same words
when asked to say them clearly in an overarticulated way.
Casual style is represented by the solid circles, clear speech
by open circles. The frequency of F2 in [�] is indicated by
the arrows at 600 Hz. The mean F2 for the [���] data is
entered as dashed horizontal lines. (After [16.157], Fig. 4)

The three factors – movement extent, effort and du-
ration – are clearly demonstrated in Moon’s research on
clear and casual speech. As mentioned, Moon’s test syl-
lables were the same as Brownlee’s. He varied speaking
style while keeping stress constant. This was achieved
by taking advantage of the word-length effect.The seg-
ment strings [��	�], [��	�], [��	�] and [��	�] were used
as the first main-stressed syllable in mono-, bi- and tri-

syllabic words to produce items such as wheel, wheeling,
Wheelingham, will, willing, willingly, etc.

In the first part of his experiment, five male subjects
were asked to produce these words in casual citation-
form style. In the second section the instruction was
to say them clearly in an overarticulated way. For
the citation-form pronunciation the results replicated
previously observed facts in that: (a) all subjects exhib-
ited duration-dependent formant undershoot, and (b) the
magnitude of this effect varied in proportion to the ex-
tent of the [�]–[vowel] transition. In the clear style,
undershoot effects were reduced. The mechanism by
which this was achieved varied somewhat from subject
to subject. It involved combinations of increased vowel
duration and more rapid and more extensive formant
transitions. Figure 16.43 shows the response of one of
the subjects to the two tasks [16.157].

Casual style is represented by the solid circles, clear
speech by open circles. The frequency of F2 in [�] is
indicated by the arrows at 600 Hz. The mean F2 for the
[���] data is entered as dashed horizontal lines.

The solid points show duration-dependent under-
shoot effects in relation to the reference values for the
[���] environment. The open circles, on the other hand,
overshoot those values suggesting that this talker used
more extreme F2 targets for the clear condition. The cen-
ter of gravity of the open circles is shifted to the right
for all four vowels showing that clear forms were longer
than citation forms. Accordingly, this is a subject who
used all three methods to decrease undershoot: clear pro-
nunciations exhibited consistently more extreme targets
(F2 higher), longer durations and more rapid formant
movements.

These results demonstrate that duration and context
are not the only determinants of vowel reduction since,
for any given duration, the talker is free to vary the degree
of undershoot by choosing to articulate more forcefully
(as in overarticulated hyperspeech) or in a more relaxed
manner (as in casual hypospeech). Taken together, the
studies by Moon and Brownlee suggest that the dy-
namics of articulatory movement, and thus of formant
transitions, are significantly constrained by three factors:
extent of movement, articulatory effort and duration.

16.8 Control of Sound in Speech and Singing

When we perform an action – walk, run, or reach for and
manipulate objects – our motor systems are faced with
the fact that the contexts under which movements are

made are never exactly the same. They change signifi-
cantly from one situation to the next. Nonetheless, motor
systems adapt effortlessly to the continually changing
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conditions presumably because, during evolution, they
were shaped by the need to cope with unforeseen events
and obstacles [16.158]. Their default mode of operation
is compensatory [16.159].

Handwriting provides a good illustration of this abil-
ity. A familiar fact is that it does not matter if something
is written on the blackboard or on a piece of paper.
The characteristic features of someone’s handwriting are
nevertheless easily recognized. Different sets of muscles
are recruited and the size of the letters is different but
their shapes remain basically similar. What this observa-
tion tells us is that movements are not specified in terms
of fixed set of muscles and constant contraction pat-
terns. They are recruited in functionally defined groups,
coordinative structures [16.160]. They are planned and
executed in an external coordinate space, in other words
in relation to the 3-D world in which they occur so
as to attain goals defined outside the motor system it-
self. The literature on motor mechanisms teaches us
that voluntary movements are prospectively organized
or future-oriented.

Speech and singing provide numerous examples of
this output-oriented mode of motor control [16.161–
163]. Earlier in the chapter we pointed out that, in up-
right position, the diaphragm and adjacent structures
are influenced by gravity and tend to be pulled down,
thereby causing the volume of the thoracic cavity to
increase. In this position, gravity contributes to the in-
spiratory forces. By contrast, in the supine position, the
diaphragm tends to get pushed up into the rib cage,
which promotes expiration [16.1, p. 40].

Sundberg et al. [16.164] investigated the effect of up-
right and supine positions in two baritone singers using
synchronous records of esophageal and gastric pressure,
EMG from inspiratory and expiratory muscles, lung vol-
ume and sound. Reorganization of respiratory activity
was found and was interpreted as compensation for the
different mechanical situations arising from the upright
and supine conditions.

This finding is closely related to what we know
about breathing during speech. As mentioned above
(Fig. 16.6), the Ps tends to stay fairly constant for any
given vocal effort. It is known that this result is achieved
by tuning the balance between inspiratory and expi-
ratory muscles. When the lungs are expanded so that
the effect of elastic recoil creates a significant expi-
ration force, inspiratory muscles predominate to put
a brake on that force. For reduced lung volumes the
situation is the opposite. The effect of elastic recoil is
rather to increase lung volume. Accordingly, the mus-
cle recruitment needed to maintain Ps is expected to

be primarily expiratory. That is indeed what the data
show [16.8, 66, 165].

The bite-block paradigm offers another speech ex-
ample. In one set of experiments [16.166] subjects were
instructed to pronounce syllables consisting only of
a long vowel under two conditions: first normally, then
with a bite block (BB) between the teeth. The subjects
all non-phoneticians were told to try to sound as normal
as possible despite the BB. No practice was allowed.
The purpose of the BB was to create an abnormally
large jaw opening for close vowels such as [�] and [�].
It was argued that, if no tongue compensation occurred,
this large opening would drastically change the area
function of the close vowels and disrupt their formant
patterns. In other words, the question investigated was
whether the subjects were able to sound normal despite
the BB.

Acoustic recordings were made and formant pattern
data were collected for comparisons between conditions,
vowels and subjects. The analyses demonstrated clearly
that subjects were indeed able to produce normal sound-
ing vowels in spite of the BB. At the moment of the
first glottal pulse formant patters were well within the
normal ranges of variation.

In a follow-up X-ray investigation [16.167] it was
found that compensatory productions of [�] and [�] were
made with super-palatal and super-velar tongue shapes.
In other words, tongue bodies were raised high above
normal positions so as to approximate the normal cross-
sectional area functions for the test vowels.

Speech and singing share a lot of features but signif-
icant differences are brought to light when we consider
what the goals of the two behaviors are.

It is more than 50 years since the sound spectro-
graph became commercially available [16.91]. In this
time we have learned from visible speech displays and
other records that the relation between phonetic units
and the acoustic signal is extremely complex [16.168].
The lesson taught is that invariant correlates of linguis-
tic categories are not readily apparent in the speech
wave [16.169]. In the preceding discussion we touched
on some of the sources of this variability: coarticula-
tion, reduction and elaboration, prosodic modulation,
stylistic, situational and speaker-specific characteristics.
From this vantage point it is astonishing to note that,
even under noisy conditions, speech communication is
a reliable and robust process. How is this remarkable
fact to be accounted for?

In response to this problem a number of ideas and ex-
planatory frameworks have been proposed. For instance,
it has been suggested that acoustic invariants are rela-
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tional rather than absolute (à la tone intervals defined as
frequency ratios).

Speech is rather a set of movements made audible
than a set of sounds produced by movements [16.14,
p. 33].

In keeping with this classical statement, many inves-
tigators have argued that speech entities are to be found
at some upstream speech production level and should be
defined as gestures [16.170–173].

At the opposite end, we find researchers (e.g.,
Perkell [16.163]) who endorse Roman Jakobson’s view
which, in the search for units gives primacy to the per-
ceptual representation of speech sounds. To Jakobson
the stages of the speech chain form an “ . . . operational
hierarchy of levels of decreasing pertinence: perceptual,
aural, acoustical and articulatory (the latter carrying no
direct information to the receiver).” [16.174]

These viewpoints appear to conflict and do indeed
divide the field into those who see speech as a mo-
toric code (the gesturalist camp) and those who maintain
that it is primarily shaped by perceptual processes (the
listener-oriented school).

There is a great deal of experimental evidence for
both sides, suggesting that this dilemma is not an
either–or issue but that both parties offer valuable com-
plementary perspectives.

A different approach is taken by the H & H (Hy-
per and Hypo) theory [16.175, 176]. This account is
developed from the following key observations about
speaker–listener interaction:

1. Speech perception is always a product of signal
information and listener knowledge;

2. Speech production is adaptively organized.

Here is an experiment that illustrates the first claim
about perceptual processing. Two groups of subjects
listen to a sequence of two phrases: a question fol-
lowed by an answer. The subject groups hear different
questions but a single physically identical reply. The
subjects’ task is to say how many words the reply
contains.

The point made here is that Group 1 subjects hear
[���� �a��] as “less than five”. Those in Group 2 in-
terpret it as “lesson five”. The first group’s response
is “three words”, and the answer of the second is
“two words”. This is despite the fact that physically the
[���� �a��] stimulus is exactly the same. The syllabic [�]
signals the word than in one case and the syllable –on in
the other. Looking for the invariant correlates of the ini-
tial consonant than is doomed to failure because of the
severe degree of reduction.

To proponents of H & H theory this is not an iso-
lated case. This is the way that perception in general
works. The speech percepts can never be raw records of
the signal because listener knowledge will inevitably in-
teract with the stimulus and will contribute to shaping
the percept.

Furthermore, H & H theory highlights the fact that
spoken messages show a non-uniform distribution of
information in that predictability varies from situation
to situation, from word to word and from syllable to
syllable. Compare (a) and (b) below. What word is likely
to be represented by the gap?

1. “The next word is .”
2. “A bird in the hand is worth two in the .”

Any word can be expected in (1) whereas in (2) the
predictability of the word “bush” is high.

H & H theory assumes that, while learning and us-
ing their native language, speakers develop a sense of
this informational dynamics. Introducing the abstraction
of an ideal speaker, it proposes that the talker estimates
the running contribution that signal-complementary in-
formation (listener knowledge) will make during the
course of the utterance and then tunes his articula-
tory performance to the presumed short-term listener
needs. Statistically, this type of behavior has the long-
term consequence of distributing phonetic output forms
along a continuum with clear and elaborated forms
(hyperspeech) at one end and casual and reduced pro-
nunciations (hypospeech) at the other.

The implication for the invariance issue is that the
task of the speaker is not to encode linguistic units as
physical invariants, but to make sure that the signal at-
tributes (of phonemes, syllables, words and phrases)
carry discriminative power sufficient for successful lex-
ical access. To make the same point in slightly different
terms, the task of the signal is not to embody phonetic
patterns of constancy but to provide missing information.

It is interesting to put this account of speech
processes next to what we know about singing. Ex-
perimental observations indicate that singing in tune
is not simply about invariant F0 targets. F0 is af-
fected by the singer’s expressive performance [16.177]
and by the tonal context in which a given note is
embedded [16.178]. Certain deviations from nominal
target frequencies are not unlike the coarticulation and
undershoot effects ubiquitously present in speech. Ac-
cordingly, with respect to frequency control, speaking
and singing are qualitatively similar. However, quantita-
tively, they differ drastically. Recall that in describing the
dynamics of vowel reduction we noted that formant fre-
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quencies can be displaced by as much as 50% from target
values. Clearly, a musician or singer with a comparable
under-/overshoot record would be recommended to em-
bark on an alternative career, the margins of perceptual
tolerance being much narrower for singing.

What accounts for this discrepancy in target attain-
ment? Our short answer is that singing or playing out of
tune is a bad thing. Where does this taboo come from?
From consonance and harmony constraints. In simplified
terms, an arbitrary sample of tonal music can be analyzed
into a sequence of chords. Its melodic line is a rhythmic
and tonal elaboration of this harmonic structure. Statisti-
cally, long prominent melody tones tend to attract chord
notes. Notes of less prominence typically interpolate

along scales in smaller intervals between the metrically
heavier chord notes. The notion of consonance goes
a long way towards explaining why singing or playing
out of tune is tabooed in music: hitting the right pitch is
required by the consonance and harmony constraints ex-
pected by the listener and historically presumably linked
with a combination of the polyphony in our Western
tradition of music composition and the fact that most
of our music instruments produce tones with harmonic
spectra. This implies that intervals departing too much
from just intonation will generate beats between simul-
taneously sounding and only nearly coinciding partials,
particularly if the fundamental frequencies are constant,
lacking vibrato and flutter.

16.9 The Expressive Power of the Human Voice

The human voice is an extremely expressive instrument
both when used for speech and for singing. By means
of subtle variations of timing and pitch contour speakers
and singers add a substantial amount of expressiveness
to the linguistic or musical content and we are quite
skilled in deciphering this information. Indeed a good
deal of vocal artistry seems to lie in the artist’s skill in
making nothing but such changes of pitch, timbre, loud-
ness and timing that a listener can perceive as carrying
some meaning.

We perceive the extra-linguistic or expressive in-
formation in speech and singing in various shapes.
For example, we can interpret certain combinations of
acoustic characteristics in speech in terms of a smile
or a particular forming of the lips on the face of the
speaker [16.179]. For example Fónagy [16.180] found
that listeners were able to replicate rather accurately the
facial expression of speakers only by listening to their
voices.

The emotive transforms in speech and singing seem
partly similar and sometimes identical [16.181,182]. Fi-
nal lengthening, mentioned above, uses the same code
for marking the end of a structural element, such as
a sentence in speech or a phrase in sung and played mu-
sic performance. Emphasis by delayed arrival is another
example, i. e., delaying an emphasized stressed sylla-
ble or note by lengthening the unstressed syllable/note
preceding it [16.183].

The expressive potential of the human voice is in-
deed enormous, and would transpire from the ubiquitous
use of the voice for the purpose of communication.
Correct interpretation of the extra-linguistic content of
a spoken utterance is certainly important in our daily life,
so we are skilled in deciphering vocal signals also along
those dimensions. The importance of correct encod-
ing of the extra-linguistic implies that speakers acquire
a great skill in this respect. This skill would be the basic
requirement for vocal art, in singing as well as in acting.
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Computer Mu17. Computer Music

This chapter covers algorithms, technologies, com-
puter languages, and systems for computer music.
Computer music involves the application of com-
puters and other digital/electronic technologies
to music composition, performance, theory, his-
tory, and perception. The field combines digital
signal processing, computational algorithms, com-
puter languages, hardware and software systems,
acoustics, psychoacoustics (low-level perception
of sounds from the raw acoustic signal), and mu-
sic cognition (higher-level perception of musical
style, form, emotion, etc.). Although most peo-
ple would think that analog synthesizers and
electronic music substantially predate the use
of computers in music, many experiments and
complete computer music systems were being
constructed and used as early as the 1950s.

Because of this rich legacy, and the large
number of researchers working on digital audio
(primarily in speech research laboratories), there
are a large number of algorithms for synthesizing
sound using computers. Thus, a significant
emphasis in this chapter will be placed on digital
sound synthesis and processing, first providing
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an overview of the representation of audio in
digital systems, then covering most of the popular
algorithms for digital analysis and synthesis of
sound.

Pulse code modulation (PCM) is the means for sam-
pling and retrieval of audio in computers, and PCM
synthesis uses combinations of prerecorded waveforms
to reconstruct speech, sound effects, and music instru-
ment sounds, based largely on the work of Joseph
Fourier, who gave us a technique for formulating any
waveform from sine waves. Additive synthesis uses
fundamental waveforms (often sine waves), to con-
struct more complicated waves. PCM and sinusoidal
(Fourier) additive synthesis are often called nonpara-
metric techniques. The word parametric in this context
means that an algorithm with a few (but hopefully ex-
pressive) parameters can be used to generate a large
variety of waveforms and spectral properties by varying
the parameters.

Since PCM involves recording and playing back
waveforms, no actual expressive parameters are avail-

able in PCM systems. Similarly, Fourier’s theorem says
that we can represent any waveform with a sum of sine
waves, but in fact it might take a huge number of sine
waves to represent a particular waveform accurately. So,
without further work to parameterize PCM samples or
large groups of additive sine waves, these techniques are
nonparametric.

Modal synthesis recognizes the fact that many vi-
brating systems exhibit a relatively few strong sinusoidal
modes (natural frequencies) of vibration. Rigid bars
and plates, plucked strings, and other structures are
good candidates for modal synthesis, where after be-
ing excited (struck, plucked, etc.) the vibration/sound
generation is restricted to a limited set of exponentially
decaying sine waves. Modal synthesis is considered by
some to be parametric, since the number of sine waves
needed is often quite limited. Others claim that modal
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synthesis is nonparametric, since there is no small set
of meaningful and expressive parameters that control
variation in the sound.

Subtractive synthesis begins with spectrally complex
waveforms (such as pulses or noise), and uses filters to
shape the spectrum and waveform to the desired result.
Subtractive synthesis works particularly well for certain
classes of sounds, such as human speech, where a spec-
trally rich source (pulses of the vocal folds) is filtered by
a time-varying filter (the acoustic tube of the vocal tract).
Subtractive synthesis is parametric, because only a few
descriptive numbers control such a model. For example,
a subtractive speech model might be controlled by num-
bers expressing how pitched versus noisy the voice is,
the voice pitch, the loudness, and 8–10 locations of the
resonances of the vocal tract. Using only a dozen or so
variable numbers (parameters), a rich variety of vowel
and consonant sounds can be synthesized.

Frequency modulation (FM) synthesis exploits prop-
erties of nonlinearity to generate complex spectra and
waveforms from much simpler ones. Modulating the fre-
quency or phase of a sine wave (the carrier) by another
sine wave (the modulator) causes multiple sideband si-
nusoids to appear at frequencies related to the ratio of
the carrier and modulator frequencies. Thus an impor-
tant parameter in FM is the carrier:modulator (C:M)
ratio, and another is the amount (index) of modulation,
which when increased causes the number of sidebands
to increase.

Wavelets are waveforms that are usually compact in
time and frequency. They are viewed by some as related

to the fundamental unit of sound, by others as convenient
building blocks for constructing sonic textures, and by
others as related to important small events in nature and
acoustics. Formes d’onde formantiques (FOFs, French
for formant wave functions) are special wavelets that
model the individual resonances of the vocal tract, and
thus have been successfully used for modeling speech
and singing.

Physical models solve the wave equation in space
and time to generate waveforms in the same ways that
physical acoustics does. Efficient techniques combining
discrete simulation of physics with modern digital fil-
tering techniques allow models of plucked strings, wind
instruments, percussion, the vocal tract, and many other
musical systems to be solved efficiently by computers.

After the presentation and examples of the main
synthesis algorithms, some industry standards for repre-
senting and manipulating musical data in computerized
systems will be discussed. The musical instrument digi-
tal interface (MIDI), downloadable sounds (DLS), open
sound control (OSC), structured audio orchestra lan-
guage (SAOL), and other score and control standards
will be briefly covered.

Some languages and systems for computer music
composition are discussed, including the historical Mu-
sicX languages, and many modern languages such as
Cmusic and MAX/MSP, followed by a few real-time
performance and interaction systems. Finally, some as-
pects of computer modeling of human listening and
systems for machine-assisted and automatic composi-
tion are covered.

17.1 Computer Audio Basics

Typically, digital audio signals are formed by sampling
analog (continuous in time and amplitude) signals at reg-
ular intervals in time, and then quantizing the amplitudes
to discrete values. The process of sampling a waveform,
holding the value, and quantizing the value to the nearest
number that can be digitally represented (as a specific
integer on a finite range of integers) is called analog-
to-digital (A to D, or A/D) conversion [17.1]. A device
that does A/D conversion is called an analog-to-digital
converter (ADC). Coding and representing waveforms
in sampled digital form is called pulse code modula-
tion (PCM), and digital audio signals are often called
PCM audio. The process of converting a sampled sig-
nal back into an analog signal is called digital-to-analog
conversion (D to A, or D/A), and the device is called

a digital-to-analog converter (DAC). Low-pass filtering
(smoothing the samples to remove unwanted high fre-
quencies) is necessary to reconstruct the sampled signal
back into a smooth continuous-time analog signal. This
filtering is usually contained in the DAC hardware.

The time between successive samples is usually de-
noted by T . Sampling an analog signal first requires
filtering it to remove unwanted high frequencies (more
on this shortly), holding the value steady for a period
while a stable measurement can be made, then associat-
ing the analog value with a digital number (coding).
Analog signals can have any of the infinity of real-
numbered amplitude values. Since computers work with
fixed word sizes (8 bit bytes, 16 bit words, etc.), digital
signals can only have a finite number of amplitude val-
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Time

Quantization error

Amplitude

Quantum
step

T=
1/SRATE

Fig. 17.1 Linear sampling and quantization

ues. In converting from analog to digital, rounding takes
place and a given analog value must be quantized to
the nearest digital value. The difference between quan-
tization steps is called the quantum (not as in quantum
physics or leaps, but the Latin word for a fixed-sized
jump in value or magnitude). Sampling and quantiza-
tion is shown in Fig. 17.1; note the errors introduced in
some sample values due to the quantization process.

A fundamental law of digital signal processing states
that, if an analog signal is bandlimited with bandwidth
B Hz, (Hz=Hertz= samples per second), the signal can
be periodically sampled at a rate of 2B Hz or greater,
and exactly reconstructed from the samples. Bandlim-
ited with bandwidth B means that no frequencies above
B exist in the signal. The rate 2B is called the sampling
rate, and B is called the Nyquist frequency. Intuitively,
a sine wave at the highest frequency B present in a band-
limited signal can be represented using two samples
per period (one sample at each of the positive and ne-
gative peaks), corresponding to a sampling frequency of
2B. All signal components at lower frequencies can be
uniquely represented and distinguished from each other
using this same sampling frequency of 2B. If there are
components present in a signal at frequencies greater
than 1/2 the sampling rate, these components will not
be represented properly, and will alias (i. e.,, show up as
frequencies different from their original values).

To avoid aliasing, ADC hardware often includes fil-
ters that limit the bandwidth of the incoming signal
before sampling takes place, automatically changing as
a function of the selected sampling rate. Figure 17.2
shows aliasing in complex and simple (sinusoidal) wave-
forms. Note the loss of detail in the complex waveform.
Also note that samples at less than two times the fre-
quency of a sine wave could also have arisen from a sine
wave of much lower frequency. This is the fundamental
nature of aliasing, because frequencies higher than 1/2
sample rate alias as lower frequencies.

Aliasing (complex wave)

Aliasing sine waves

Fig. 17.2 Because of inadequate sampling rate, aliasing
causes important features to be lost

Humans can perceive frequencies from roughly
20 Hz to 20 kHz, thus requiring a minimum sampling
rate of at least 40 kHz. Speech signals are often sampled
at 8 kHz (telephone quality) or 11.025 kHz, while music
is usually sampled at 22.05 kHz, 44.1 kHz (the sam-
pling rate used on audio compact discs), or 48 kHz.
Some new formats allow for sampling rates of 96 kHz,
and even 192 kHz. This is because some engineers be-
lieve that we can actually hear things, or the effects of
things, higher than 20 kHz. Dolphins, dogs, and some
other animals can actually hear higher than us, so these
new formats could be considered as catering to those
potential markets.

In a digital system, a fixed number of binary digits
(bits) are used to sample the analog waveform, by quan-
tizing it to the closest number that can be represented.
This quantization is accomplished either by rounding to
the quantum value nearest the actual analog value, or
by truncation to the nearest quantum value less than or
equal to the actual analog value. With uniform sampling
in time, a properly bandlimited signal can be exactly
recovered provided that the sampling rate is twice the
bandwidth or greater, but only if there is no quantiza-
tion. When the signal values are rounded or truncated,
the amplitude difference between the original signal and
the quantized signal is lost forever. This can be viewed
as an additive noise component upon reconstruction. Us-
ing the additive-noise assumption gives an approximate
best-case signal-to-quantization-noise ratio (SNR) of
approximately 6N dB, where N is the number of
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Fig. 17.3 Resampling by linear interpolation. Grey regions
show the errors due to linear interpolation

bits. Using this approximation implies that a 16 bit
linear quantization system will exhibit an SNR
of approximately 96 dB. 8 bit quantization exhibits
a signal-to-quantization-noise ratio of approximately
48 dB. Each extra bit improves the signal-to-noise ratio
by about 6 dB.

Most computer audio systems use two or three types
of audio data words. 16 bit (per channel) data is quite
common, and this is the data format used in compact disc
systems. Many recent (high-definition) formats allow for
24 bit samples. 8 bit data is common for speech data in
personal computer (PC) and telephone systems, usually
using methods of quantization that are nonlinear. In such
systems the quantum is smaller for small amplitudes, and
larger for large amplitudes.

Changing the playback sample rate on sampled
sound results in a pitch shift. Many systems for record-

Sampled signal
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Sinc function
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Sinc interpolation
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Continuous time signal
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Fig. 17.4 Sinc interpolation for reconstruction and resampling

ing, playback, processing, and synthesis of music,
speech, or other sounds allow or require flexible control
of pitch (sample rate). The most accurate pitch control
is necessary for music synthesis. In sampling synthesis,
this is accomplished by dynamic sample-rate conversion
(interpolation). In order to convert a sampled data sig-
nal from one sampling rate to another, three steps are
required: bandlimiting, interpolation, and resampling.

Bandlimiting: First, it must be assured that the origi-
nal signal was properly bandlimited to less than half the
new sampling rate. This is always true when upsampling
(i. e., converting from a lower sampling rate to a higher
one). When downsampling, however, the signal must be
first low-pass filtered to exclude frequencies greater than
half the new target rate.

Interpolation: When resampling by any but simple
integer factors such as 2, 4, 1/2, etc., the task requires
the computation of the values of the original bandlimited
analog signal at the correct points between the existing
sampled points. This is called interpolation. The most
common form of interpolation used is linear interpo-
lation, where the fractional time samples needed are
computed as a linear combination of the two surround-
ing samples. Many assume that linear interpolation is
the correct means, or at least an adequate means for ac-
complishing audio sample rate conversion. Figure 17.3
shows resampling by linear interpolation; note the errors
shown by the shaded regions.
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Computer Music 17.2 Pulse Code Modulation Synthesis 717

Some might notice that linear interpolation is not
quite adequate, so they might assume that the correct so-
lution must lie in more elaborate curve-fitting techniques
using quadratics, cubics, or higher-order splines, and in-
deed these types of interpolation can be adequate for
some applications. To arrive at the correct answer (prov-
ably correct from theory) the interpolation task should
be viewed and accomplished as a filtering problem, with
the filter designed to meet some appropriate error crite-
rion. Linear time-invariant filtering is accomplished by
convolution with a filter function. If the resampling fil-
ter is defined appropriately, we can exactly reconstruct
the original analog waveform from the samples.

The correct (ideal in a provable digital signal
processing sense) way to perform interpolation is con-
volution with the sinc function, defined as:

sinc(t/T )= sin(πt/T )/(πt/T ) ,

where

T = 1/SRATE .

The sinc function is the ideal low-pass filter with
a cutoff of SRATE/2, where SRATE is the sampling
rate. Figure 17.4 shows reconstruction of a continuous
waveform by convolution of a digital signal with the sinc
function. Each sample is multiplied by a correspond-
ing continuous sinc function, and those are added up to
arrive at the continuous reconstructed signal [17.2].

Resampling: This is usually accomplished at the
same time as interpolation, because it is not necessary to
reconstruct the entire continuous waveform in order to
acquire new discrete samples. The resampling ratio can
be time varying, making the problem a little more diffi-
cult. However, viewing the problem as a filter-design and
implementation issue allows for guaranteed tradeoffs of
quality and computational complexity.

17.2 Pulse Code Modulation Synthesis

The majority of digital sound and music synthesis to-
day is accomplished via the playback of stored pulse
code modulation (PCM) waveforms. Single-shot play-
back of entire segments of stored sounds is common for
sound effects, narrations, prompts, segments of music,
etc. Most high-quality modern electronic music syn-
thesizers, speech synthesis systems, and PC software
systems for sound synthesis use pre-stored PCM as the
basic data. This data is sometimes manipulated to yield
the final output sound(s).

There are a number of different ways to look at
sound for computer music, with PCM being only one.
We can look at the physics that produce the sound and
try to model those. We could also look at the spectrum
of the sound and other characteristics having to do with
the perception of those sounds. Indeed, much of the
legacy of computer music has revolved around paramet-
ric (using mathematical algorithms, controlled by a few
well-chosen/-designed control parameters) analysis and
synthesis algorithms. We will discuss most of the com-
monly used algorithms later, but first we should look at
PCM in more depth.

For speech, the most common synthesis technique is
concatenative synthesis [17.3]. Concatenative phoneme
synthesis relies on the concatenation of roughly 40
pre-stored phonemes (for English). Examples of vowel
phonemes are /i/ as in beet, /I/ as in bit, /a/ as in fa-
ther, etc. Examples of nasals are /m/ as in mom, /n/

as in none, /ng/ as in sing, etc. Examples of frica-
tive consonant phonemes are /s/ as in sit, /sh/ as in
ship, /f/ as in fifty, etc. Examples of voiced fricative
consonants are /z/, /v/ (visualize), etc. Examples of
plosive consonants are /t/ as in tat, /p/ as in pop, /k/
as in kick, etc. Examples of voiced plosives include /d/,
/b/, /g/ (dude, bob, gag) etc. Vowels and nasals are
essentially periodic pitched sounds, so the minimal re-
quired stored waveform is only one single period of
each. Consonants require more storage because of their
noisy (non-pitched, aperiodic) nature.

The quality of concatenative phoneme synthesis is
generally considered quite low, due to the simplistic
assumption that all of the pitched sounds (vowels, etc.)
are purely periodic. Also, simply gluing /s/ /I/ and
/ng/ together does not make for a high-quality realistic
synthesis of the word “sing”. In actual speech, phonemes
gradually blend into each other as the jaw, tongue, and
other articulators move with time.

Accurately capturing the transitions between
phonemes with PCM requires recording transitions from
phoneme to phoneme, called diphones. A concatenative
diphone synthesizer blends together stored diphones.
Examples of diphones include see, she, thee, and most of
the roughly 40x40 possible combinations of phonemes.
Much more storage is necessary for a diphone synthe-
sizer, but the resulting increase in quality is significant.
PCM speech synthesis can be improved further by stor-
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0.0 0.300.200.10

“Attack” Steady-state “loop sustain”

“Release”

Fig. 17.5 Wave-table synthesis of a trumpet tone

ing multiple samples, for different pitch ranges, genders,
voice qualities, etc.

For musical sounds, it is common to store only
a loop, or table, of the periodic component of a recorded
sound waveform and play that loop back repeatedly.
This is called “wave-table synthesis” [17.4]. For more
realism, the attack or beginning portion of the recorded
sound can be stored in addition to the periodic steady-
state part. Figure 17.5 shows the synthesis of a trumpet
tone starting with an attack segment, followed by repeti-
tion of a periodic loop, ending with an enveloped decay
(or release). The envelope is a synthesizer/computer
music term for a time-varying change applied to a wave-
form amplitude, or other parameter. Envelopes are often
described by four components: the attack time, the de-
cay time (decay here means the initial decay down to
the steady state segment), the sustain level, and the re-
lease time (final decay). Hence, envelopes are sometimes
called ADSRs.

Originally called sampling synthesis in the music in-
dustry, any synthesis using stored PCM waveforms has
now become commonly known as “wave-table synthe-
sis”. Filters are usually added to high-quality wave-table
synthesis, allowing control of spectral brightness as
a function of intensity, and to get more variety of sounds
from a given set of samples.

Pitch shifting of a PCM sample or wave table is
accomplished via interpolation as discussed in the pre-
vious section. A given sample can be pitch-shifted only
so far in either direction before it begins to sound
unnatural. This can be dealt with by storing multiple
recordings of the sound at different pitches, and switch-
ing or interpolating between these upon resynthesis. This
is called multi-sampling. Multi-sampling might also in-

clude the storage of separate samples for loud and soft
sounds. Linear or other interpolation is used to blend the
loudness multi-samples as a function of the desired syn-
thesized volume. This adds realism, because loudness
is not simply a matter of amplitude or power, and most
sound sources exhibit spectral variations as a function
of loudness. For example, there is usually more high-
frequency energy (brightness) in loud sounds than in soft
sounds. Filters can also be used to add spectral variation.

A common tool used to describe the various com-
ponents and steps of signal processing in performing
digital music synthesis is the synthesizer patch (histori-
cally named from hooking various electrical components
together using patch cords). In a patch, a set of fairly
commonly agreed building blocks, called unit genera-
tors (also called modules, plug-ins, operators, op-codes,
and other terms) are hooked together in a signal flow
diagram. This historical [17.5] graphical method of
describing signal generation and processing affords
a visual representation that is easily printed in pa-

Trigger,
select,
and sync.
logic

Loop

Attack

Digital
filters

Envelope

A
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Envelope

A
D S

R

X

Fig. 17.6 A synthesis patch showing interconnection of unit
generators
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pers, textbooks, patents, etc. Further, graphical patching
systems and languages have been important to the de-
velopment and popularization of certain algorithms, and
computer music in general. Figure 17.6 shows a PCM

synthesizer patch with attack and loop wave tables
whose amplitudes are controlled by an envelope genera-
tor, and a time-varying filter (also controlled by another
envelope generator).

17.3 Additive (Fourier, Sinusoidal) Synthesis
Lots of sound-producing objects and systems exhibit
sinusoidal modes. A plucked string might exhibit many
modes, with the strength of each mode determined by
the boundary conditions of the terminations, and the
shape of the excitation pluck. Striking a metal plate
with a hammer excites many of the vibrational modes of
the plate, determined by the shape of the plate, and by
where it is struck. A singing voice, struck drum head,
bowed violin string, struck bell, or blown trumpet exhibit
oscillations characterized by a sum of sinusoids. The
recognition of the fundamental nature of the sinusoid
gives rise to a powerful model of sound synthesis based
on summing sinusoidal modes.

These modes have a very special relationship in the
case of the plucked string, a singing voice, and some
other limited systems, in that their frequencies are all
integer multiples (at least approximately) of one ba-
sic sinusoid, called the fundamental. This special series
of sinusoids is called a harmonic series, and lies at
the basis of the Fourier-series representation of shapes,
waveforms, oscillations, etc. The Fourier series [17.6]
solves many types of problems, including physical prob-
lems with boundary constraints, but is also applicable to
any shape or function. Any periodic waveform (repeat-
ing over and over again) Fper can be transformed into
a Fourier series, written as:

Fper(t)= a0+Σm[bm cos(2π f0mt)

+ cm sin(2π f0mt)] . (17.1)

The limits of the summation are technically infi-
nite, but we know that we can cut off our frequencies
at the Nyquist frequency for digital signals. The a0
term is a constant offset, or the average of the wave-
form. The bm and cm coefficients are the weights of
the mth harmonic cosine and sine terms. If the func-
tion Fper(t) is purely even about t = 0 [(F(−t)= F(t))],
only cosines are required to represent it, and only the
bm terms would be nonzero. Similarly, if the function
Fper(t) is odd [(F(−t)=−F(t))], only the cm terms
would be required. An arbitrary function Fper(t) will
require sinusoidal harmonics of arbitrary (but specific)

amplitudes and phases. The magnitude and phase of the
mth harmonic in the Fourier series can be found by:

Am =
√

b2
m+ c2

m , (17.2a)

θm = arctan (cm/bm) . (17.2b)

Phase is defined relative to the cosine, so if cm is
zero, θm is zero. As a brief example, Fig. 17.7 shows
the first few sinusoidal harmonics required to build up
an approximation of a square wave. Note that due to
symmetries (boundary conditions), only odd sine har-
monics are required. Using more sines improves the
approximation.

The process of solving for the sine and cosine
components of a signal or waveform is called Fourier
analysis, or the Fourier transform. If the frequency vari-
able is sampled (as is the case in the Fourier series,
represented by m), and the time variable t is sampled as
well (as it is in PCM waveform data, represented by n),
then the Fourier transform is called the discrete Fourier
transform (DFT). The DFT is given by

F(m)=
N−1∑

n=0

f (n)[cos(2πmn/N )

− i sin(2πmn/N)] . (17.3)

Where N is the length of the signal being analyzed.
The inverse DFT (IDFT) is very similar to the Fourier

Fig. 17.7 A sum of odd harmonics approximates a square
wave
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series

f (n)= 1/N
N−1∑

m=0

F(m)[cos(2πmn/N)

+ i sin(2πmn/N )] . (17.4)

The imaginary number i(=√−1) is used to place
the cosine and sine components in a unique mathemat-
ical arrangement, where odd [(x(−n)=−x(n))] terms
of the waveform are represented as imaginary compo-
nents, and even [(x(−n)= x(n))] terms are represented
as real components. This gives us a means to talk about
the magnitude and phase in terms of the magnitude and
phase of F(m) (a complex number).

There is a near-mystical expression of equality in
mathematics known as Euler’s identity, which links
trigonometry, exponential functions, and complex num-
bers in a single equation

eiθ = cos(θ)+ i sin(θ) .

We can use Euler’s identity to write the DFT and
IDFT in shorthand

F(m)=
N−1∑

n=0

f (n)e−i2πmn/N , (17.5)

f (n)= 1/N
N−1∑

m=0

F(m)ei2πmn/N . (17.6)

Converting the cosine/sine form to the complex ex-
ponential form allows lots of manipulations that would
be difficult otherwise. But we can also write the DFT in
real-number terms as a form of the Fourier series

f (n)= 1/N
N−1∑

m=0

Fb(n) cos(2πmn/N )

+ Fc(n) sin(2πmn/N ) , (17.7)

where

Fb(m)=
N−1∑

n=0

f (n) cos(2πmn/N ) , (17.8)

Fc(m)=
N−1∑

n=0

− f (n) sin(2πmn/N ) . (17.9)

The fast Fourier transform (FFT) is a cheap way of
calculating the DFT. There are thousands of references
on the FFT [17.6], and scores of implementations of it,
so for our purposes we will just say that it is much more

efficient than trying to compute the DFT directly from
the definition. A well-crafted FFT algorithm for real
input data takes on the order of N log2(N ) multiply–
adds to compute. Comparing this to the N2 multiplies of
the DFT, N does not have to be very big before the FFT is
a winner. There are some down sides, such as the fact that
FFTs can only be computed for signals whose lengths
are exactly powers of 2, but the advantages of using it
often outweigh the annoying power-of-two problems.
Practically speaking, users of FFTs usually carve up
signals into small chunks (powers of two), or zero pad
a signal out to the next biggest power of two.

The short-time Fourier transform (STFT) breaks up
the signal and applies the Fourier transform to each seg-
ment individually [17.7]. By selecting the window size
(length of the segments), and hop size (how far the win-
dow is advanced along the signal) to be perceptually
relevant, the STFT can be used as an approximation of
human audio perception. Figure 17.8 shows the wave-
form of the utterance of the word “synthesize”, and some
STFT spectra corresponding to windows at particular
points in time.

If we inspect the various spectra in Fig. 17.8, we
can note that the vowels exhibit harmonic spectra (clear,
evenly spaced peaks corresponding to the harmonics of
the pitched voice), while the consonants exhibit noisy
spectra (no clear sinusoidal peaks). Recognizing that
some sounds are well approximated/modeled by addi-
tive sine waves [17.8], while other sounds are essentially
noisy, spectral modeling [17.7] breaks the sound into
deterministic (sines) and stochastic (noise) components.
Figure 17.9 shows a general sines+noise additive syn-
thesis model, allowing us to control the amplitudes and
frequencies of a number of sinusoidal oscillators, and
model the noisy component with a noise source and
a spectral shaping filter.

The beauty of this type of model is that it recognizes
the dominant sinusoidal nature of many sounds, while
still recognizing the noisy components that might be also
present. More efficient and parametric representations,
and many interesting modifications can be made to the
signal on resynthesis. For example, removing the har-
monics from voiced speech, followed by resynthesizing
with a scaled version of the noise residual, can result in
the synthesis of whispered speech.

One further improvement to spectral modeling is
the recognition [17.9] that there are often brief (im-
pulsive) moments in sounds that are really too short
in time to be adequately analyzed by spectrum anal-
ysis. Further, such moments in the signal usually
corrupt the sinusoidal/noise analysis process. Such
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Fig. 17.8 Some STFT frames of the word ‘synthesize’
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Fig. 17.9 Sinusoidal additive model with filtered noise
added for spectral modeling synthesis

events, called transients, can be modeled in other ways
(often by simply keeping the stored PCM for that
segment).

Using the short-time Fourier transform, the phase
vocoder (VoiceCoder) [17.10, 11] processes sound by
calculating and maintaining both magnitude and phase.
The frequency bins (basis sinusoids) of the DFT can be
viewed as narrow-band filters, so the Fourier transform
of an input signal can be viewed as passing it through
a bank of narrow band-pass filters. This means that on
the order of hundreds to thousands of sub-bands are
used.

The phase vocoder has found extensive use in com-
puter music composition. Many interesting practical and
artistic transformations can be accomplished using the
phase vocoder, including nearly artifact-free and inde-
pendent time and pitch shifting. A technique called cross
synthesis assumes that one signal is the analysis signal.
The time-varying magnitude spectrum of the analysis
signal (usually smoothed in the frequency domain) is
multiplied by the spectral frames of another input (or
filtered) signal (sometimes brightened first by high-
frequency emphasis pre-filtering), yielding a composite
signal that has the attributes of both. Cross-synthesis has
produced the sounds of talking cows, morphs between
people and cats, trumpet/flute hybrids, etc.
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17.4 Modal (Damped Sinusoidal) Synthesis
The simplest physical system that does some-
thing acoustically (and musically) interesting is the
mass/spring/damper (Fig. 17.10 [17.12]. The differ-
ential equation describing that system has a solution
that is a single exponentially decaying cosine wave.
The Helmholtz resonator (large, contained air cavity
with a small long-necked opening, like a pop bottle,
Fig. 17.11 behaves like a mass/spring/damper system,
with the same exponentially damped cosine behavior.
The equations describing the behavior of these systems
is:

d2 y/dt2+ (r/m)dy/dt+ (k/m)y = 0 , (17.10)

y(t)= y0 e(−rt/2m) cos
(

t
√[

k/m− (r/2m)2
] )

.

(17.11)

y +

0

–

Spring

m
Mass

Damping
(r)

k

Fig. 17.10 Mass/spring/damper system

PA

PV

Fig. 17.11 Helmholtz resonator

Of course, most systems that produce sound are
more complex than the ideal mass/spring/damper sys-
tem, or a pop bottle. And of course most sounds are
more complex than a simple damped exponential sinu-
soid. Mathematical expressions of the physical forces
(thus the accelerations) can be written for nearly any
system, but solving such equations is often difficult or
impossible. Some systems have simple enough prop-
erties and geometries to allow an exact solution to be
written out for their vibrational behavior. An ideal string
under tension is one such system.

Here we will resort to some graphical arguments and
our prior discussion of the Fourier transform to motivate
further the notion of sinusoids in real physical systems.
The top of Fig. 17.12 shows a string, lifted from a point
in the center (halfway along its length). Below that is
shown a set of sinusoidal mode that the center-plucked

String plucked
in center

Odd modes

Even (forbidden) modes

1

5 3

2

46

Fig. 17.12 Plucked string (top). The center shows sinusoidal
modes of vibration of a center-plucked string. The bottom
shows the even modes, which would not be excited by the
center-plucked condition

(1,1) (1,2) (1,3)

(2,2) (2,3)

(3,3)

Fig. 17.13 Square-membrane modes
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Fig. 17.14 Circular-membrane nodal lines

string vibration would have. These are spatial functions
(sine as function of position along the string), but they
also correspond to natural frequencies of vibration of the
string. At the bottom of Fig. 17.12 is another set of modes
that would not be possible with the center-plucked con-
dition, because all of these even modes are restricted to
have no vibration in the center of the string, and thus they
could not contribute to the triangular shape of the string.
These conditions of no displacement, corresponding to
the zero crossings of the sine functions, are called nodes.
Note that the end points are forced nodes of the plucked
string system for all possible conditions of excitation.

Physical constraints on a system, such as the pinned
ends of a string, and the center plucked initial shape, are
known as boundary conditions. Spatial sinusoidal solu-
tions like those shown in Fig. 17.12 are called boundary
solutions (the legal sinusoidal modes of displacement
and vibration) [17.13].

Just as one can use Fourier boundary methods to
solve the one-dimensional (1-D) string, we can also
extend boundary methods to two dimensions. Fig-
ures 17.13 and 17.14 show the first few vibration
modes of uniform square and circular membranes. The
small boxes at the lower left corners of each square
modal-shape diagram depict the modes in a purely two-
dimensional way, showing lines corresponding to the

2rpcos(2πfpT)

–rp
2

+ y(n)x(n)

z–1

z–1

g

Fig. 17.15 Flexible parametric modal synthesis algorithm
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Fig. 17.16 Flexible parametric modal synthesis algorithm

spatial sinusoidal nodes (regions of no displacement vi-
bration). This is how the circular modes are presented.
The natural modes must obey the two-dimensional
boundary conditions at the edges, but unlike the string,
the square membrane modes are not integer-related har-
monic frequencies. In fact they obey the relationship

fmn = f11

√[
(m2+n2)/2

]
, (17.12)

where m and n range from 1 to (potentially) infinity,
and f11 is c/2L (the speed of sound on the membrane
divided by the square edge lengths). The circular modes
are predictable from mathematics, but have a much more
complex form than the square modes.

Unfortunately, circles, rectangles, and other simple
geometries turn out to be the only ones for which the
boundary conditions yield a closed-form solution in
terms of spatial and temporal sinusoidal terms. How-
ever, we can measure and model the modes of any
system by using the Fourier transform of the sound
it produces, and looking for exponentially decaying
sinusoidal components.

We can approximate the differential equation de-
scribing the mass/spring/damper system of (17.11) by
replacing the derivatives (velocity as the derivative of
position, and acceleration as the second derivative of
position) with sampled time differences (normalized by
the sampling interval T seconds). In doing so we would
arrive at an equation that is a recursion in past values of
y(n), the position variable

[y(n)−2y(n−1)+ y(n−2)]/T 2

+ r/m[y(n)− y(n−1)]
T + k/my(n)

= 0 . (17.13)

Note that if the values of mass, damping, spring
constant, and sampling rate are constant, then the coeffi-
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cients (2m+Tr)/(m+Tr+T 2k) for the single delay,
and m/(m+Tr+T 2k) for the twice-delayed signal
applied to past y values are constant. Digital signal
processing (DSP) engineers would note that a stan-
dard infinite impulse response (IIR) recursive filter as
shown in Fig. 17.15 can be used to implement (17.13)
(the Z−1 represents a single sample of delay). In fact,
the second order two-pole feedback filter can be used
to generate an exponentially decaying sinusoid, called
a phasor in DSP literature [17.14]. The connection

between the second order digital filter and the physi-
cal notion of a mode of vibration forms the basis for
modal sound synthesis [17.15]. Figure 17.16 shows
a general model for modal synthesis of struck/plucked
objects, in which an impulsive excitation function is
used to excite a number of filters that model the
modes. Rules for controlling the modes as a function
of strike position, striking object, changes in damp-
ing, and other physical constraints are included in the
model.

17.5 Subtractive (Source-Filter) Synthesis
Subtractive synthesis uses a complex source wave, such
as an impulse, a periodic train of impulses, or white
noise, to excite spectral shaping filters. One of the earli-
est uses of electronic subtractive synthesis dates back to
the 1920s and 1930s, with the invention of the channel
vocoder (or VOiceCODER) [17.16]. In the this device,
the spectrum is broken into sections called sub-bands,
and the information in each sub-band is converted to
a signal representing (generally slowly varying) power.
The analyzed parameters are then stored or transmitted
(potentially compressed) for reconstruction at another
time or physical site. The parametric data representing
the information in each sub-band can be manipulated
in various ways, yielding transformations such as pitch
or time shifting, spectral shaping, cross-synthesis, and
other effects. Figure 17.17 shows a block diagram of
a channel vocoder. The detected envelopes serve as
control signals for a bank of bandpass synthesis filters
(identical to the analysis filters used to extract the sub-
band envelopes). The synthesis filters have gain inputs
that are fed by the analysis control signals.

When used to encode and process speech, the chan-
nel vocoder explicitly makes an assumption that the
signal being modeled is a single human voice. The

Audio
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Bandpass Envelope follow

Bandpass Envelope follow

Bandpass Envelope follow

Bandpass Envelope follow

Σ

Source
analysis

Source
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Bandpass
and gain

Bandpass
and gain

Bandpass
and gain

Bandpass
and gain

Control signals
power

Pitch/noise

Control
signals

Audio

Channel vocoder

Fig. 17.17 Channel vocoder block diagram

source analysis block extracts parameters related to finer
spectral details, such as whether the sound is pitched
(vowel) or noisy (consonant or whispered). If the sound
is pitched, the pitch is estimated. The overall energy in
the signal is also estimated. These parameters become
additional low-bandwidth control signals for the synthe-
sizer. Intelligible speech can be synthesized using only
a few hundred numbers per second. An example coding
scheme might use eight channel gains+ pitch+ power,
per frame, at 40 frames per second, yielding a total of
only 400 numbers per second. The channel vocoder,
as designed for speech coding, does not generalize to
arbitrary sounds, and fails horribly when the source pa-
rameters deviate from expected harmonicity, reasonable
pitch range, etc. But the ideas of sub-band decomposi-
tion, envelope detection, and driving a synthesis filter
bank with control signals give rise to many other inter-
esting applications and implementations of the vocoder
concept.

A number of analog hardware devices were pro-
duced and sold as musical instrument processing devices
in the 1970s and 1980s. These were called simply
vocoders, but had a different purpose than speech
coding. Figure 17.18 shows the block diagram of a cross-

Analysis
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Processed
input
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and gain
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Fig. 17.18 Cross-synthesizing vocoder block diagram
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synthesizing vocoder. The main difference is that the
parametric source has been replaced by an arbitrary au-
dio signal. The cross-synthesizer can be used to make
non-speech sounds talk or sing. A typical example would
be feeding a voice into the analysis filter bank, and
an electric guitar sound into the synthesis bank audio
inputs to make a talking guitar. To be effective, the
synthesis audio input should have suitably rich spec-
tral content (for instance, distorted electric guitar works
better than undistorted). Some vocoders allowed an ad-
ditional direct sibilance band (like the highest band
shown in Fig. 17.18) pass-through of the analyzed sound.
This would allow consonants to pass through directly,
creating a more intelligible speech-like effect.

Modal synthesis, as discussed before, is a form of
subtractive synthesis, but the spectral characteristics of
modes are sinusoidal and thus exhibit very narrow spec-
tral peaks. For modeling the gross peaks in a spectrum,
which could correspond to weaker resonances, we can
exploit the same two-pole resonance filters. This type of
source-filter synthesis has been very popular for voice
synthesis.

Having its origins and applications in many different
disciplines, time-series prediction is the task of esti-
mating future sample values from prior samples. Linear
prediction is the task of estimating a future sample (usu-
ally the next in the time series) by forming a linear
combination of some number of prior samples. Linear
predictive coding (LPC) is a technique that can auto-
matically extract the gross spectral features and design
filters to match those, and give us a source that we can
use to drive the filters [17.17, 18]. Figure 17.19 shows
linear prediction in block diagram form. The difference
equation for a linear predictor is

y(n)= x̂(n+1)=
m∑

i=0

ai x(n− i) . (17.14)

The task of linear prediction is to select the vector
of predictor coefficients

A = (a0, a1, a2, a2, . . . , am)

such that x̂(n+1) (the estimate) is as close as possible
to x(n+1) (the real sample) over a set of samples (often
called a frame) x(0) to x(N−1). Usually, “close as pos-
sible” is defined by minimizing the mean square error
(MSE):

MSE = 1/N
N−1∑

i=0

[x̂(n+1)− x(n+1)]2 . (17.15)

a0
a1

a2

a3
am

x (n)
z –1

x(n–1)

z –1

x(n–2)

z –1 °  °    °

x(n– m)

z –1

x^ (n+1)
Σ

Fig. 17.19 A linear prediction filter

Many methods exist to arrive at the set of predictor
coefficients ai that yield a minimum MSE. The most
common uses correlation or covariance data from each
frame of samples to be predicted. The autocorrelation
function, defined as

x♦x(n)=
N−1∑

i=0

x(i)x(i+n) . (17.16)

Autocorrelation computes a time (lag) domain func-
tion that expresses the similarity of a signal to delayed
versions of itself. It can also be viewed as the convolu-
tion of a signal with the time-reversed version of itself.
Purely periodic signals exhibit periodic peaks in the au-
tocorrelation function. Autocorrelations of white-noise
sequences exhibit only one clear peak at the zero-lag po-
sition, and are small (zero for infinite-length sequences)
for all other lags. Since the autocorrelation function
contains useful information about a signal’s similarity
to itself at various delays, it can be used to compute
the optimal set of predictor coefficients by forming the
autocorrelation matrix

R =
⎛
⎜⎜⎜⎜⎜⎜⎜⎜⎝

x�x(0) x�x(1) x�x(2) ... x�x(m)

x�x(1) x�x(0) x�x(1) ... x�x(m−1)

x�x(2) x�x(1) x�x(0) ... x�x(m−2)

x�x(3) x�x(2) x�x(1) ... x�x(m−3)

· · · ·
x�x(m) x�x(m−1) x�x(m−2) ... x�x(0)

⎞
⎟⎟⎟⎟⎟⎟⎟⎟⎠

(17.17)

We can get the least-squares predictor coefficients by
forming

A = (a0a1a2a3 . . . am)= PR−1 , (17.18)

where P is the vector of prediction correlation coeffi-
cients

P = (x�x(1) x�x(2) x�x(3) . . . x�x(m+1)) .
(17.19)

For low-order LPC (delay order of 6–20 or so), the
filter fits itself to the coarse spectral features, and the
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Fig. 17.20 Tenth order LPC filter fit to a voiced ‘ooo’
spectrum

residue contains the remaining part of the sound that
cannot be linearly predicted. A common and popular
use of LPC is for speech analysis, synthesis, and com-
pression. The reason for this is that the voice can be
viewed as a source-filter model, where a spectrally rich
input (pulses from the vocal folds or noise from turbu-
lence) excites a filter (the resonances of the vocal tract).
LPC is another form of spectral vocoder (voice coder) as
discussed previously, but since LPC filters are not fixed
in frequency or shape, fewer bands are needed to model
the changing speech spectral shape dynamically.

LPC speech analysis/coding involves processing the
signal in blocks and computing a set of filter coefficients
for each block. Based on the slowly varying nature of
speech sounds (the speech articulators can only move so
fast), the coefficients are relatively stable for millisec-
onds at a time (typically 5–20 ms is used in speech
coders). If we store the coefficients and information
about the residual signal for each block, we will have
captured many of the essential aspects of the signal.
Figure 17.20 shows an LPC fit to a speech spectrum.
Note that the fit is better at the peak locations than at
the valleys. This is due to the least-squares minimiza-
tion criterion. Missing the mark on low-amplitude parts
of the spectrum is not as important as missing it on
high-amplitude parts. This is fortunate for audio signal
modeling, in that the human auditory system is more
sensitive to spectral peaks (formants, poles, resonances)
than valleys (zeroes, anti-resonances).

Once we have performed LPC on speech, if we in-
spect the residual we might note that it is often a stream

Amp1(t)
Freq1(t)

Amp.
Freq.

A0(t)

F0(t)

Noise
generator

Voiced/
unvoiced

Amp2(t)
Freq2(t)

Amp3(t)
Freq3(t)

Pulse generator

Resonant (bandpass) filters

Fig. 17.21 Cascade factored formant subtractive synthesizer
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Resonant (bandpass) filters

Σ

Pulse generator

Fig. 17.22 Parallel factored formant subtractive synthesizer

of pulses for voiced speech, or white noise for unvoiced
speech. Thus, if we store parameters about the residual,
such as whether it is periodic pulses or noise, the fre-
quency of the pulses, and the energy in the residual, then
we can get back a signal that is very close to the original.
This is the basis of much of modern speech compression.
If a signal is entirely predictable using a linear combina-
tion of prior samples, and if the predictor filter is doing its
job perfectly, we should be able to hook the output back
to the input and let the filter predict the rest of the signal
automatically. This form of filter, with feedback from
output to input, is called recursive. The recursive LPC
reconstruction is sometimes called all pole, to reflect
the high-gain poles corresponding to the primary reso-
nances of the vocal tract. The poles do not capture all of
the acoustic effects going on in speech, however, such as
zeroes that are introduced in nasalization, aerodynamic
effects, etc. However, as mentioned before, since our au-
ditory systems are most sensitive to peaks (poles), the
LPC representation does quite a good job of capturing
the most important aspects of speech spectra.

In recursive resynthesis form, any deviation of the
predicted signal from the actual original signal will show
up in the error signal, so if we excite the recursive LPC
reconstruction filter with the residual signal itself, we
can get back the original signal exactly. This is a form
of identity analysis/resynthesis, performing deconvolu-
tion to separate the source from the filter, and using the
residue to excite the filter to arrive at the original signal,
by convolution, or using the residue as the input to the
filter.

For computer music composition, LPC can be used
for cross-synthesis, by keeping the time-varying filter
coefficients, and replacing the residual with some other
sound source. Using the parametric source model also
allows for flexible time and pitch shifting, without mo-
difying the basic timbre. The voiced pulse period can
be modified, or the frame rate update of the filter coef-
ficients can be modified, independently. So it is easy to
speed up a speech sound while making the pitch lower
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Fig. 17.23 Ladder filter implementation of an all-pole LPC
filter

and still retaining the basic spectral shapes of all vowels
and consonants.

In decomposing signals into a source and a filter,
LPC can be a marvelous aid in analyzing and under-
standing some sound-producing systems. The recursive

LPC reconstruction filter can be implemented in a vari-
ety of ways. Three different filter forms are commonly
used to perform subtractive voice synthesis [17.19]. The
filter can be implemented in series (cascade) as shown
in Fig. 17.21, factoring each resonance into a separate
filter block with control over center frequency, width,
and amplitude. The filter can also be implemented in pa-
rallel (separate sub-band sections of the spectrum added
together), as shown in Fig. 17.22.

One additional implementation of the resonant fil-
ter is the ladder filter structure, which carries with
it a notion of one-dimensional spatial propagation as
well [17.20]. Figure 17.23 shows a ladder filter realiza-
tion of a 10th-order IIR filter. We will refer to this type
of filter later when we investigate some 1-D waveguide
physical models.

17.6 Frequency Modulation (FM) Synthesis
Wave-shaping synthesis involves warping a simple
(usually a sine or sawtooth wave) waveform with a non-
linear function or lookup table. One popular form of
wave-shaping synthesis, called frequency modulation
(FM), uses sine waves for both input and warping
waveforms [17.21–23]. Frequency modulation relies on
modulating the frequency of a simple periodic wave-
form with another simple periodic waveform. When
the frequency of a sine wave of average frequency
fc (called the carrier), is modulated by another sine
wave of frequency fm (called the modulator), sinusoidal
sidebands are created at frequencies equal to the car-
rier frequency plus and minus integer multiples of the
modulator frequency. Figure 17.24 shows a block dia-
gram for simple FM synthesis (one sinusoidal carrier
and one sinusoidal modulator). Mathematically, FM is
expressed as

y(t)= sin[2πt fc+∆ fc cos(2πt fm)] . (17.20)

The index of modulation I is defined as ∆ fc/ fc. The
equation as shown is actually phase modulation, but FM

Ampm(t)

Freqm (t)

A

F

+

A

F

Ampc(t)

Freqc (t)Modulator
Carrier

Fig. 17.24 Simple FM (one carrier and one modulator sine
wave) synthesis

and PM can be related by a differentiation/integration
of the modulation, and thus do not differ for cosine
modulation.

Carson’s rule (a rule of thumb) states that the number
of significant bands on each side of the carrier frequency
(sidebands) is roughly equal to I+2. For example, a car-
rier sinusoid of frequency 600 Hz, a modulator sinusoid
of frequency 100 Hz, and a modulation index of 3 would
produce sinusoidal components of frequencies 600, 700,
500, 800, 400, 900, 300, 1000, 200, 1100, and 100 Hz.
Inspecting these components reveals that a harmonic
spectrum with 11 significant harmonics, based on a fun-
damental frequency of 100 Hz can be produced by using
only two sinusoidal generating functions. Figure 17.25
shows the spectrum of this synthesis.

Selecting carrier and modulator frequencies that are
not related by simple integer ratios yields an inharmonic
spectrum. For example, a carrier of 500 Hz, modula-

0

–30

–60

–90

(dB)

1.1 kHz600Hz100Hz

Fig. 17.25 Simple FM with 600 Hz carrier, 100 Hz modu-
lator, and index of modulation of 3
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Fig. 17.26 Inharmonic simple FM with 500 Hz carrier and
273 Hz modulator. The index of modulation is ramped from
zero to 5 then back to zero

tor of 273 Hz, and an index of 5 yields frequencies of
500 (carrier), 227, 46, 319, 592, 865, 1138, 1411 (nega-
tive sidebands), and 773, 1046, 1319, 1592, 1865, 2138,
2411 (positive sidebands). Figure 17.26 shows a spec-
trogram of this FM tone, as the index of modulation is
ramped from zero to 5. The synthesized waveforms at
I = 0 and I = 5 are shown as well.

By setting the modulation index high enough, huge
numbers of sidebands are generated, and the alias-
ing and addition of these (in most cases) results in
noise. By careful selection of the component frequen-
cies and index of modulation, and combining multiple
carrier/modulator pairs, many spectra can be approxi-
mated using FM. However, the amplitudes and phases
(described by Bessel functions) of the individual com-
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Fig. 17.27 Frequency-modulation voice synthesis diagram
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Fig. 17.28 Frequency-modulation voice spectrum

ponents cannot be independently controlled, so FM
is not a truly generic waveform or spectral synthe-
sis method. Using multiple carriers and modulators,
connection topologies (algorithms) have been designed
for the synthesis of complex sounds such as human
voices, violins, brass instruments, percussion, etc. Fig-
ures 17.27 and 17.28 show an FM connection topology
for human voice synthesis, and a typical resulting spec-
trum [17.24]. Because of the extreme efficiency of FM,
it became popular in the 1980s as a music synthesizer
algorithm. Later FM found wide use in early PC sound
cards.

17.7 FOFs, Wavelets, and Grains

In a source/filter vocal model such as LPC or pa-
rallel/cascade formant subtractive synthesis, periodic
impulses are used to excite resonant filters to produce
vowels. We could construct a simple alternative model
using three, four, or more tables storing the impulse re-
sponses of the individual vowel formants. Note that it
is not necessary for the tables to contain pure exponen-
tially decaying sinusoids. We could include any aspects
of the voice source, etc., as long as those effects are pe-
riodic. Formes d’onde formantiques (FOFs, French for
formant wave functions) were created for voice synthesis

using such tables, overlapped and added at the repeti-
tion period of the voice source [17.25]. Figure 17.29
depicts FOF synthesis of a vowel. FOFs are composed
of a sinusoid at the formant center frequency, with an
amplitude that rises rapidly upon excitation, then decays
exponentially. The control parameters define the center
frequency and bandwidth of the formant being modeled,
and the rate at which the FOFs are generated and added
determines the fundamental frequency of the voice.

Note that each individual FOF is a simple wavelet
(local and compact wave both in frequency and time).
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Fig. 17.29 FOF synthesis of a vowel

A family of filter-based frequency transforms known
as wavelet transforms have been used for the analy-
sis and synthesis of sound. Instead of being based on
steady sinusoids like the Fourier transform, wavelet
transforms are based on the decomposition of signals
into fairly arbitrary wavelets [17.26]. These wavelets can
be thought of as mathematical sound grains. Some ben-
efits of wavelet transforms over Fourier transforms are
that they can be implemented using fairly arbitrary fil-
ter criteria, on a logarithmic frequency scale rather than
a linear scale as in the DFT, and that time resolution can
be a function of the frequency range of interest. This lat-
ter point means that we can say accurate things about

high frequencies as well as low. This contrasts to the
Fourier transform, which requires the analysis window
width to be the same for all frequencies. This means
that we must either average out lots of the interesting
high-frequency time information in favor of being able
to resolve low-frequency information (large window),
or opt for good time resolution (small window) at the
expense of low-frequency resolution, or perform mul-
tiple transforms with different sized windows to catch
both time and frequency details. There are a number
of fast wavelet transform techniques that allow the sub-
band decomposition to be accomplished in essentially
N log2(N ) time just like the FFT.
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Fig. 17.30 Complete PhISEM model showing stochastic
resonances

Most of classical physics can be modeled as ob-
jects interacting with each other. Lots of small objects
are usually called particles. Granular synthesis involves
cutting sound into grains and reassembling them by mix-
ing [17.27]. The grains usually range in length from 5
to 100 ms. The reassembly can be systematic, but of-
ten granular synthesis involves randomized grain sizes,
locations, and amplitudes. The transformed result usu-
ally bears some characteristics of the original sound,
just as a mildly blended mixture of fruits still bears
some attributes of the original fruits, as well as taking
on new attributes due to the mixture. Granular synthe-
sis is mostly used as a compositional and musical-effect
type of signal processing, but some also take a physically
motivated look at sound grains.

The physically informed stochastic event model-
ing (PhISEM) algorithm is based on pseudo-random
overlapping and adding of parametrically synthesized
sound grains [17.28]. At the heart of PhISEM algorithms
are particle models, characterized by basic Newtonian
equations governing the motion and collisions of point
masses as can be found in any introductory physics text-
book. By reducing the physical interactions of many

particles to their statistical behavior, exhaustive calcu-
lation of the position, and velocity of each individual
particle can be avoided. By factoring out the resonances
of the system, the wavelets can be shortened to impulses
or short bursts of exponentially decaying noise. The
main PhISEM assumption is that the sound-producing
particle collisions follow a Poisson process. Another as-
sumption is that the system energy decays exponentially
(the decay of the sound of a maraca after being shaken
once, for example). Figure 17.30 shows the PhISEM
algorithm block diagram.

The PhISEM maraca synthesis algorithm requires
only two random number calculations, two exponential
decays, and one resonant filter calculation per sample.
Other musical instruments that are quite similar to the
maraca include the sekere and cabasa (afuche). Outside
the realm of multicultural musical instruments, there are
many real-world particle systems that exhibit one or two
fixed resonances like the maraca. A bag or box of candy
or gum, a salt shaker, a box of wooden matches, and
gravel or leaves under walking feet all fit well within
this modeling technique.

In contrast to the maraca and guiro-like gourd re-
sonator instruments, which exhibit one or two weak
resonances, instruments such as the tamborine (timbrel)
and sleigh bells use metal cymbals, coins, or bells sus-
pended on a frame or stick. The interactions of the metal
objects produce much more pronounced resonances than
the maraca-type instruments, but the Poisson event and
exponential system energy statistics are similar enough
to justify the use of the PhISEM algorithm for synthesis.
To implement these in PhISEM, more filters are used to
model the individual partials, and at each collision, the
resonant frequencies of the filters are randomly set to fre-
quencies around the main resonances. Other sounds that
can be modeled using stochastic filter resonances include
bamboo wind chimes (related to a musical instrument as
well in the Javanese anklung) [17.29].

17.8 Physical Modeling (The Wave Equation)
One way to model a vibrating string physically would
be to build it up as a chain of coupled masses and
springs, as shown in Fig. 17.31. The masses slide on
frictionless guide rods to restrict their motion to trans-
verse (at right angles to the length), as is the case in
the ideal string. In fact, some synthesis projects have
used mass/spring/damper systems to represent arbitrary
objects [17.30].

If we force the masses to move only up and down,
and restrict them to small displacements, we do not
actually have to solve the acceleration of each mass
as a function of the spring forces pushing them up
and down. There is a simple differential equation that
completely describes the motions of the ideal string:

d2 y/dx2 = (1/c2)d2 y/dt2 . (17.21)
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Fig. 17.31 Mass/spring string network, with frictionless guide rods to restrict motion to one dimension

This equation (called the wave equation) means that
the acceleration (up and down) of any point on the string
is equal to a constant times the curvature of the string at
that point. The constant c is the speed of wave mo-
tion on the string, and is proportional to the square
root of the string tension, and inversely proportional
to the square root of the mass per unit length. This equa-
tion could be solved numerically, by sampling it in both
time and space, and using the difference approximations
for acceleration and curvature (much like we did with
the mass/spring/damper system earlier). With bound-
ary conditions (like rigid terminations at each end), we
could express the solution of this equation as a Fourier
series, as we did earlier in graphical form (Fig. 17.12).
However, there is one more wonderfully simple solution
to (17.21), given by

y(x, t)= yL(t+ x/c)+ yr(t− x/c) . (17.22)

This equation says that any vibration of the string
can be expressed as a combination of two separate trav-
eling waves, one traveling left (yL) and one traveling
right (yr). They move at the rate c, which is the speed of
sound propagation on the string. For an ideal (no damp-
ing) string and ideally rigid boundaries at the ends, the
wave reflects with an inversion at each end, and would
travel back and forth indefinitely. This view of two trav-
eling waves summing to make a displacement wave
gives rise to the waveguide filter technique of model-
ing the vibrating string [17.31, 32]. Figure 17.32 shows
a waveguide filter model of the ideal string. The two de-
lay lines model the propagation of left- and right-going
traveling waves. The conditions at the ends model the
reflection of the traveling waves at the ends. The −1 in

Right going traveling wave

Left going traveling wave

–1 –0.99

Fig. 17.32 Waveguide string modeled as two delay lines

the left reflection models the reflection with inversion of
a displacement wave when it hits an ideally rigid termi-
nation (like a fret on a guitar neck). The −0.99 on the
right reflection models the slight loss that happens when
the wave hits a termination that yields slightly (like the
bridge of the guitar which couples the string motion to
the body), and models all other losses the wave might ex-
perience (internal damping in the string, viscous losses
as the string cuts the air, etc.) in making its round-trip
path around the string.

Figure 17.33 shows the waveguide string as a digital
filter block diagram. The Z−P/2 blocks represent a delay
equal to the time required for a wave to travel down
the string. Thus a wave completes a round trip each
P samples (down and back), which is the fundamental
period of oscillation of the string, expressed in samples.
Initial conditions can be injected into the string via the
input x(n). The output y(n) would yield the right-going
traveling wave component. Of course, neither of these
conditions is actually physical in terms of the way a real

x (n) + z–P/2 y (n)

z–P/2
–1 –0.99

Fig. 17.33 Filter view of a waveguide string

Time
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T
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Fig. 17.34 Impulse response and spectrum of a comb
(string) filter
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Fig. 17.35 Waveguide pluck and strike initial conditions

string is plucked and listened to, but feeding the correct
signal into x is identical to loading the delay lines with
a predetermined shape.

The impulse response and spectrum of the filter
shown in Fig. 17.32 is shown in Fig. 17.34. As would
be expected, the impulse response is an exponentially
decaying train of pulses spaced T = P/SRATE seconds
apart, and the spectrum is a set of harmonics spaced
F0 = 1/T Hz apart. This type of filter response and
spectrum is called a comb filter, so named because of
the comb-like appearance of the time-domain impulse
response, and of the frequency-domain harmonics.

The two delay lines taken together are called
a waveguide filter. The sum of the contents of the two
delay lines is the displacement of the string, and the
difference of the contents of the two delay lines is the
velocity of the string. If we wish to pluck the string, we
simply need to load 1/2 of the initial-shape magnitude
into each of the upper and lower delay lines. If we wish
to strike the string, we would load in an initial velo-
city by entering a positive pulse into one delay line and
a negative pulse into the other (difference= initial velo-
city, sum= initial position = 0). These conditions are
shown in Fig. 17.35.

Figure 17.36 shows a relatively complete model of
a plucked string simulation system using digital fil-
ters. The inverse comb filters model the nodal effects
of picking, and the output of an electrical pickup, em-

Excitation
(impulse,
noise burst,
pick shape) Loop filter

(losses,
resonances,
etc.)

String delay
comb filter

Pick delay
inverse
comb filter

Pickup delay
inverse comb filter

Pickup
output

Radiated
output

Body
radiation
filterz–ßP + z–P

–1

z–αP +

–1

Fig. 17.36 Fairly complete digital filter simulation of the plucked string system

Loop filter
(losses,
resonances,
etc.)

String delay
comb filter

Pick delay
inverse
comb filter

Instrument
body impulse
response

Output
z–ßP + z–P

–1

Fig. 17.37 Commuted plucked string model

phasizing certain harmonics and forbidding others based
on the pick (pickup) position [17.33]. Output channels
for the pickup position and body radiation are provided
separately. A solid-body electric guitar would have no
direct radiation and only pickup output(s), while a purely
acoustic guitar would have no pickup output, but possi-
bly a family of directional filters to model body radiation
in different directions [17.34].

We should note that everything in the block diagram
of Fig. 17.35 is linear and time invariant (LTI). Linearity
means that for input x and output y, if x1(t)→ y1(t) and
x1(t)→ y2(t), then x2(t)+ x2(t)→ y1(t)+ y2(t), for any
functions x1,2 (signals add and scale linearly). Time in-
variant means that if x(t)→ y(t), then x(t−T )→ y(t−
T ) for any x(t) and any T (the system doesn’t change
with time). Given that the LTI condition is satisfied, we
can then happily (legally) commute (swap the order) of
any of the blocks. For example, we could put the pick
position filter at the end, or move the body radiation
filter to the beginning. Since the body radiation filter
is just the impulse response of the instrument body, we
can actually record the impulse response with the strings
damped, and use that as the input to the string model.
This is called commuted synthesis [17.35]. Figure 17.37
shows a commuted synthesis plucked string model.

Adding a model of bowing friction allows the string
model to be used for the violin and other bowed strings.
This focused nonlinearity is what is responsible for turn-
ing the steady linear motion of a bow into an oscillation
of the string [17.36, 37]. The bow sticks to the string
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Velocity+
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–

Nonlinear
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Fig. 17.38 Bowed string model

for a while, pulling it along, then the forces become too
great and the string breaks away, flying back toward rest
position. This process repeats, yielding a periodic oscil-
lation. Figure 17.38 shows a simple bowed string model,
in which string velocity is compared to bow velocity,
then put through a nonlinear friction function controlled
by bow force. The output of the nonlinear function is the
velocity input back into the string.

In mathematically describing the air within a cylin-
drical acoustic tube (like a trombone slide, clarinet bore,
or human vocal tract), the defining equation is:

d2 P/dx2 = (1/c2)(d2 P/dt2) (17.23)

which we note has exactly the same form as (17.21),
except that the displacement y is replaced by the pres-
sure P. A very important paper in the history of physical
modeling [17.36] noted that many musical instruments
can be characterized as a linear resonator, modeled by
filters such as all-pole resonators or waveguides, and
a single nonlinear oscillator like the reed of the clarinet,
the lips of the brass player, the jet of the flute, or the
bow–string friction of the violin. Since the wave equa-
tion says that we can model a simple tube as a pair of
bidirectional delay lines (waveguides), then we can build
models using this simple structure. If we would like to
do something interesting with a tube, we could use it to
build a flute or clarinet. Our simple clarinet model might
look like the block diagram shown in Fig. 17.39.

To model the reed, we assume that the mass of the
reed is so small that the only thing that must be con-
sidered is the instantaneous force on the reed (spring).
The pressure inside the bore Pb is the calculated pres-

Nonlinear
reed model

Radiation
filter

Player
breath
pressure

pm

Reflection
filter

“Bore”delay line
pb

Fig. 17.39 Simple clarinet model

sure in our waveguide model, the mouth pressure Pm
is an external control parameter representing the breath
pressure inside the mouth of the player (Fig. 17.40). The
net force acting on the reed/spring can be calculated as
the difference between the internal and external pres-
sures, multiplied by the area of the reed (pressure is
force per unit area). This can be used to calculate a reed
opening position from the spring constant of the reed.
From the reed opening, we can compute the amount
of pressure that is allowed to leak into the bore from
the player’s mouth. If bore pressure is much greater than
mouth pressure, the reed opens far. If the mouth pressure
is much greater than the bore pressure, the reed slams
shut. These two extreme conditions represent an asym-

pb

pm Reed= spring

Fig. 17.40 Reed model

α

0 ∆p=pb – pm

1.0

Fig. 17.41 Reed reflection table
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metric nonlinearity in the reed response. Even a grossly
simplified model of this nonlinear spring action results in
a pretty good model of a clarinet [17.37]. Figure 17.41
shows a plot of a simple reed reflection function (as
seen from within the bore) as a function of differential
pressure. Once this nonlinear signal-dependent reflec-
tion coefficient is calculated (or looked up in a table),
the right-going pressure injected into the bore can be
calculated as P+b = αP−b + (1−α)Pm.

The clarinet is open at the bell end, and essentially
closed at the reed end. This results in a reflection with
inversion at the bell and a reflection without inversion
(plus any added pressure from the mouth through the
reed opening) at the reed end. These odd boundary con-
ditions cause odd harmonics to dominate in the clarinet
spectrum.

We noted that the ideal string equation and the ideal
acoustic tube equation are essentially identical. Just as
there are many refinements possible to the plucked string
model to make it more realistic, there are many possi-
ble improvements for the clarinet model. Replacing the
simple reed model with a variable mass/spring/damper
allows the modeling of a lip reed as is found in brass
instruments. Replacing the reed model with an air-jet
model allows the modeling of flute and recorder-like
instruments. With all wind or friction (bowed) ex-
cited resonant systems, adding a little noise in the
reed/jet/bow region adds greatly to the quality (and
behavior) of the synthesized sound.

In an ideal string or membrane, the only restoring
force is assumed to be the tension under which they
are stretched. We can further refine solid systems such
as strings and membranes to model more-rigid objects,
such as bars and plates, by noting that the more-rigid
objects exhibit internal restoring forces due to their stiff-
ness. We know that if we bend a stiff string, it wants to
return back to straightness even when there is no tension
on the string. Cloth string or thread has almost no stiff-
ness. Nylon and gut strings have some stiffness, but not
as much as steel strings. Larger-diameter strings have
more stiffness than thin ones. In the musical world, pi-
ano strings exhibit the most stiffness. Stiffness results in
the restoring force being higher (thus the speed of sound
propagation as well) for high frequencies than for low.
So the traveling wave solution is still true in stiff sys-
tems, but a frequency-dependent propagation speed is
needed

y(x, t)= yl
[
t+ x/c( f )

]+ yr
[
t− x/c( f )

]
. (17.24)

and the waveguide filter must be modified to simulate
frequency-dependent delay, as shown in Fig. 17.42.

x (n) + y (n)

–1 –0.99
z– P( f )

2

z– P( f )
2

Fig. 17.42 Stiffness-modified waveguide string filter

For basic stiff strings, a function that predicts the
frequencies of the partials has this form:

fn = n
[

f0
(
1+ Bn2)] , (17.25)

where B is a number slightly greater than 0, equal to zero
for perfect harmonicity (no stiffness), and increasing for
increasing stiffness. Typical values of B are 0.00001 for
guitar strings, and 0.004 or so for piano strings. This
means that P( f ) should modify P by the inverse of the
(1+Bn2)1/2 factor.

Unfortunately, implementing the Z−P( f )/2 frequency-
dependent delay function is not simple, especially for
arbitrary functions of frequency. One way to imple-
ment the P( f ) function is by replacing each of the
Z−1 with a first-order all-pass (phase) filter, as shown
in Fig. 17.43 [17.33]. The first-order all-pass filter has
one pole and one zero, controlled by the same coeffi-
cient. The all-pass implements a frequency-dependent
phase delay, but exhibits a gain of 1.0 for all frequen-
cies. The coefficient α can take on values between−1.0
and 1.0. For α= 0, the filter behaves as a standard unit
delay. For α > 0.0, the filter exhibits delays longer than
one sample, increasingly long for higher frequencies.
For α < 0.0 the filter exhibits delays shorter than one
sample, decreasingly so for high frequencies.

It is much less efficient to implement a chain of
all-pass filters than a simple delay line. But for weak
stiffness it is possible that only a few all-pass sections
will provide a good frequency-dependent delay. Another
option is to implement a higher-order all-pass filter,
designed to give the correct stretching of the upper fre-
quencies, added to simple delay lines to give the correct
longest bulk delay required.

For very stiff systems such as rigid bars, a si-
ngle waveguide with all-pass filters is not adequate
to give enough delay, or far too inefficient to calcu-
late. A technique called banded waveguides employs

x (n) + z–1 y (n)+

α

–α

Fig. 17.43 First-order all-pass filter
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Fig. 17.44 Banded decomposition of a struck-bar spectrum

sampling in time, space, and frequency to model stiff
one-dimensional systems [17.38]. This can be viewed
as a hybrid of modal and waveguide synthesis, in that
each waveguide models the speed of sound in the region
around each significant mode of the system. As an exam-
ple, Fig. 17.44 shows the spectrum of a struck marimba

Controls

+

Mallet
/bow

BP

BP

BP

Delay

Delay

Delay

Force
Velocity
Position

Sound output

Fig. 17.45 Banded waveguide model

bar, with additional bandpass filters superimposed on
the spectrum, centered at the three main modes. In the
banded waveguide technique, each mode is modeled by
a bandpass filter, plus a delay line to impose the correct
round-trip delay, as shown in Fig. 17.45.

17.9 Music Description and Control

The musical instrument digital interface (MIDI) stan-
dard, adopted in 1984, revolutionized electronic music,
and also profoundly affected the computer indu-
stry [17.39]. A simple two-wire serial electrical
connection standard allows interconnection of musical
devices and computers over cable distances of up to
15 m (longer over networks and extensions to the basic
MIDI standard). The MIDI software protocol is best de-
scribed as musical keyboard gestural, meaning that the
messages carried over MIDI are the gestures that a pi-
anist or organist uses to control a traditional keyboard
instrument. There is no time information contained in
the basic MIDI messages; they are intended to take ef-

•••

10010000 00111100 01000000Typical message:

Meaning: NoteOn
Chan= 0

Note = 60
(middle C)

Velocity = 64
(1/2 sort of)

MIDI serial data transmission
31.25kBaud, 1 Start, 8 Data, 1Stop bit

Asynchronous bytes

“Mark”

1 s s s s s s s 0ddddddd
If first bit = 1 then status byte
If first bit = 0 then data byte

Fig. 17.46 MIDI software transmission protocol

fect as soon as they come over the wire. As such it is
a real-time gestural protocol, and can be adapted for real-
time non-musical sound synthesis applications. There
are complaints about MIDI, however, mostly related to
limited control bandwidth (approximately 1000–1500
continuous messages per second maximum), and the
keyboard-centric bias of the messages.

Basic MIDI message types include NoteOn and
NoteOff, sustain pedal up and down, amount of mo-
dulation (vibrato), pitch bend, key pressure (also called
AfterTouch), breath pressure, volume, pan, balance, re-
verberation amount, and others. NoteOn and NoteOff
messages carry a note number corresponding to a par-
ticular piano key, and a velocity corresponding to how
hard that key is hit. Figure 17.46 shows the software se-
rial format of MIDI, and gives an example of a NoteOn
message.

Another MIDI message is program change, which is
used to select the particular sound being controlled in
the synthesizer. MIDI provides for 16 channels, and the
channel number is encoded into each message. Each
channel is capable of one type of sound, but possi-
bly many simultaneous voices (a voice is an individual
sound) of that same sound. Channels allow instruments
and devices to all listen on the same network, and choose
to respond to the messages sent on particular channels.

General MIDI (1991), and the standard MIDI file
specifications serve to extend MIDI and made it even
more popular [17.40]. General MIDI helps to assure
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the performance of MIDI on different synthesizers, by
specifying that a particular program (the algorithm for
producing the sound of an instrument) number must
call up a program the approximates the same instru-
ment sound on all general MIDI-compliant synthesizers.
There are 128 such defined instrument sounds available
on MIDI channels 1–9 and 11–16. For example, MIDI
program 1 is grand piano, and 57 is trumpet. Some of
the basic instrument sounds are sound effects. Program
#125 is a telephone ring, #126 is helicopter, #127 is ap-
plause, and #128 is a gunshot sound. On general MIDI
channel 10, each note is mapped to a different percus-
sion sound. For example, the bass drum is note number
35, and the cowbell is note number 56.

The MIDI file formats provide a means for the
standardized exchange of musical/sonic information.
A MIDI level 0 file carries the basic information that
would be carried over a MIDI serial connection, which
is the basic bytes in order, with added time stamps. Time
stamps allow a very simple program to play back MIDI
files. A MIDI level 1 file is more suited to manipula-
tion by a notation program or MIDI sequencer (a form
of multi-track recorder program that records and manip-
ulates MIDI events). Data is arranged by tracks, (each
track transmits on only one MIDI channel) which are
the individual instruments in the virtual synthesized or-
chestra. Meta messages allow for information which is
not actually required for a real-time MIDI playback,
but might carry information related to score markings,
lyrics, composer and copyright information, etc.

Recognizing the limitations of fixed PCM samples
in music synthesizers, the downloadable sounds (DLS)
specification was added to MIDI in 1999. This pro-
vides a means to load PCM into a synthesizer, then
use MIDI commands to play it back. Essentially any
instrument/percussion sound can be replaced with arbi-
trary PCM, making it possible to control large amounts
of recorded sounds. The emergence of software syn-
thesizers, on PC platforms has made the use of DLS
more feasible than in earlier days when the samples
were contained in a static ROM within a hardware
synthesizer.

The simplicity and ubiquity of MIDI, with thou-
sands of supporting devices and software systems, leads
many to use it for all sorts of projects and systems.
While not being directly compatible with popular mu-

sic synthesizers, using MIDI for the control of synthesis
still allows the use of the large variety of MIDI con-
trol signal generators and processors, all of which emit
standard and user-programmable MIDI messages. Ex-
amples include MIDI sequencers and other programs
for general-purpose computers, as well as breath con-
trollers, drum controllers, and fader boxes with rows of
sliders and buttons.

Sadly, one thing that is still missing from MIDI at
the time of writing is the ability to download arbitrary
synthesis algorithms. Beyond MIDI, there are a number
of emerging standards for sound and multimedia con-
trol. As mentioned in the last section, one of the things
MIDI lacks is high-bandwidth message capability for
handling many streams of gestural/model control data.
Another complaint about MIDI relates to the small word
sizes, such as semitone quantized pitches (regular musi-
cal notes), and only 128 levels of velocity, volume, pan,
and other controllers. MIDI does support some extended
precision messages, allowing 14 bits rather than 7. Other
specifications have proposed floating-point representa-
tions, or at least larger integer word sizes. A number of
new specifications and systems have arisen recently.

One system for describing sounds themselves is
called the sound description interchange format (SDIF
1999) [17.41], originally called the spectral description
interchange file (SDIF) format. It is largely intended to
encapsulate the parameters arising from spectral ana-
lysis, such as spectral modeling sinusoidal/noise tracks,
or source/filter model parameters using LPC.

Related to SDIF, but on the control side, is
open sound control (OSC, 2002) [17.41]. Open
sound control allows for networked, extended-precision,
object-oriented control of synthesis and processing
algorithms over high-bandwidth transmission control
protocol/internet protocol (TCP/IP), FireWire, and
other high-bandwidth protocols.

As part of the moving-picture experts group 4
(MPEG4) standard, the structured audio orchestra lan-
guage (SAOL, 1999) allows for parametric descriptions
of sound algorithms, controls, effects processing, mix-
ing, and essentially all layers of the audio synthesis and
processing chain [17.42]. One fundamental notion of
structured audio is that the more understanding we have
about how a sound is made, the more flexible we are in
compressing, manipulating, and controlling it.
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17.10 Composition

The history of computer languages for music dates back
well into the 1950s. Beginning with Max Mathew’s Mu-
sic I, many features of these languages have remained
constant, such as the notion of unit generators as dis-
cussed before, and the idea of instruments within an
orchestra, controlled by a score. Early popular languages
include Music V (a direct descendent of Music I) [17.5],
Csound, CMix, and CMusic (written in C) [17.43].
More recent languages developed in the last decade
include SuperCollider [17.44], Jsyn (in Java) [17.45],
STK in C++ [17.46], Aura [17.47], Nyquist [17.48],
and ChucK [17.49].

One class of languages that has advanced educa-
tion and participation in computer music are graphical
systems such as MAX/MSP [17.50] and Pure Data
(PD) [17.51]. These software systems allow novice (and
expert) users to construct patches by dragging unit gen-
erator icons around on the desktop, connecting them
with virtual patch cords (Fig. 17.47).

Fig. 17.47 A simple MAX/MSP patch connects a micro-
phone through a 1/2 s (22050 samples at 44.1 k sample
rate) delay to the speaker output

17.11 Controllers and Performance Systems

Music performance is structured real-time control of
sound, to achieve an aesthetic goal (hopefully for both
the performers and audience). So one obvious applica-
tion area for real-time computer sound synthesis and
processing is in creating new forms of musical expres-
sion. Exciting developments in the last few years have
emerged in the area of new controllers and systems for
using parametric sound in real-time music performance,
or in interactive installation art.

Figure 17.48 shows three recent real-time mu-
sic performance systems, all using parametric digital
sound synthesis and a variety of sensors mounted on

Fig. 17.48 Cook’s DigitalDoo, Trueman’s BoSSA, Bahn’s ‘r!g’

the instruments and players. The author’s DigitalDoo
is a sensor/speaker enhanced/augmented didgeridoo.
Dan Trueman’s bowed sensor speaker array (BoSSA)
resulted from work in modeling, refining, and redefin-
ing the violin player’s interface [17.52]. Curtis Bahn’s
‘r!g’ consists of a sensor enhanced upright (stick)
bass, pedal boards, and other controllers. All three of
these new instruments use spherical speakers to allow
flexible control of the sound radiation into the perfor-
mance space [17.53]. These instruments have been used
with computers to control percussion sounds, animal
noises, string models, flute models, and a large va-
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Fig. 17.49 Gigapop networked concert between Princeton
(shown on screen to left) and Montreal (players on stage).
The right screen shows real-time graphics generated from
gestural data captured from sensors on the instruments

riety of other sample-based and parametric synthesis
algorithms.

Various conducting systems, including Max Math-
ew’s radio baton (Stanford’s Center for Computer
Research in Music and Acoustics) [17.54], and Ther-
esa Marrin Nakra’s conducting jacket (MIT Media

Lab) [17.55] allow novices and experts to conduct music
performed by the computer. Also, the growth and devel-
opment of computer music has helped to advance greatly
the technological capabilities of the familiar karaoke in-
dustry. Some modern karaoke systems now can deduce
the song that is being sung and retrieve the appropri-
ate accompaniment within just a few notes. Also, these
systems can automatically correct the pitch and vocal
qualities of a bad singer, making them sound more ex-
pert and professional. The next section will describe
some of the algorithms being applied now in karaoke
and other automatic accompaniment systems.

Some researchers and performers feel that there
is significant potential in networked computer mu-
sic performances and interactions. Projects range from
MIT’s Brain Opera [17.56], which allowed observers
to participate and contribute content to the perfor-
mance via the web, through the Auricle website, which
is a kind of audio analysis/synthesis enhanced chat
room [17.57]. Stanford’s SoundWire Project [17.58]
and Princeton’s GigaPop Project [17.59] (Fig. 17.49)
are aimed at synchronized multi-site live performance
through high-bandwidth low-latency streaming of un-
compressed audio and video.

17.12 Music Understanding and Modeling by Computer

Over the years, new research and applications have
arisen in the areas of content-based audio analysis, re-
trieval, and modeling. Also called music information
retrieval (MIR), machine listening, and other terms,
the main tasks involve segmenting, separating, classi-
fying, and modeling the textures and structures present
in pieces of music or audio.

Audio segmentation is the process of breaking up
an audio stream into sections that are perceptually dif-
ferent from adjacent sections. The audio texture within
a given segment is relatively stable. Examples of seg-
ment boundaries could be a transition from background
sound texture to a human beginning to speak over that
background. Another segment boundary might occur
when the scene changes, such as leaving an office build-
ing lobby and going outside onto a busy street. In movie
production, the audio scene often changes just prior to
the visual scene, allowing a noncausal mode of detecting
a visual scene change.

Segmentation [17.60] can be accomplished in two
primary ways: blind segmentation based on sudden
changes in extracted audio features, and classification-

based segmentation based on comparing audio features
to a set of trained target feature values. The blind method
works well and is preferred when the segment textures
are varied and unpredictable, but requires the setting
of thresholds to yield the best results. The classification-
based method works well on a corpus of pre-labeled data,
such as speech/music, musical genres, indoor/outdoor
scenes, etc. databases. Both methods require the extrac-
tion of audio features.

Audio feature extraction is the process of computing
a compact numerical representation of a sound seg-
ment. A variety of audio features exist, and have been
used in systems for speech recognition, music/speech
discrimination, musical genre (rock, pop, country, clas-
sical, jazz, etc.) labeling, and other audio classification
tasks. Most features are extracted from short mov-
ing windows (5–100 ms in length, moving along at
a rate of 5–20 windows per second) by using the
short-time Fourier transform, wavelets, or compressed
data coefficients (such as MP3). Each feature described
below can be computed at different time resolutions,
and the value of each feature, along with the mean
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and variance of the features can be used as features
themselves.

• One common feature for segmentation is the gross
power in each window. If the audio stream sud-
denly gets louder or softer, then there is a high
likelihood that something different is occurring. In
speech recognition and some other tasks, however,
we would like the classification to be loudness in-
variant (over some threshold used to determine if
anyone is speaking).• Another feature is the spectral centroid, which is
closely related to the brightness of the sound, or the
relative amounts of high- and low-frequency energy.
The spectral roll-off is another important feature that
captures more information about the brightness of an
audio signal.• Spectral flux is the amount of frame-to-frame vari-
ance in the spectral shape. A steady sound or texture
will exhibit little spectral flux, while a modulating
sound will exhibit more flux.• One popular set of features used for speech and
speaker recognition are mel-frequency cepstral co-
efficients, which are a compact (between 4 and 10
numbers) representation of spectral shape.• For multi-time-scale analysis systems, the low-
energy feature is often used. This feature is defined
as the percentage of small analysis windows that
contain less power than the average over the larger
window that includes the smaller windows. This is
a coarser-time-scale version of flux, but computed
only for energy.

Allison.au.mf.mcl Brahms.au.mf.mcl

China.au.mf.mcl Debussy.au.mf.mcl

Greek.au.mf.mcl Opera.au.mf.mcl

Fig. 17.50 Timbregrams of speech (left) and music (right). The top two sounds on the right are orchestral music, while
the lower right is opera

• One other commonly used feature is zero-crossing
rate, which is a simple measure of high-frequency
energy.• For music query/recognition, features such as the
parametric pitch histogram, and beat/periodicity
histogram can be calculated and used.

Selection of the correct feature set for a given task
has proven to be an important part of building suc-
cessful systems for machine audio understanding. For
a fixed corpus, computing many features (40 dimensions
or more), then using principal-components analysis
(reduction of dimensionality through regression) has
proven successful for reducing the dimensionality
of the feature/search space. As an example, map-
ping the first three principal components onto color
(red, green, blue) allows the automatic coloration of
sound plots, as shown in Fig. 17.50. The three tim-
bregrams on the left are speech, and the three on the
right are classical music. The top two right timber-
grams are orchestral recordings, while the lower right
one is opera singing (hence the color similarity to
speech).

One holy grail in computer music research is
automatic transcription, where in the ideal case a com-
puter could generate a perfect musical score by
analyzing only a recording of the music. This problem
has been around for many decades, and has gener-
ated significant funding for computer music researchers.
While research still continues on this difficult and un-
solved problem, the side effects of the research have
given us a large number of developments in signal
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processing, analysis/synthesis algorithms, and human
perception and cognition.

One other cognition-related research area in com-
puter music is musical style modeling, also called
automatic composition. One of the leading researchers
in this area is David Cope, whose experiments in
musical intelligence (EMI) projects have been devel-
oped over many years now. Through musical rules and
data entered by Cope in the LISP computer language,
the simple analytic recombinant algorithm (SARA)

program has generated imitative music in styles as
varied as those of Palestrina, Bach, Brahms, Chopin,
Mozart, Prokofiev, Stravinsky, Gershwin, and Scott
Joplin [17.61].

Another interesting project in this area is The Brain,
created by Tom Hadju and Andy Milburn of the pro-
duction company “tomandandy”. The Brain is partially
responsible for a large amount of commercial and movie
music created over the last few years, including music
for The Mothman Prophesies, and Mean Creek.

17.13 Conclusions, and the Future

With the advent of cheap and powerful computers,
especially laptops, the last few years have greatly
democratized the tools and techniques of computer
music. Many free or inexpensive sound-editing tools
now include features and algorithms that were the sole
domain of academic researchers only ten years ago. Fur-
ther, the World Wide Web has made computer tools and

music available to more people. Computer-augmented
performers and performance spaces have become more
common, and more commonly accepted by the public. It
seems certain that the future of computer music is likely
to include more developments in the areas of modeling
and understanding of human perception, preference, and
creativity.
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Audio and Ele18. Audio and Electroacoustics

This chapter surveys devices and systems associated
with audio and electroacoustics: the acquisition,
transmission, storage, and reproduction of audio.
The chapter provides an historical overview of the
field since before the days of Edison and Bell to
the present day, and analyzes performance of
audio transducers, components and systems from
basic psychoacoustic principles, to arrive at an
assessment of the perceptual performance of such
elements and an indication of possible directions
for future progress.

The first, introductory section is an overall
historical review of audio reproduction and spatial
audio to establish the context of events. The next
section surveys relevant psychoacoustic principles,
including performance related to frequency
response, amplitude, timing, and spatial acuity.
Section 3 examines common audio specifications,
with reference to the psychoacoustic limitations
discussed in Sect. 2. The specifications include
frequency and phase response, distortion, noise,
dynamic range and speed accuracy. Section 4
examines some of the common audio components
in light of the psychoacoustics and specifications
established in the preceding sections. The
components in question include microphones,
loudspeakers, record players, amplifiers, magnetic
recorders, radio, and optical media. Section 5 is
concerned with digital audio, including the basics
of sampling, digital signal processing, and audio
coding. Section 6 is devoted to an examination
of complete audio systems and their ability to
reproduce an arbitrary acoustic environment.
The specific systems include monaural, stereo,
binaural, Ambisonics, and 5.1-channel surround
sound. The final section provides an overall
appraisal of the current state of audio and
electroacoustics, and speculates on possible future
directions for research and development.
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Considering that human records extend back to cave
drawings thousands of years old [18.1], it is notable that

the technology to record, transmit, and reproduce sound
has only existed for the last century or so. One can only
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wonder at the effect it might have had on the course of
history, not to mention the effect it may yet have [18.2].

Sound is hardly the easiest quantity to work with.
As a vibration in air, it is invisible, dynamic, and three-
dimensional (3-D), not counting the dimensions of time
and frequency. Human interaction with a sound field
is often dynamic: natural movements of the head and
body alter the perceived sounds in a way that is dif-
ficult to predict or reproduce. Despite over a century
of progress, the transducers available for recording and
reproducing sound, microphones and loudspeakers, are
still limited to being point-in-space devices, and are not
necessarily well suited to interacting with a 3-D phys-
ical phenomenon. And yet, human beings make do with
just two ears; so how hard can it be to capture and re-

produce all the characteristics and nuances of what the
ear perceives in nature?

The intent of this chapter is to review and evaluate the
performance of audio systems based on the known per-
formance of the human auditory system. Starting with
a brief historical overview, the salient aspects of human
auditory performance will be described. These in turn
will be used to derive a set of general audio specifica-
tions that may be expected to apply to a broad range of
audio systems. Then, some of the more common audio
components will be examined in light of these specifi-
cations. Finally, the performance of complete systems
will be considered, in the hope of gaining some over-
all perspective of progress to date and possibly fertile
directions for further investigation.

18.1 Historical Review

The first golden age of audio research arguably started
in the late 1800s with the inventions of the telephone by
A. G. Bell and the phonograph by T. A. Edison [18.3],
and ended in 1982 with the introduction of digital audio
as a practical reality as embodied in the audio com-
pact disc (CD). The inventions that inaugurated this
age established that an audio channel could indeed be
transmitted and recorded, as a continuous mechanical,
magnetic, optical, or electrical analog of the sound vi-
brations, but brought with them a raft of problems,
including inadequate recording sensitivity and playback
volume, noise, distortion, speed irregularities such as
wow and flutter, nonlinear and limited frequency re-
sponse, and media wear. Although steady incremental
progress was made on these problems in the decades
that followed, they were all largely resolved once and
for all with digital audio. Efforts since then have fo-
cused on reduction of the required data rate (audio
coding) and on extending the realm of audio from sin-
gle isolated channels to full three-dimensional systems.
Ongoing parallel efforts to understand the physiology
and psychoacoustics of the human ear more fully have
continued to extend the knowledge base, and in some
cases have yet to be exploited by commercial audio
systems.

Why wasn’t sound recording invented sooner? It is
hard to say. Bell’s telephone may have required a steady
electric current, which presumably was not available
in ancient times, but Edison’s phonograph was entirely
mechanical. The key to the latter invention seems to
have been the recognition that sound is a vibration and
that the vibration is mechanically transferable, but this

notion that is readily demonstrable by putting your fin-
gers to your lips or throat, and humming. The inventions
seem to have been part of a general flourishing of phys-
ical sciences and mathematics, one that has continued
to the present day. Prior to that, however, there is cer-
tainly evidence of some understanding of the acoustic
processes involved, as seen in the creation of musical
instruments and the design of concert halls.

Actually, both Edison and Bell were driven in part
by a desire to improve telegraph systems. The telegraph
was popularized by Samuel Morse, starting around 1837,
although the notion of an electrical telegraph harks back
at least to a demonstration of sending a simple signal
over a long wire by William Watson in 1747 [18.4]. The
cause was greatly helped by the invention of the electric
battery by Alessandro Volta in 1799, and the storage
battery in 1859 by Gaston Plante [18.5].

Many of the theoretical and mathematical founda-
tions of early audio technologies were established in
the 1800s, with work in the electrical sciences by Ohm,
Faraday, Henry and others, together with research in
acoustics and hearing physiology by Helmholtz, Lis-
sajous and others. Although Edison is credited with the
invention of the first device to reproduce sound, the first
audio recording device is generally credited to Leon
Scott, who on March 25, 1857, patented the phonau-
tograph [18.6]. This device combined a diaphragm and
a stylus to inscribe a trace of a sound on a visual medium,
such as a smoke-blackened glass or cylinder, but it had
no way to reproduce the recording audibly. John Tyn-
dall seems to have followed Scott’s work on visualizing
sound vibrations, using a variety of different devices.
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Alexander Graham Bell filed his patent for the tele-
phone on February 14, 1876, just two hours before
Elisha Gray filed for a similar device. Aside from its
intrinsic value, the invention was significant for employ-
ing acoustical to electrical and electrical to acoustical
transduction, principles that are still almost universally
employed in telephony, broadcast, and audio recording.

Transduction between acoustical and electrical en-
ergy was initially less important to Edison’s invention
of the phonograph on December 8, 1877, since a phys-
ical medium to store the recording was necessary in any
case, and there neither was nor is a ready way to di-
rectly store a dynamic electrical signal directly on such
a physical medium. So it is perhaps not too surprising
that the original invention employed purely mechanical
transduction for both recording and playback.

With these two inventions, the foundations for ana-
log audio were established, and the race was on to refine
and commercialize the systems. In 1887, Emile Berliner
patented a recording format that used lateral groove
modulation on a flat disk [18.8], in contrast to Edison’s
use of vertical modulation on a cylinder. The underlying
principles may have been much the same, but Berlin-
er’s arrangement qualified as a separate patent, and the
practical aspects of mass-producing, playing, and stor-
ing disks instead of cylinders led to the grooved disk
becoming the commercial recording medium of choice
for over half a century.

Lacking the means to record an electrical signal
directly, but seeking to avoid the wear accompanying
the playback of grooved recordings with a stylus, other
media were soon being explored, such as the use of mag-
netic recording by Valdemar Poulson in 1898 and optical
recording, by Leon Gaumont in 1901. Meanwhile, the
eventual foundation of the broadcast industry was be-
gun in 1894, with the invention of the wireless telegraph
by Guglielmo Marconi.

These systems were initially handicapped by a lack
of viable amplification means, and although there were
some imaginative attempts at mechanical amplifica-
tion, the key breakthrough occurred in 1906, with Lee
de Forest’s invention of the audion vacuum-tube triode
amplifier. Vacuum tubes could and would be used to
amplify all manner of electrical signals, but de Forest’s
choice of the name audion seems derived directly from
the word audio. It is therefore a matter of some specula-
tion as to whether the tube amplifier would have come
about when it did had it not been for the formative
invention of sound recording just 29 years earlier.

Aside from resolving the problems of providing bet-
ter recording sensitivity and adequate playback volume,

Fig. 18.1 Leon Scott and the phonautograph (After [18.7])

the vacuum tube also enabled the wireless transmission
of audio, giving rise to the radio receiver and broadcast
industries.

So by 1910, the basic principles, physics, and devices
of audio and electroacoustics were in place, resulting in
widespread continuing efforts to develop, patent, and re-
fine components and systems, establish standards where
required, and commercialize a growing variety of for-
mats and services. Amidst competitive struggles and
numerous patent fights, the following years saw a dra-
matic series of audio innovations, including [18.9, 10]:

• 1913: An early talking movie by Edison, using
a cylinder synchronized with the picture.• 1916: A superheterodyne radio circuit patented by
Edwin F. Armstrong.• 1917: A condenser microphone developed by
E. C. Wente at Bell Laboratories.• 1921: The first commercial amplitude-modulated
(AM) broadcast, KDKA, Pittsburgh, PA.
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• 1925: An electrical record cutter developed at Bell
Laboratories, followed by the commercial release of
78 revolutions per minute (RPM) records.• 1926: Iron-oxide-coated paper tape for magnetic
recoding developed by O’Neill.• 1927: The Jazz Singer, the first commercial sync-
sound film, using audio on disk synchronized to the
picture.• 1929: The sampling theorem, the basis of digital
signal processing, developed by Harry Nyquist.• 1935: Plastic-based magnetic recording tape, from
BASF.• 1936: The first tape recording of a symphony con-
cert, by Sir Thomas Beecham.• 1936: A cardioid condenser microphone, by Von
Braunmuhl and Weber.• 1941: Commercial frequency-modulated (FM)
broadcasting inaugurated in the US.• 1947: The Williamson high-fidelity power amplifier
developed.• 1948: The 33 1/3-RPM long-play record, developed
by CBS laboratories.• 1951: The transistor developed at Bell Laboratories.• 1954: The transistor radio, Sony.• 1963: Tape cassette format developed by Philips.• 1965: Dolby A noise-reduction system developed.• 1969: Dr. Thomas Stockham experiments with dig-
ital recording.• 1976: Stockham produces the first 16-bit digital
recording, of the Santa Fe Opera.• 1982: The digital compact disc is released commer-
cially.

Much of the thrust of these and countless other develop-
ments in this period was to improve the quality of a given
audio channel, by extending the frequency response, re-
ducing noise, etc. As noted earlier, once digital recording
came of age, these concerns were rendered somewhat
moot, as adequate quality became a matter of using
a sufficient number of bits per sample and adequately
sampling rate to avoid audible degradation. Of course,
certain parts of the audio chain, notably transducers such
as microphones and loudspeakers, and associated inter-
face electronics, have remained analog, as is likely to
continue to be true at least until a direct link is estab-
lished to the human nervous system, bypassing the ears
altogether.

18.1.1 Spatial Audio History

Perhaps the one area of audio that was not immedi-
ately improved with the adoption of digital recording

techniques was spatial reproduction. It is unlikely that
the importance of the spatial aspect of audio was lost
on early audio developers, nor the fact that most hu-
mans do in fact, possess two ears. It was probably
just a case of priorities. Spatial audio systems would
almost certainly require more channels and/or other in-
formation, which was hard to accommodate with early
audio media, and the emphasis was, quite reasonably, on
refining the quality of the single-channel monophonic
format.

Still, there were some promising early experiments,
notably a demonstration in 1881 by Clement Ader, who
set up a series of microphones in front of the stage of the
Paris Opera, and ran their outputs to earphones set up in
a nearby room [18.9,10]. Whether by accident or design,
some of the listeners elected to use two headphones, one
on each ear, and were rewarded with a crude but effective
binaural spatial presentation.

Despite isolated experiments such as Ader’s, there
was little organized investigation of spatial audio until
1931, when Alan Blumlein single-handedly developed
a range of devices and protocols to support stereo sound,
including techniques to upgrade the entire audio broad-
cast and recording infrastructure of the time. Blumlein
filed a far-ranging patent covering the bulk of his work;
unfortunately, it seems to have been about a quarter
century ahead of his time, as it would be the late
1950s before stereophonic sound became a commercial
reality.

In the 1930s, Bell Laboratories also became inter-
ested in spatial audio, albeit with more of an emphasis
on audience presentation. They concluded that stereo
was ineffective for such uses, as the virtual imaging of
just two channels would not work for listeners removed
from the centerline. They further concluded that adding
a center channel produced a far more satisfactory re-
sult, as demonstrated by Fletcher, Steinberg, and Snow
in 1933.

With consumer media still limited to single-channel
operation, it fell for a time to film studios to engage in oc-
casional commercial forays into spatial audio. A notable
experiment in the venue was the film Fantasia (1940),
the road show productions of which used a synchronized
three-channel soundtrack, plus control track, to feed as
many as 10 loudspeakers [18.9, 10].

The use of multiple film channels accelerated some-
what in the 1950s, as film studios sought ways to
differentiate their product from television. One popu-
lar approach was to use wider-than-standard 70 mm film
stock, instead of the normal 35 mm, which provided
enough room along the edge for several audio channels
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on magnetic stripes. A common arrangement was three
front channels plus a surround channel, the latter usu-
ally fed to an array of loudspeakers arranged around the
sides and rear of the theater.

In the 1970s, the blockbuster movie genre was
kicked off with the releases of Star Wars and Close
Encounters of the Third Kind, along with the syner-
gistic Dolby matrix surround system, which encodes

control signals in the audio to pan two optical film chan-
nels to four output channels (again, three in front, plus
surround).

In the 1990s, multichannel digital soundtracks came
into use, first in movie theaters and then in home systems,
generally supporting three front channels, a pair of sur-
round channels, and a low-frequency channel, otherwise
referred to as a 5.1-channel system.

18.2 The Psychoacoustics of Audio and Electroacoustics

In order to evaluate the requirements and performance of
audio systems, it is necessary to establish their relation
to the capabilities and limitations of the human hear-
ing. People perceive sound on the basis of frequency,
amplitude, time and, somewhat indirectly, space. The
perceptual resolution limits of these quantities are fairly
well established, even if the underlying mechanisms are
still being explored.

18.2.1 Frequency Response

1. Range: The commonly quoted frequency range of
human hearing is 20–20 000 Hz, representing the
range of frequencies that can be heard as sounds.
In many cases, this is a somewhat optimistic spec-
ification, and in any case certainly varies with the
individual. Only young people are likely to hear out
to 20 kHz. With age generally comes a reduction in
the upper limit (along with other reductions in hear-
ing acuity, a process known as presbycusis [18.11]),
with typical values of the upper limit of hearing in the
range of 8–15 kHz common for middle-aged adults.
There has been considerable debate about the ability
to hear above 20 kHz, with some claiming some sort
of perception out to frequencies of 40–50 kHz. Hear-
ing limits above 20 kHz are known to exist in some
small animals. At the low-frequency end of the spec-
trum, a frequency of perhaps 32 Hz is typically the
minimum value at which a pitch can be discerned,
below which the sensation becomes more of a series
of discrete vibrations. Although it is difficult to con-
struct loudspeakers with flat response below 20 Hz,
humans can still perceive such vibrations if they are
sufficiently large in amplitude.

2. Sensitivity: The ear is not uniformly sensitive to all
frequencies, due in part to resonances and mech-
anical limitations of structures in the outer and
middle ear, and in part to neural effects. The sensi-

tivity also tends to be a function of absolute loudness
(defined later). Contours of perceived equal loudness
were first measured by Fletcher and Munson at Bell
Laboratories in the 1930s [18.12]. The figure below
shows typical equal loudness curves as a function of
absolute level [dB sound pressure level (SPL)].

3. Resolution: The ear exhibits a curious duality with
respect to the degree it can differentiate frequen-
cies. On the one hand, certain frequency-dependent
processes, such as masking, appear to indicate
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Fig. 18.2 Critical bandwidths (upper curve) and sine-wave
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a grouping of the frequency range into somewhat
coarse sub-bands about 1/4 to 1/3 octave wide, called
critical bands. On the other hand, frequency dis-
crimination of individual sine waves on the basis of
their perceived pitch has a typical resolution limit
on the order of 1/100th of an octave, correspond-
ing to a frequency change of about 0.7%. This is
one of the cases where the underlying mechanisms
are uncertain, and a mixture of temporal and spectral
discrimination appears to be necessary to explain the
various observed phenomena.

4. Pitch: In general terms, pitch is the perceptual re-
sponse to differences in the frequency content of
a source, but it is far more complex than a simple
mapping of frequency to a perceptual scale, and can
be affected by parameters such as the loudness of
the signal, which ear it is played to, and the timing
of the signal. The perception of pitch of spectrally
complex signals is especially difficult to model, in
part because a given signal may be perceived as hav-
ing more than one pitch, and the signal itself may
or may not actually contain spectral components
corresponding to the perceived pitch [18.13].

18.2.2 Amplitude (Loudness)

Absolute Sensitivity
The total dynamic range of the human ear, that is, the
range from loudest to softest sound one can perceive, is
generally given to be about 120 dB a pressure range of
about a million to one, or a power range of about a trillion
to one. The term sound pressure level (SPL) is used to
indicate where in this range a given sound falls, with 0 dB
SPL taken as the approximate threshold of hearing at
1 kHz, corresponding to a level of about 20 µPa [18.14].
The mathematical relation between a sound pressure p
and corresponding SPL value is

Lp = SPL= 20 log(p/p0) ,

where p0 corresponds to the 0 dB SPL quoted above.
The upper limit of loudness perception is not well

defined, but corresponds in principle to the onset of non-
audible phenomena such as tingling and outright pain.
Depending on the listener, the upper limit is likely to be
in the range of 115–140 dB SPL. (Note that exposure to
such levels, especially for extended periods, can lead to
hearing loss [18.11]).

As noted, sensitivity is a function of frequency and
absolute level, with the greatest sensitivity observed in
the range 3500–4000 Hz, mainly due to resonance of
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Fig. 18.3 Equal-loudness curves as a function of frequency
and absolute level (After [18.9])

the ear canals, where the hearing threshold may actually
be slightly lower in level than 0 dB SPL. The greatest
variation as a function of frequency is at the lowest
levels, where the threshold of hearing may rise to in
excess of 20 dB SPL at high frequencies, and fully 60 dB
SPL at low frequencies.

The variation of perceived loudness with actual
sound pressure, while monotonic, is certainly nonlinear,
as can be seen from the differences in spacing between
the equal loudness curves at different frequencies. The
actual perception of a difference in loudness will gener-
ally be less than the actual difference in SPL. According
to the Sone scale of loudness perception, a difference in
SPL of 10 dB at 1 kHz is roughly equivalent to a doubling
of perceived loudness Sones= 2[(Phons−40)/10] [18.15].

Because of the variation in perceived loudness with
the actual SPL and frequency of a signal, it is a nontrivial
matter to calculate the perceived loudness of an arbitrary,
spectrally complex signal. Recent efforts using multi-
band analysis and power summation have improved
the predictability to within close to a loudness just
noticeable difference (JND) for most signals [18.16].

Resolution
The amplitude resolution of the ear is generally taken to
be about 0.25 dB under best-case conditions, although
for some situations it is considered to be slightly larger,
on the order of 0.5–1.0 dB.

Masking
The audibility of a sine wave in isolation may be mod-
ified in the presence of other spectral components. In
particular, the addition of spectral components is likely
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Fig. 18.4 Frequency Domain Masking: Curve A is hearing
threshold with no signal present. Curve B is revised thresh-
old in presence of 1 kHz tone C. Signal D, rising above
curve A but below curve B, will be audible by itself but
masked by signal C

to render an existing component less audible, a process
referred to as masking.

The basic notion of masking is that a louder sound
will tend to render as less audible or inaudible a softer
sound that would otherwise be audible in isolation. The
degree of masking will tend to depend in part on the
frequency spacing of the spectral components in ques-
tion. This gives rise to the notion of a prototype masking
curve, delineating the threshold of audibility in the pres-
ence of a sine wave of some frequency and amplitude,
as a function of frequency, as shown in Fig. 18.4.

To at least first-order approximation, the masking
effect of two or more sine waves can be calculated by
summing their respective individual masking curves.
Since, from Fourier theory, any signal can be decom-
posed into a sum of sinusoids, a composite masking
curve from an arbitrary signal can be calculated as the
sum of the masking curves of each spectral component.
This constitutes a convolution (filtering operation) of
a prototype masking curve with the signal spectrum. In
practice, the prototype masking curve used for the con-
volution is likely to vary as a function of frequency,
amplitude, or signal type (noise versus sine wave). Fur-
ther, nonlinearities in the ear may result in significant
deviations from the predicted curve at times.

Although the masking effect of a signal is, quite
logically, maximized while the signal is present, some
residual of the masking effect will extend beyond the
termination of the signal, and even slightly before its
onset. This process is referred to as temporal masking,
and typical behavior is illustrated in Fig. 18.5) [18.18].
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Fig. 18.5 Temporal masking characteristic

18.2.3 Timing

Because the transduction structure of the ear – the basi-
lar membrane and associated hair cells – functionally
resembles a filter bank, questions of timing must be con-
sidered as applying to the filtered output signals of that
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Fig. 18.6 Neural phase locking at low frequencies and lack
of phase locking at higher frequencies [18.17]
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filter bank. The brain does not see the wide-band audio
signal arriving at the ear, as it might appear on an oscil-
loscope, but instead processes the outputs of the basilar
membrane filter bank, subject to effective half-wave rec-
tification and loss of high-frequency synchrony by the
neurons (Fig. 18.6). Output neural signals from each ear
are ultimately processed by multiple areas of the brain.
So, it is not surprising that issues of timing are a little
ill-defined, and that there are a number of time constants
associated with different aspects of hearing.

For starters, there is the basic ability of the neurons
in the auditory nerve to follow the individual cycles of
audio impinging on the basilar membrane; i.e. to exhibit
phase locking. Current research seems to put the up-
per frequency of this activity at about 5 kHz, although
this seems somewhat at odds with lateralization of sine
waves on the basic of interaural time difference, which
only extends up to about 1500 Hz.

The ability to follow individual cycles of audio may
aid in pitch perception, as the effective shapes of the
basilar membrane filters appear too broad to account for
the observed pitch resolution. However, the physiologi-
cal mechanisms for how this might be accomplished are
still the subject of some debate.

Other time constants appear to apply to the aggre-
gate audio, regardless of the presence of a filter bank
at the input. Already noted are the masking time con-
stants, which substantially extend only 1–2 ms prior to
the onset of a loud sound, but continue for several tens
of milliseconds after its cessation.

Each of these may be related to a more fundamental
time constant. The short time constant of about 1–2 ms
may represent the shortest time one can perceive without
relying on spectral cues, while the post-masking inter-
val may be related to the fusion time. The fusion time
in particular seems to represent a kind of acoustic inte-
gration time, or the limit of primary acoustic memory,
typically on the order of 30–50 ms, and appears to be as-
sociated with the lower frequency limit of the audio band
(20–30 Hz). It also seems to explain why echoes are only
heard as such in large cathedral-like rooms, as they are
integrated with the direct arrivals in normal-size rooms.

Table 18.1 Summary of approximate perceptual time/amp-
litude limits

Parameter Range JND

Amplitude 120 dB 0.25 dB

Premask N/A 2 ms

Postmask N/A 30–50 ms

Binaural timing 700 µs 10 µs

On the other hand, binaural timing clearly exhibits
higher resolution, as differences of interaural timing on
the order of 10 ms may be audible.

18.2.4 Spatial Acuity

Strictly speaking, the spatiality of a sound field is not
perceived directly, but is instead derived from analysis
of the physical attributes already described. However,
given its importance to audio and electroacoustics, it is
nonetheless useful to review the processes involved.

Specification of the position of a sound source
relative to a listener in three-space requires three co-
ordinates. From the mechanisms used by the human ear,
the natural selection is to use a combination of azimuth,
elevation, and distance. Of these, distance is generally
considered to be an inferred metric, based on the am-
plitude, spectral balance, and reverberation content of
a source relative to other sources, and is not especially
accurate in any absolute sense.

This leaves directional estimation as the primary
localization task. It appears that the ear uses separate
processes to determine direction in a left/right sense and
a front/top/back sense. Given the physical placement of
the ears, it is not surprising that the left/right decision
is the more direct and accurate, depending on the in-
teraural amplitude difference (IAD) and interaural time
difference (ITD) localization cues.

Although the ear is sensitive to IAD at all audible
frequencies, as can be verified by headphone listening,
the head provides little shadowing effect at low frequen-
cies, since the wavelengths become much longer than
the size of the head, so IAD is mostly useful at middle
to high frequencies.

The JND for IAD is about 1 dB, corresponding to
about 1 degree of an arc for a front/centered high-
frequency source. As a sound moves around to the side
of the head, the absolute IAD will tend to increase, and
the differential IAD per degree will decrease, causing
the angular JND to decrease accordingly.

The ITD lateralization cue has a rather astonishing
JND of just 10 ms, for a source on the centerline between
the ears, corresponding to an angle of about 1 degree.
For signals off to one side, the ITD will typically reach
a maximum value of just 750 ms – 3/4 of a millisecond.
As with the IAD cue, the sensitivity of the ITD cue
declines as a source moves around to the side of the
head.

Also like IAD, this cue is usable at all frequencies,
albeit with a key qualification. At frequencies below
about 1500 Hz, the neural response from the basilar
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Fig. 18.7 Interaural amplitude difference as a function of
direction [18.19]

membrane remains phase locked to the bandpass-filtered
audio waveform. At such frequencies, even a modest
amount of interaural phase shift of a sine wave can re-
sult in a shift in the position of the audio image. Above
1500 Hz, neural phase synchrony is effectively lost, at
least as far as ITD perception is concerned, so the inter-
aural phase of a high-frequency sine wave has little or no
perceptual effect on its apparent position. However, the
brain can still make fairly accurate judgments of the ITD
of the envelopes of the high-frequency bandpass-filtered
signals, assuming there is sufficient variation in the fil-
tered envelopes. This will tend to make spectrally dense
high-frequency signals easier to localize than sparse sig-
nals, since the latter may only exhibit constant-envelope
sine waves after the critical band filtering of the basilar
membrane.

While localization in the horizontal direction is
firmly mediated by two strong, well-behaved cues, lo-
calization in the vertical dimension is decidedly less
well behaved. The goal of vertical localization is to dif-
ferentiate the positions of sources on locus of constant
IAD/ITD. For sources equidistant from the two ears, the
locus is a plane passing though the center of the head, re-
ferred to as the median plane. For sources off to one side,
the locus is a cone, sometimes referred to as the cone of
confusion. The best-case resolution, for front-centered
sources, is typically on the order of 5◦, which is quite
a bit less precise than the horizontal resolution of about
1◦ under the same conditions. As with horizontal local-
ization, vertical resolution appears to diminish for side
sources, although since the cone of confusion becomes

progressively narrower, the net spatial error resulting
from a vertical localization error is likely to diminish.
For sources at the side, the cone of confusion collapses
to a line.

One demonstrated vertical localization cue [18.20]
is generated by the interaction of the arriving sound and
the folds of the pinnae. The pattern of reflections off
the folds depends on the direction of arrival of a sound,
although not in any simple, monotonic fashion. One
consequence of these pinna reflections is the introduc-
tion of sharp peaks and dips in the frequency response,
which the brain can apparently learn to associate with
specific directions. Because of the size of the pinna, and
resulting reflection delays, these direction-dependent re-
sponse delays only appear at high frequencies, above
about 7 kHz, and so are less effective for low-frequency
or narrow-band signals. Vertical localization of signals
below 7 kHz may be possible on the basis of pinna cues
if the brain is performing some sort of autocorrelation of
each ear’s signal, and can detect the delays in the time
domain, but so far there is little evidence to support this
hypothesis.

A second vertical localization cue is dynamic in
nature, namely the modulation of the horizontal local-
ization cues – ITD and IAD – with movement of the
head, which will vary with the vertical position of the
source. Given a front source on the median plane, for ex-
ample, a rightward movement of the head will result in
a left ear arrival that is louder and sooner than the right
ear arrival. For a rear source, the correspondence will
be opposite, and for a top source, there will be essen-
tially no change in the ITD/IAD values. By correlating
head movement with these sonic changes, the brain can
deduce the vertical position of the source.

Finally, the presence and pattern of room echoes,
once learned, and in concert with the above cues, can
reinforce the vertical position of a source, especially
whether in front of or behind the listener.

Even so, the vertical localization cues tend to be
somewhat individual, like fingerprints, and, for example,
playing a recording made with microphones placed in
the ear canals of one subject may not result in good
vertical localization for another listener.

18.3 Audio Specifications

With the basic limits of auditory resolution now re-
viewed, consideration can be given to the requirements
for high-quality audio systems in terms of those lim-

its. While individual audio components can be expected
to exhibit correspondingly individual performance re-
quirements, as will overall systems, there are some
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specifications that can be expected to apply to all ele-
ments of the signal chain. Some of these are considered
traditional audio specs that have been used as general
metrics for many years. Happily, in at least some cases,
modern audio systems are of such high quality as to ren-
der some specifications moot. In other cases, complete
fulfillment of some of the requirements is something that
may never be completely realized.

18.3.1 Bandwidth

It is reasonably evident that, given the nominal
20–20 kHz range of human hearing, it will be desirable
for audio systems with aspirations to sonic accuracy
to support at least that frequency range. Since an au-
dio signal may pass through any number of processors
on its way from acquisition to ultimate reproduction,
it is generally advisable for each processor to have
a wide-enough pass band to avoid progressive bandwidth
limitation.

For most audio devices during the formative years of
audio development, this requirement was daunting, and
rarely achieved outside the laboratory, if then. There
were too many mechanical vibrating structures in the
chain, and it is very difficult to make them respond
consistently over a 1000:1 frequency range. Grooved
disc recordings were limited by large-diameter, low-
compliance styli, and slow inner-groove velocities of
constant-RPM discs. Optical media, like film, and mag-
netic media, were both limited by linear speed, and the
size of the effective apertures used for recording and
playback. The linear speed of such media was chosen
as a compromise with playing time, and the smallness
of the apertures was limited by high noise levels and di-
minishing signal level. Broadcast media were limited by
bandwidth constraints and noise.

Not counting a straight piece of wire, amplifiers are
the audio component that have probably had the eas-
iest time achieving full audio bandwidth, particularly
small-signal amplifiers, thanks in part to the relatively
low mass of the electron. Power amplifiers have had
a slightly harder time, partly because devices that handle
high powers often come at the expense of compromises
in other parameters, and partly because loudspeaker sys-
tems often exhibit ill-controlled, non-resistive loads. The
response and linearity of amplifiers of all sorts was ma-
terially improved by the invention of negative feedback
by Harold Black of Bell Laboratories, on August 2,
1927 [18.21].

An early recording system with fairly wide band-
width was demonstrated on April 9–10, 1940, by Harvey

Fletcher of Bell Laboratories, and conductor Leopold
Stokowski. This employed three optical audio tracks
on high-speed film, with a fourth track for a gain
control signal, apparently implementing a wide-band
compressor/expander for noise reduction, and possess-
ing a frequency response of about 30–15 000 Hz.

It was probably not until the mid-1950s that such
a bandwidth became commonplace in consumer media,
with improvements such as the long-play record, com-
mercial FM broadcasting, and refinements in magnetic
tape, heads, and circuits.

As with a number of other basic audio specifica-
tions, the question of full-bandwidth frequency response
was, to a great extent, rendered moot with the commer-
cial introduction of digital audio in 1982. As discussed
in a subsequent section, the bandwidth of a digitally
sampled signal is largely dependent on the sampling
rate chosen, which must be at least twice as high as
the highest audio frequency of interest. Thus, con-
veying a bandwidth of 20 kHz requires a sampling
frequency of at least 40 kHz. Current standard sam-
pling frequencies in common use for full-bandwidth
audio systems are 44 100 Hz and 48 000 Hz, depend-
ing upon the medium. Sometimes, a slight reduction
in high-frequency response is tolerated, and a sampling
frequency of 32 000 Hz is used to reduce the data rate
slightly. Audio perfectionists, on the other hand, often
prefer sampling rates of 96 000 Hz or more, to support
an effective bandwidth in excess of 20 kHz and thereby
provide additional safety margin to avoid alias distor-
tion, preserve harmonics above 20 kHz, avoid possible
intermodulation distortion, and mitigate possible filter
distortion.

Once converted to digital representation, an audio
signal tends to maintain its bandwidth unless explic-
itly limited by some digital signal processing (DSP)
operation.

Despite the advances of digital audio, full-range
audio systems are still the exception. The chief cul-
prits for this situation are the transducers, especially
loudspeakers. At low frequencies, naturally occur-
ring combinations of mass and compliance lead to
a fundamental resonance for most typical loudspeaker
drivers that falls well inside the audio band, impart-
ing a high-pass characteristic that usually rolls off at
lower frequencies at a rate of at least 12 dB per octave.
At high frequencies, a similar fundamental resonance
leads to a similar roll-off, with a lowpass characteristic.
Some of these roll-offs can be partially mitigated with
electronic equalization, but the steepness of the charac-
teristic makes it difficult to extend the response very far
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with equalization, without incurring unduly high-power
requirements.

In general, most musical and speech energy is con-
centrated in a subset of the audio band, say from 100 Hz
to 10 kHz, allowing the majority of audio signals to be
satisfactorily reproduced with modestly compromised
system bandwidth, to the benefit of size, cost, and
bulk.

18.3.2 Amplitude Response Variation

From the basic amplitude acuity of the ear, it is logi-
cal to require that the pass-band deviation in frequency
response be less than an amplitude JND, say within
±0.25 dB of flat. Of course, this is the desired net re-
sponse of an entire signal chain, and if deviations are
known to exist in one part of the chain, it may be possi-
ble to apply compensating equalization elsewhere in the
chain.

As with the quest for full audio bandwidth, early
audio systems for many years had trouble meeting this
requirement, in part from mechanical limitations. Am-
plifiers again have traditionally had the easiest time
meeting this specification, and modern-day DSP is
limited only by the precision of the analog/digital
converters, which is generally quite good in this re-
gard, plus any deliberate signal-processing spectral
modifications.

The worst offender is many cases is the listen-
ing room, where echoes and resonances are likely to
make nearly any sine-wave frequency response plot
a jumble of peaks and dips covering many dB. The three-
dimensionality of the room and the fact that echoes arrive
from diverse directions work to reduce the audibility of
many of these measured deviations.

After rooms, loudspeakers have the hardest time
meeting this flat-response requirement, being mech-
anical devices and having to handle a lot of power and
move a lot of air. In order to cover the bulk of the au-
dio band, loudspeaker designs typically employ multiple
drivers, each optimized for a portion of the audio band,
but this in turn introduces potential response deviations
from required crossover networks.

In considering reasonable values for most audio
specifications based on psychophysical performance, it
is prudent to consider both monotic and dichotic perfor-
mance; that is, each ear considered in isolation, and then
the binaural performance of the two ears together. In the
case of amplitude response variation, similar JNDs ap-
ply, so there is no compelling reason to differentiate the
situations in this case.

18.3.3 Phase Response

In the course of passing through an audio component, an
audio signal may encounter delays, which may be fre-
quency dependent, and may therefore be categorized as
either frequency-dependent time delays, group delays,
or phase shifts. It is therefore prudent to establish pre-
ferred perceptual limits on the allowable deviations of
these quantities.

Of course, a pure wide-band time delay will be man-
ifested as a linear change in phase shift proportional to
frequency, so to separate the effects of time delay and
phase shift, so the latter (“frequency-differential single-
channel phase shift”) may commonly be understood
to represent the deviation from a linear-with-frequency
phase characteristic.

It is a little difficult to be completely definitive
about a phase-shift specification, in part because there
are multiple neural timing mechanisms involved. For
a sound channel considered in isolation, phase percep-
tion is rather weak. There does not seem to be an explicit
means of comparing the fine-grain phase or timing of
signals at significantly different frequencies (more than
a critical bandwidth), at least for steady-state signals.
This is sometimes used as the basis of a claim that the
ear is virtually phase deaf, although that is probably
an overstatement. Still, if one constructs a steady-state
signal with widely space spectral components that are
in slow precession, say a combination of 100 Hz and
501 Hz (360◦ per second relative phase precession), the
resulting percept is almost entirely constant.

So under what conditions are phase shifts audible?
There seem to be at least three such mechanisms: fusion
time, transient fusion time, and critical band envelopes.

As noted earlier, fusion time refers to the audio event
integration time of the ear, generally in the range of
20–50 ms. Separate audio events that occur farther apart
than the fusion time will generally be heard as separate.
If a spectrally complex signal is put through a system
where some frequencies are phase- or time-shifted by
more than the fusion time, the signal may temporally
defuse, rendering the phase shift quite audible. (A 20 ms
phase delay at 30 Hz corresponds to 216 degrees of phase
shift, not an unrealistically large value.) This can occur,
for example, if a sharp pulse is passed through a third-
order, 1/3-octave filter bank tuned for flat magnitude
response. What starts out as a click will emerge as a
“boing”, quite audibly distinct from the source.

Transient fusion time refers to the shortest interval
the ear can differentiate temporally, as exemplified by
the premasking interval of about 1–2 ms. If a sharp tran-
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sient, shorter than the transient fusion time, is passed
through an audio channel where the high-frequency
phase shift exceeds the transient fusion time, the out-
put signal may sound audibly time-smeared compared
to the source. Although the effect can be subtle, it is of-
ten manifested as the difference, e.g., between a sharp
strike with a hard mallet, and a wire-brush mallet hit.

Critical band envelopes come into play with regard to
the audibility of phase shifts with steady-state spectrally
dense signals, more specifically signals in which two or
more significant signal components fall within a com-
mon critical band. Since the basilar membrane filter bank
will be unable to segregate these signals into separate
bands, they will beat with one another, and the pattern
of beats may be quite audible, for example, a complex
composed of equal parts 500 Hz and 501 Hz, which can
be considered the 500th and 501st harmonic of a 1 Hz
pulse train. These two spectral components are certainly
within a critical band of one another, and the instan-
taneous phase relation between them will certainly be
audible; indeed the signal will cancel altogether once per
second. Compare that to the earlier example of 100 Hz
and 501 Hz, the 100th and 501st harmonic of a 1 Hz
pulse train, where the phase relation remained virtually
inaudible because of the wider frequency spacing.

So, it can be safely hypothesized that keeping
frequency-differential single-channel phase shift un-
der 1 ms is probably pretty inaudible, assuming small
changes over the width of a critical band, and in practice,
with most non-transient music, speech or other natural
sounds, it can be expected that phase shifts correspond-
ing to frequency-differential time shifts much under the
fusion time of 20–50 ms (at least at low frequencies) will
be fairly benign, if not almost totally inaudible under
most conditions.

Once again, amplifiers have the easiest time meeting
this requirement, with multi-driver loudspeaker sys-
tems being one of the more problematic components.
Although sharp resonances, the bane of mechanical
acoustic components, may exhibit audible amounts of
phase shift, they will often be rendered insignificant
compared to the amplitude deviations introduced by
such resonances. And, again, with DSP systems, audi-
ble phase shift is not likely to be an issue as long as the
signal remains in the digital domain, unless such phase
shift is purposely introduced with signal processing.

As can be readily gleaned from binaural psy-
chophysics, dichotic phase shift – the phase shift
between a pair of channels – can be more audible at lower
delay levels than monotic phase perception. A timing
difference of even a single sample at 48 000 Hz sam-

pling, about 20 µs, is twice the JND of this parameter.
Of course, the perceptual metric for binaural phase dif-
ference is a change in apparent image position or width,
rather than the spectral or amplitude change associated
with monotic phase shift. It is possible for audio sys-
tems to have audible amounts of monotic phase shift
and still meet the dichotic (interchannel) phase require-
ment, as long as all channels have the same amount of
phase shift.

As usual, amplifiers and digital signals have the
easiest time with this specification. In the past, some
multichannel analog recording media, such as magnetic
tape recorders or optical film recorders, tended to exhibit
small amounts of interchannel timing error, owing to
misalignment of the recording and playback apertures.
Real-world rooms and loudspeakers have the hardest
time, since differential timing of 10 µs corresponds to
a path-length difference of only about one eighth of an
inch, and few listeners are willing or able to hold their
heads that still. This effect is somewhat mitigated be-
cause the plethora of echoes in a typical room leads the
brain to discount timing information in favor of first-
arrival amplitudes, which are somewhat better behaved.
Still, it can be readily appreciated that the virtual imaging
of stereo reproduction is likely to be fairly sweet-spot
dependent, since listener positions near a loudspeaker
will tend to receive sound both sooner and louder from
the near loudspeaker, resulting in spatial distortion of
the sound stage.

18.3.4 Harmonic Distortion

The presence of nonlinearities in the transfer function
of an audio device or system is likely to have the effect
of introducing new, spurious spectral components. For
a single isolated sine wave, the nonlinearity will result in
a new waveform with the same periodicity as the original
signal, which can then be expressed via Fourier analy-
sis as a sum of the original sine wave plus harmonics
thereof [and perhaps a direct-current (DC) component].
For more spectrally complex signals, each discrete spec-
tral component will be subject to such spurious harmonic
generation. This process is referred to as harmonic dis-
tortion, and the power sum of the generated harmonics,
divided by the power of the original signal, is referred
to as total harmonic distortion (THD), usually expressed
as a percentage.

The limit of acceptable quantities of THD is the
point at which the generated harmonics become audible.
In part, this may be signal dependent, since distortion
products of a low-level signal may themselves fall be-
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Fig. 18.8 Sine wave with crossover distortion (http://www.
duncanamps.com/technical/ampclasses.html)

low the threshold of hearing, rendering them inaudible.
For higher-level signals, the distortion products will be
inaudible if they are masked, rendering the effect of
harmonic distortion decidedly signal dependent. (The
amplitude dependency may by further emphasized by
nonlinearities that are themselves amplitude dependent,
such as clipping.) For example, a wide-band noise signal
may mask all harmonic distortion components of a mod-
erate level. Harmonic distortion may therefore be most
audible with spectrally sparse signals, with minimal
masking components, such as a single sine wave.

For a sine-wave signal, the maximum acceptable
amount of harmonic distortion can be deduced from
the masking curve of that sine wave. From the masking
curve shown in Fig. 18.4, it may be deduced that, since
the masking level for a 1 kHz tone is around −35 dB at
2 kHz, the tolerable amount of second-harmonic distor-
tion is about 2%. By 3 kHz, the masking curve is down
around 50 dB, or about 0.3% third-harmonic distortion.
Higher-order harmonics would benefit from even less
masking, making them even more likely to be audible,
until their amplitude falls below the threshold of hearing.
Thus, the audibility of harmonic distortion will depend
on the order of the distortion, with low-order distortion
generally being less audible than high-order distortion.

Low-order harmonic distortion is generally asso-
ciated with smooth, gentle nonlinearities, such as the
typical onset of clipping of a vacuum-tube amplifier or
a loudspeaker driver. High-order harmonic distortion, in
contrast, is likely to result from sudden, sharp nonlinear-
ities, such as the crossover distortion of an improperly
designed solid-state power amplifier.

Among more traditional audio devices, playback of
grooved media was probably fraught with the greatest
amount of high-order THD, caused by sharp mistrack-
ing of the stylus. In the age of digital audio, low-level
undithered digital signals will likely exhibit stair-step
behavior which will also tend to be rich in high harmonic

content, rendering them highly objectionable from the
perspective of THD. Although this can lead to a desire
for very high quantization accuracy (say 32-bits per sam-
ple), proper use of dither to spread the harmonic energy
out as noise is generally the preferred solution.

18.3.5 Intermodulation Distortion

Intermodulation (IM) distortion results when two or
more spectral components interact with a nonlinear-
ity. The resulting distortion products will tend to be
generated at sums and differences of the original spec-
tral components. For even low-order IM distortion,
these distortion products may be far in frequency from
the source signal components, and may in fact be
much lower in frequency. Since masking tends to be
most effective when the signal to be masked is higher
in frequency than the masker, having IM distortion
products lower in frequency than the generating com-
ponents renders them more likely to be audible, in
turn making IM distortion potentially more bothersome
than THD.

Serious IM distortion tends to be associated with
sharp nonlinearities, and was a problem with analog
grooved recordings when the stylus mistracked, as well
as with poorly designed power amplifiers exhibiting
crossover distortion. It can also show up with low-level
signals and digital converters. Loudspeakers usually
have less trouble with IM distortion, in part because
any nonlinearities are usually more gentle (associated
with maximum output limiting), and in part because IM
distortion products located outside the range of a driver
will tend not to be radiated.

Although the theoretical audible limit of IM distor-
tion is a miniscule fraction of 1%, a value of 0.1% IM
distortion or less is usually pretty safe.

18.3.6 Speed Accuracy

Considerations of speed accuracy encompass both ab-
solute accuracy and dynamic variations, sometimes
subdivided into slow variations called wow and faster
variations called flutter. Except in extreme cases, tim-
ing error is usually perceived as an error in pitch, rather
than time. Unless it is drastically in error, absolute speed
accuracy is likely to be of concern mostly to folks with
absolute pitch.

Speed variations such as wow and flutter are likely
to be audible to anyone with normal pitch perception.
Given a pitch JND of 0.7%, which would correspond to
peak-to-peak just-noticeable speed variation, the cor-
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responding root-mean-square (RMS) speed variation
would be about 0.25%. Since speed variation may be
cumulative, a preferred figure of 0.1% is likely to be
specified [18.22]. There may also be cases in which
cancellations from room echoes cause amplitude varia-
tions resulting from flutter that may require still lower
limits of flutter to be rendered inaudible.

The analog mechanical and electromechanical
recording devices of the past all have had to contend with
speed accuracy. Turntables, tape drives of all stripe, and
film projectors all fought off the effects of speed varia-
tion, usually with large flywheels and elaborate bearings.
Getting a small lightweight tape drive like the Sony
Walkman r© to have low flutter was a good engineer-
ing trick. Properly designed and maintained equipment
was generally able to meet the required speed accuracy
specification.

In the age of digital audio, speed errors of all sorts
are mostly a dead issue. Sampling clocks controlled by
quartz oscillators provide speed accuracy and steadiness
far in excess of what the ear can hope to detect.

18.3.7 Noise

Noise is a first cousin to distortion in its characteris-
tics and considerations. It is a random signal, hopefully
low in level, that gets tacked onto an audio signal in
the course of almost any processing, analog or digital,
and it is generally cumulative in nature. It often sounds
like a hiss. Noise will be inaudible if it is either be-
low the threshold of hearing, or masked by the audio
signal.

Sources of Noise
Noise sources include:

Acoustical: Random fluctuations of air molecules
against the eardrum or a microphone dia-
phragm

Electrical: Tiny fluctuations of electrical charge in
analog electronic circuits from discrete
electrons

Mechanical: Surface irregularities of grooved media
Magnetic: Irregularities of magnetic strength from

discrete magnetic particles in recording
tape

Arithmetic: Random errors from DSP quantization of
numerical signals to discrete values.

There are other common spurious signals, such as hums
and buzzes, that can corrupt an otherwise pristine au-

dio signal, and although strictly speaking they may
not be considered noise, they are generally at least as
undesirable.

In any case, the level of noise can be considered
as a function of frequency, giving rise to the notion
of the spectrum or spectral density of the noise. If the
value of an audio noise signal at any point in time is
uncorrelated with the value of the noise at any other
point in time, the signal is an example of what is called
white noise. Spectrally, white noise is said to be flat in
a linear frequency sense. That is, in essence, the output
energy of a bandpass filter of bandwidth B Hz. supplied
with white noise, will be the same regardless of the
center frequency of the filter (providing, of course, that
the pass-band of the filter is substantially within the
audio band).

Because the filters on the basilar membrane are ap-
proximately logarithmic (not linear) in center frequency
and bandwidth, and because they tend to integrate the
signal energy within each pass-band, white noise will
likely be perceived as having a rising high-frequency
spectrum, even though it is flat on a linear frequency
basis. In other words, as the center frequency of each
effective basilar membrane bandpass filter increases,
so too does its bandwidth, roughly in proportion, ergo
the total filtered energy of a white-noise source will in-
crease with frequency, leading to the bright, top-heavy
perception. For each successive octave, or doubling of
center frequency, the bandwidth will double, ergo so too
will the bandpass white-noise signal energy, leading to
a characteristic spectral rise of 3 dB per octave.

Note: dB= 10 log (ratio of power)= 20 log (ratio of
amplitude).

If white noise is processed with a filter having a con-
stant roll-off characteristic of −3 dB per octave, the
output noise will have constant energy per octave, or
fraction thereof, and will sound flatter to the ear. Such
a signal is referred to as pink noise.

Although many forms of noise are independent of
the presence of an actual signal, there are mechanisms
whereby noise, or noise-like artifacts, are signal de-
pendent. The most common such behavior is for the
level of the noise to be roughly proportional to signal
level. This type of artifact can be especially pernicious,
as the dynamic behavior tends to call attention to the
noise.

Although there are numerous ways of dynamically
suppressing noise if it is unavoidable, it is by far prefer-
able to avoid it in the first place as much as possible via
proper low-noise design, proper shielding and ground-
ing, etc.
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18.3.8 Dynamic Range

Dynamic range is the amplitude range from the largest
to the smallest signal an audio device or channel can
handle. In cases where there is no minimum signal, other
than zero level, the minimum useable level may be taken
as the noise level of the channel.

If the noise level of the channel is substantially inde-
pendent of signal level, the dynamic range of the channel
may alternately be referred to as the signal-to-noise ra-
tio (SNR). If the noise is signal dependent, the audibility
of the noise will depend on the instantaneous signal-to-
noise ratio, which is likely to be quite different from the
dynamic range.

Since both the noise level and the overload point of
a channel are likely to be functions of frequency, so too
will the dynamic range. A common characteristic of the
noise of traditional analog recording systems has been
rising noise levels at the ends of the audio band, cou-
pled with diminishing maximum signal levels, a double
whammy that tends to limit the resulting dynamic range,
in some cases rather severely.

Historically, unadorned analog channels have tended
to have overall dynamic-range specifications on the or-

der of 45–60 dB. This is true of such media as FM stereo,
grooved records, optical film soundtracks, and magnetic
tape. Perhaps the most limited hi-fi medium in this re-
gard has been cassette tape, which manages about 55 dB
at midband and on the order of 30 dB dynamic range at
high frequencies.

Happily, DSP systems usually have flat over-
load characteristics and flat, or at least white, noise
floors. The dynamic range of a DSP system is largely
a question of the number of bits used to repre-
sent the signal. A rough rule of thumb is that each
additional bit in the representation of sample val-
ues adds 6 dB to the dynamic range. The common
16-bit format used on digital compact discs yields
a theoretical dynamic range of 96 dB. In practice,
the combined effect of real-world imperfections and
converter noise limits the practical attainable dy-
namic range with 16-bit audio to a little short of
96 dB, perhaps about 93 dB. A 24-bit converter can
approach 144 dB dynamic range, which not only al-
lows coverage of the full human auditory dynamic
range, but allows margin for error in setting record-
ing levels and subsequent mixing and processing
operations.

18.4 Audio Components

With the common audio specifications now delineated,
consideration can be given to some of the common au-
dio components, their typical specifications, and specific
characteristics and limitations.

18.4.1 Microphones

For any acoustical recording, the type, pickup pattern,
position, and characteristics of the microphone are likely
to have the greatest effect on the resulting quality of
the recording. A microphone is, of course, an analog
transducer, generally used to convert acoustic signals to
proportional electrical signals. It is the functional analog
of the eardrum in the human auditory system.

The term microphone was coined by Sir Charles
Wheatstone in 1827, although at that point it referred
to a purely acoustical device, such as a stethoscope. Its
start as a transducer was pretty much coincident with
Bell’s invention of the telephone. Bell’s initial transmit-
ter used a vibrating needle connected to a diaphragm
and immersed in an acid bath to implement a variable
resistance responsive to acoustic waves [18.23]. This

was followed in short order by more practical, rugged
designs by Bell, Edison, Berliner, Hughes, and others.

Common to virtually all microphones ever made is
a diaphragm. Most microphones do not directly sense the
instantaneous pressure deviations of an airborne acoustic
wave. Instead, the sound waves impinging on a dia-
phragm cause movement of the diaphragm, and it is this
movement that is sensed and converted to an electrical
audio signal.

The methods used for the mechanical-to-electrical
transduction are many and varied. Bell’s telephone
patent seems to describe an odd type of electromagnetic
microphone, in which the diaphragm was mechanically
coupled to an armature in a magnetic circuit. Acoustic
vibrations caused vibration of the armature, in turn in-
ducing changes in the reluctance of the magnetic circuit,
which induced a dynamic current in a coil of wire.

Later dynamic microphones simply attached a fine
coil of wire to the diaphragm, and suspended it in
a magnetic field. Movement of the diaphragm induces
a voltage in the coil of wire, presumably proportional
to the velocity of the diaphragm, and said voltage can
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then be amplified as necessary. Dynamic microphones
do not require an external source of power. Their pop-
ularity was limited prior to World War II by a lack of
powerful permanent magnets.

Many early telephone transmitters used carbon in
one form or another, typically carbon granules coupled
to the diaphragm such that vibration of the diaphragm
would dynamically squeeze the granules, causing a vari-
ation in resistance that could be electrically sensed by
an applied voltage. This arrangement could be scaled up
in size and voltage enough to produce a sizeable signal,
of particular importance prior to the advent of electrical
amplification.

Another type of self-generating microphone is the
crystal microphone, based on the piezoelectric effect
discovered by the Curies in 1880. Here, the diaphragm
constricts a thin crystal made of Rochelle salt, ceramic,
or similar material, directly producing a voltage. The
low compliance of the piezoelectric element typically
limits the performance of such a microphone, especially
the extent of its frequency response.

Indeed, the performance of most of the microphone
types mentioned so far is somewhat limited by the need
to attach some object or structure to the diaphragm to
detect its motion, increasing the mass of the moving
elements, which in turn tends to limit the high-frequency
response.

Two types of microphones avoid any mechanical
attachment to the diaphragm: the ribbon microphone
and the condenser microphone.

A popular variant of the dynamic microphone, the
ribbon microphone, uses a thin metal ribbon diaphragm
suspended in a magnetic field. Movement of the dia-
phragm induces a current in the diaphragm, which can
then be amplified. In effect, the diaphragm acts as
a single-turn moving coil. The ribbon microphone was

Output

Diaphragm
Backplate

Fig. 18.9 A condenser microphone consists of a very thin
diaphragm suspended parallel to a backplate (After [18.24])

Output

Diaphragm

Magnet
Voice coil

Magnet

Fig. 18.10 A dynamic microphone uses a coil of wire at-
tached to a diaphragm, suspended in a magnetic field
(After [18.24])

developed by Schottky and Gerlach in 1923, and consid-
erably refined by Harry Olsen of RCA in 1930 [18.26].

The condenser microphone is based on the notion
of electrical capacitance. A metal, or other conducting,
diaphragm is placed close to a second, fixed conducting
plate, forming a capacitor, and a polarizing voltage is
applied between the plates. Movement of the diaphragm
causes alterations in the capacitance, in turn causing cor-
responding alteration of the charge on the plates, which
is converted to a dynamic voltage by a resistor, and
amplified as necessary. The invention of the condenser

Single-button
carbon microphone

Double-button
carbon microphone

Fig. 18.11 A carbon microphone (After [18.25])
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Directly actuated type

Diaphragm type

Fig. 18.12 Piezoelectric microphones (After [18.29])

microphone is generally credited to E. C. Wente of Bell
Laboratories, in 1917 [18.27]. A popular modern variant
is the electret condenser microphone, perfected in 1962
by Sessler and West of Bell Laboratories [18.28]. An
electret is an object possessing a permanent electrostatic
charge, making it rather like the electrical analog of the
permanent magnet. Use of an electret to polarize the ca-
pacitor in a condenser microphone eliminates the need
to supply a polarizing voltage for the capacitor. Since
electret condenser microphones are used almost univer-
sally in cell phones, as well as other applications, they
are probably the most popular type in current use. The
diaphragm of electret condenser microphones is usually
made of a thin sheet of flexible plastic which has had
a metal coating deposited on it, a notably lightweight ar-
rangement that permits good sensitivity and frequency
response. Such microphones also usually exhibit good
sample-to-sample consistency, making them practical
for multi-microphone arrays.

A more recent variant of the condenser micro-
phone is the silicon microphone. This is a microscopic
condenser microphone constructed using micro electro-
mechanical system (MEMS) technology. The required
electrostatic polarizing field is provided by a charge
pump, and the diaphragm can be free floating, being
held in place by electrostatic attraction.

In recent years, the motion of a diaphragm has been
measured using optical means, including laser interfer-
ometry, which may in time become a practical alternative
to the capacitor microphone.

Microphone Dynamic Range
The noise level of a microphone is limited by Brownian
motion of air molecules impinging on the diaphragm.

Of course, it can be further limited by electrical noise of
the amplification which follows it, but even discounting
those effects, the so-called self-noise of a microphone
is likely to be 10–20 dB higher than the threshold of
hearing [18.30]. Lower self-noise is possible with larger
diaphragms, say on the order of one inch, but this comes
at a price of making the microphone more directional at
high frequencies.

The loud signal limit of a microphone is often set by
the maximum signal capacity of the associated pream-
plifier. Using large rail voltages can be of some aid in
this regard. Eventually the diaphragm will reach the lim-
its of its travel, and experience soft clipping. There has
been some work on using force feedback to linearize the
characteristics of the diaphragm [18.31, 32]. With a lit-
tle effort and care, it is possible to make microphones
that can handle high-level signals about as well as the
human ear can.

Finally it should be noted that there has been some
work on creating a microphone that does not require
a diaphragm. Blondell and Chambers did some work on
a flame microphone in 1902 and 1910 [18.23]. More re-
cent efforts have used lasers to detect index of refraction
changes due to acoustic pressure waves [18.33].

Microphone Pickup Pattern
Interacting with a real, three-dimensional sound field,
a microphone is an audio device inextricably tied to
spatial considerations. Immersed in the sound field, the
microphone responds to the sound at essentially just one
point, so its output represents a spatial sample of the
total sonic event. This is not to say that it necessarily re-
sponds equally to sounds arriving from all directions; on
the contrary, most microphones exhibit some directional
bias, whether or not intended, and it is probably not pos-
sible to specify a single universally preferred pickup
pattern.

The simplest arrangement is to put a sealed cham-
ber behind the diaphragm, allowing only a slow leak for
stabilization of quiescent atmospheric pressure. With
short-term pressure behind the diaphragm fixed, the mi-
crophone responds to the sound pressure at the front of
the diaphragm. Since pressure is a spatial scalar, it might
be expected that a pressure microphone might respond
equally to sound from all directions, and indeed this
might be the case if the diaphragm had zero dimension.
As it is, a finite-dimension diaphragm will spatially in-
tegrate the sound pressure across its surface. This will
tend to increase output for normal-incident waves and
waves with long wavelength, but will have less boosting
effect for random incidence sounds, such as Brownian
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Fig. 18.13 Omnidirectional microphone pickup pattern.
Note the slight attenuation of sounds arriving from the rear
(After [18.35])

noise, and may reduce response to sounds with oblique
incidence and wavelengths shorter than twice the diam-
eter of the diaphragm. The resulting pickup pattern may
therefore become directional at high frequencies, while
remaining omnidirectional at lower frequencies. To re-
main omnidirectional up to 20 kHz, a diaphragm will
have to have a maximum diameter of half the wavelength
at the upper frequency limit, or about 8 mm. Whether by
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Fig. 18.14 Bidirectional microphone pickup pattern, typi-
cal of an open-back ribbon microphone (After [18.35])
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Fig. 18.15 Cardioid microphone pickup pattern, obtained
by combining omnidirectional and bidirectional pickup
patterns (After [18.35])

accident or design, this happens to be the approximate
diameter of the human eardrum [18.34]. The fact that
the eardrum is so small, and is coupled to the structures
of the inner ear, and yet the ear still manages to exhibit
a maximum sensitivity of 0 dB SPL or better has to be
considered impressive performance, especially consid-
ering that quiet sounds just fade into perceived silence,
rather than some inherent background perceptual noise.

More elaborate microphone pickup patterns
(Figs. 18.13–18.15) can be achieved by increasing the
number and complexity of acoustic paths to the dia-
phragm. For example, simply opening the back surface
of the diaphragm to the atmosphere, the arrangement
used in the classic open ribbon microphone, results in
a microphone sensitive to the difference between front
and back pressure, so sounds arriving from the side
produce no response, and the pickup pattern usually
resembles that of Fig. 18.8, albeit with the front arrival
signal of opposite phase to the rear arrival signal.

If a pickup pattern as in Fig. 18.8 is summed appro-
priately with an omnidirectional pickup pattern, the rear
arrival sound can be made to cancel, producing a cardioid
front-directional pickup pattern.

With more elaborate channeling of the audio reading
the diaphragm, more specialized or directional pickup
patterns may be obtained.

Greater flexibility in the choice of pickup pattern
can be obtained by using arrays of microphones, typi-
cally arranged in fixed physical orientations, where the
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effective pickup pattern of the array is dependent on
how the individual microphone signals are electrically
summed. By recording the individual signals, the array
can be effectively focused and oriented after the fact by
postprocessing the recorded signals. The large-volume
low-cost manufacture of certain types of microphones
has made this approach especially attractive.

18.4.2 Records and Phonograph Cartridges

Although by now semi-obsolete, the phonograph car-
tridge has historically played a key role in sound
reproduction, and is fairly close to a microphone in many
aspects of operation. As with a microphone, the intent
is to act as a transducer for acoustical vibration, in this
case the vibration originating from a stylus following
the undulations of a groove, rather than a diaphragm
responding to vibrations in air.

Although early phonographs employed direct
mechanical-to-acoustical transduction, the advent of
electronic amplification made the electromechanical
phono cartridge the default device for record playing.

Most of the methods of transduction used for mi-
crophones have been tried for phono cartridges as well,
with piezoelectric and magnetic being the two most pop-
ular. Whereas most magnetic microphones have been of
the moving-coil type, the magnetic cartridge design has
employed both moving magnet and moving coil designs.
Perhaps the use of a cantilever design of the stylus to re-
duce the effective mass of the coil or magnet seen by the
stylus tip, coupled with the lack of a diaphragm, led to
the preference of magnetic transduction for phonograph
cartridges, while the use of capacitive transduction in
condenser microphones has tended to be preferred in
that transducer.

Despite the popularity of the grooved phonograph
record for well over half a century, it has always been
a difficult medium with which to achieve full fidelity.

For one thing, the stylus assembly is fraught with
high-frequency resonance problems, much like the mi-
crophone, which have tended to limit the high-frequency
response. In many cases, the high-frequency resonance
has been underdamped, resulting in a serious peak in
the mid-high-frequency response. The material used to
mount the stylus in a way to secure it but still allow
it to vibrate, often little bits of rubber, can sometimes
degrade with age, impairing the characteristics of the
cartridge. Then there is the need for the cartridge to drag
a tonearm across the record with it.

In theory, the tonearm should provide a rock-stable
platform for the cartridge at audio frequencies, so that

only the stylus vibrates. Below the audio band, the ton-
earm should move as freely as possible, to follow the
slowly spiraling groove and miscellaneous movements
induced by the rotating disc, including horizontal eccen-
tricity and vertical warp. In practice, this behavior cannot
be achieved perfectly (since a perfect brick-wall filter
is impossible), but at least the cartridge and tonearm
should be matched, and the low-frequency resonance
peak resulting from the compliance of the stylus and
the effective mass of the tonearm should be properly
damped, to avoid a peak either in the low-frequency au-
dio response, or in the subsonic region where a resonance
could make the system overly sensitive to record warp.
Even in the best arrangement of properly damped res-
onance centered an octave or so below the audio band,
the system is only second order, so some low-frequency
tonearm vibration and some subsonic stressing of the
stylus from pulling the tonearm is inevitable [18.36],
which can lead to distortion and uneven frequency re-
sponse. To avoid the build up of acoustic traveling waves
in the tonearm, it is desirable to have its construction
and material chosen to damp out such vibrations; not all
tonearms have done this well.

Another problem that has hampered record play-
back, although not strictly the province of the phono
cartridge, is that the playback stylus usually does not
exactly follow the same path and orientation as the cut-
ting stylus. This is because discs are cut on a cutting
lathe, in which the cutter slowly traverses a straight-
line path from the outer grooves to the inner grooves.
The playback cartridge, in turn, is usually mounted on
a pivoted arm, so its path is an arc. (The longer the
tonearm, the smaller the disparity between record and
playback orientations.) In order to minimize the path
mismatch, a right dogleg bend has often been incorpo-
rated into the shape of the tonearm. The cartridge has to
be carefully mounted on the tonearm so that the stylus
is a specified distance from the pivot if this feature is to
be properly exploited. Unfortunately, the bent tonearm
traversing an arc results in a steady-state force from fric-
tion between the moving record groove and stylus tip,
one which does not pull straight down the length of the
tonearm, but instead generates a sideways force, called
the skating force, which pulls the stylus tip against one
or the other of the groove walls, which is another poten-
tial source of distortion. The skating force varies with
groove speed and stylus tip size and shape, among other
things, making it challenging to fully compensate.

At various times straight-line tracking tonearms have
been produced, usually with the back of the tonearm
mounted via bearings to a platform intended to move
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in a straight line to follow the front of the arm (and the
stylus). Since the stylus cannot be expected to drag the
rear platform along with it, some sort of servo is used to
insure that the platform follows the slow movements of
the stylus/cartridge combination. Although this should
mitigate skating-force problems, assuming the cartridge
is mounted precisely, it still leaves the other difficulties
of disc playback.

Another issue with phono cartridges is the shape
of the stylus tip. The cutting stylus is chisel-shaped,
with sharp corners, so it is capable of inscribing very
fine undulations. But the traditional stylus tip shape is
round, so the points of contact with the groove walls
vary with the curvature of the groove. A round stylus
will therefore follow a slightly different path than the
cutting stylus, another source of distortion. In the 1960s,
elliptically shaped styli became popular to reduce the
tracing error, by more closely approximating the shape
of the cutting stylus. The smaller stylus tip radius of
curvature at the point of contact, compared to a spherical
stylus tip, should allow the stylus to more accurately
track the motion of the cutting stylus, but results in
higher localized pressure, which can increase groove
wear unless low tracking pressure is employed. Even
so, the precision with which a given playback stylus
follows the motions of the cutting stylus is unlikely to
be sufficient to avoid some alteration in sound quality.

Around the time elliptical styli were becoming pop-
ular, RCA attempted to improve tracing performance
by pre-distorting the cutter signal, anticipating playback
with a round stylus. The system was not universally
welcomed [18.37], in part because it arguably impaired
performance with elliptical styli, and was eventually
dropped.

Ultimately it has to be accepted that there will be
some, hopefully slight, difference between the motion
of the cutting stylus and the motion of the playback
stylus, and that there are some signals that the playback
stylus cannot hope to track properly, such as a constant-
amplitude-cut square wave. The best one can hope for is
that the deviation will be small and gentle, and that the
resulting distortion will be mostly low-order THD. Even
so, distortion figures for records were not uncommonly
in excess of 10%, especially for the slower inner grooves.
The technique of stereo recording on discs, pioneered by
Blumlein in 1931 and introduced commercially in 1957,
further complicated the task of the playback stylus, as it
then had to track both horizontal and vertical undulations
simultaneously.

Getting adequate dynamic range from records was
a tricky process, fraught with compromises. For one

thing, the maximum signal level used tended to be
traded off against total playing time. Large-amplitude
grooves took up more real estate than quiet grooves,
which led to the use of variable-pitch, look-ahead record
cutters that could dynamically adjust groove spacing in
response to groove amplitude. Such cutters functioned
by increasing the spacing one revolution before the ar-
rival of a loud sound, and maintaining the spacing for
the revolution that followed. Further complicating the
amplitude/playing-time conundrum is the desire on the
part of some recording engineers to minimize use of the
inner groove area, to minimize inner groove distortion
and bandwidth limitations.

Maximum amplitude was also limited by consid-
erations of what the playback styli and cartridges of
the consumers could accommodate, which could lead
to lowest-common-denominator compromises in per-
formance. To better match tracking ability and noise
floor to the average statistics of music spectra, the
Recording Industry Association of America (RIAA)
standard equalization curve was adopted in 1954 that
progressively reduced low frequencies and boosted high
frequencies on recordings, applying inverse compensa-
tion during playback. This, along with the characteristics
of the stylus, record surface and groove speed, made
the overload characteristic of records strong functions
of both frequency and playing time, so the precise
specification of overload characteristic of records is
problematical at best. To be sure, there are specified
suggestions for maximum cutting amplitude and veloc-
ity, but given the commercial realities, at least with pop
music, that louder all too often equates with better, the
suggested limits have not always been observed.

The noise level of a record is dependent on the
smoothness with which a groove can be cut, which in
turn depends on the cutting technique and the mater-
ial used. Although wax and shellac were used in the
early years of record production, more modern practice
has been to use lacquer deposited on an aluminum disc
base. In conjunction with the hot-stylus cutting tech-
nique introduced in 1951 [18.9], a lacquer master disc
is capable of a dynamic range approaching 70 dB, al-
though in practice a somewhat lower figure is sometimes
encountered for the end product on a production basis.
Most of the steady-state noise encountered with records
is concentrated at mid to low frequencies. In pursuit of
the goal of fitting a performance to the dynamic-range
characteristics and limitations of grooved discs, it has
traditionally been common practice to employ a combi-
nation of compression and limiting to the signal in the
course of cutting a master disc. There have been some
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attempts to apply complementary compression and ex-
pansion to record audio to improve the system dynamic
range, notably discs produced by dbx Inc. in the 1970s.

Successful record playback can also run afoul of
a problem known as acoustic feedback, if sound from
the loudspeakers causes the disc itself to vibrate as a dia-
phragm. Solutions include the use of an inert turntable
mat, remote positioning of the turntable, and limiting
the playback level.

Of course, dust, dirt, scratches and wear will tend
not only to degrade the recorded signal but also to raise
the noise level, including the possible introduction of
clicks and pops.

Given the litany of compromises and limitations in
disc recording and playback, the level of performance
that has been achieved with this medium is laudable.
Although largely eclipsed by digital audio, some refine-
ment of grooved record playback continues, including
efforts to achieve the holy grail of disc playback, con-
tactless playback via light or laser beam, notably by
Fadeyev and Haber at Lawrence Berkeley National Lab-
oratory [18.38]. The availability of advanced DSP has
allowed after-the-fact improvements in noise reduction
and distortion reduction that would have been impos-
sible in an earlier age. It is tantalizing to consider the
performance that might have been possible with this
medium if such processing had been available and incor-
porated into the basic architecture of the disc recording
system.

18.4.3 Loudspeakers

Loudspeakers and headphones provide complementary
transduction to microphones, namely converting elec-
trical audio energy to acoustical energy. Many of the
principles and notions regarding microphones can be
applied to loudspeakers either directly or by, in a sense,
turning the ideas upside down.

In a manner reminiscent of microphones, few
loudspeakers convert directly between electrical and
acoustical energy. Instead, the electrical energy is con-
verted to mechanical energy, specifically the movement
of a diaphragm, often cone-shaped or dome-shaped,
which then radiates acoustical energy, sometimes aided
by an acoustical coupling horn or lens.

Indeed, many of the same transduction methods that
have been used in microphones have at least been tried
for loudspeakers including magnetic (also known as
dynamic), piezoelectric, and condenser.

The genesis of loudspeaker-like transducer actually
predates Bell’s invention of the telephone by a couple

of years when, in 1874, Ernst W. Siemens described
a dynamic moving-coil transducer, although he does not
seem to have initially done much with it [18.39].

Bell’s telephone, patented in 1876, also used a dy-
namic receiver. With a magnetic armature mechanically
coupled to a diaphragm secured at its edges, it was prob-
ably closer in spirit to a headphone than a loudspeaker.

There followed a series of refinements that progres-
sively brought the output transducer closer to the modern
concept of a loudspeaker. In 1898, Oliver Lodge patented
a spacer to maintain the air gaps in the magnetic circuit.
Three years later, John Stroh came up with the notion
of attaching the cone to the frame via a flexible, cor-
rugated surround that improved the linear travel of the
cone. Proper, flexible centering of the rear of the cone in
the magnetic gap was provided by the spider, developed
by Anton Pollak in 1909.

Many of these early loudspeakers used an acous-
tic horn of some sort to project the loudspeaker output
into the room. The horn improves efficiency, partly by
improving the acoustic coupling from the loudspeaker
to the room, and partly by collimating the sound into
a beam directed at the listener. Credit for the first true
direct radiator loudspeaker design to include all the
elements of what can be regarded as the modern-day
loudspeaker is generally accorded to Rice and Kellogg
in 1925 [18.40]. Their design took explicit account of
the baffle on which the driver was mounted in the overall
acoustic design.

There were of course, countless follow-on refine-
ments to the basic electrodynamic driver, a process that
continues to present day. Other methods of transduc-
tion were also explored. In 1929, E. W. Kellogg filed
a patent for an electrostatic loudspeaker, consisting of
panels not unlike large condenser microphones. The de-
sign has not been as widely accepted as the dynamic
driver, in part due to some limitations in maximum out-
put. There have also been piezoelectric drivers, but the
limited travel of the piezoelectric element has limited
their use to mid-range drivers, tweeters, and earphones.

So, as the Rice/Kellogg baffle indicated, with the
basic dynamic loudspeaker configuration established,
much of the attention focused on refining the loud-
speaker/cabinet combination as a system.

The output ultimately obtained from a raw loud-
speaker driver is profoundly affected by the surrounding
baffle or cabinetry. In isolation, a loudspeaker driver pro-
duces two acoustical outputs: one from the front of the
diaphragm or cone, and the second from the back. Un-
fortunately, the two outputs are out of phase. Were they
generated at the same place and time, they would can-
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cel; the loudspeaker would produce nothing but heat. So
part of the goal in designing a complete loudspeaker sys-
tem is to keep those two outputs from annihilating each
other.

At frequencies above the point where the wavelength
is comparable to the size of the speaker cone, the radia-
tion will tend to be a directional beam, and the front and
back waves will tend to naturally go their own separate
ways. At lower frequencies, the front and back radiation
will tend to be more omnidirectional, and will there-
fore tend to cancel. This can be avoided by requiring
that the size of the loudspeaker be at least as large as
the wavelength of the lowest frequency of interest. For
a low-frequency limit of 20 Hz, this would correspond
to a diameter of at least 15 m, which at the very least
would make for rather unwieldy boom boxes.

Happily, it is not necessary to rely on the loudspeaker
itself to avoid low-frequency cancellation. Instead,
a smaller driver can be mounted on a baffle, and the
baffle can be used to prevent interaction of the front
and back radiation. Indeed, a common concept in loud-
speaker system theory is that of the infinite baffle, which
precludes cancellation at any frequency, at the cost of
being physically impossible. Even assuming a willing-
ness to forego response below 20 Hz, a baffle of at least
15 m would still be required, which is not much more
practical than an unadorned 15 m woofer. This leads to
the notion of putting the loudspeaker in a box, or loud-
speaker cabinet. (A speaker mounted in a car door or
trunk lid is operating in an approximate infinite baffle,
although the car interior can be considered a semi-sealed
cabinet.)

The simplest arrangement is to make the box com-
pletely sealed, so that the rear radiation is trapped within
the box, and cannot emerge to cancel the front radi-
ation. Of course, this requires making the box quite
rigid, else the rear speaker radiation will simply be
conducted through the walls of the box. One problem
with sealed-box systems is that the springiness of the air
in the cabinet will decrease the natural compliance of
the loudspeaker, so that a driver with a respectably low
free-air resonance may have a much higher resonance
mounted in a sealed box, with correspondingly reduced
low-frequency response.

This issue was addressed in 1954 by Edgar Villchur,
in a manner which in hindsight seems remarkably
straightforward, namely increasing the compliance of
the speaker to obtain the desired performance when it
was mounted in a sealed box. This approach, referred to
as an acoustic suspension design, made the cabinet an
inherent part of the design, and is still in use today.

The alternative to the sealed-box loudspeaker en-
closure is, logically enough, the vented box, in which
at least a portion of the back radiation of the driver is
allowed to emerge from the cabinet, often delayed or
phase-shifted to better align it with the front radiation.
One of the early examples of this approach was the bass
reflex design by Albert Thuras of Bell Laboratories, in
1930. Other vented designs have used elaborate internal
tubing, internal ductwork (such as the Klipsch folded
horns), and or provided mass loading of the exit port via
a diaphragm (the passive radiator). The goal is to im-
prove efficiency, partially by relieving some of the back
pressure behind the driver, but mostly by adding some
of the back radiation to the front radiation in a nonde-
structive fashion, to achieve some increase in output,
typically on the order of 3 dB.

More recently, hybrid enclosures have been devel-
oped, sometimes called bandpass enclosures, in which
a vented or sealed box is used behind the driver and
a vented box is used in front of the driver, to provide
improved low-frequency efficiency over a somewhat
narrow range of frequencies [18.41]. This design is
popular in some smaller low-frequency speakers.

Regardless of its other characteristics, a bare loud-
speaker cabinet is likely to impart a variety of spurious
resonances to the response from sound waves bouncing
helter-skelter around the inside of the cabinet. For this
reason, loudspeaker cabinets are often lined or stuffed
with sound-absorbing material. This alters the overall
response as well as damping the resonances, and must
be accounted for in the overall design.

Much of the modern modeling of loudspeaker sys-
tems is based on the work of Thiele and Small in the
1970s, who established the basic parameters governing
the performance of loudspeaker systems, and devel-
oped accurate mathematical models incorporating those
parameters, allowing rapid and precise mathematical
prototyping [18.42].

Still, the implications of achievable, cost-effective
drivers and practical cabinet size is that there is precious
little that can be done to get usable bass response down
to 20 Hz from a small loudspeaker system. It is possible
to apply low-level equalization to the signal upstream
of the loudspeaker, but this can increase the cost and
the power requirements, and will not be effective un-
less the driver can handle increased signal level without
serious distortion. The closed-box design is considered
one of the better choices for the use of equalization, as
its response roll-off below primary resonance is only
12 dB per octave, which is gentler than most vented
systems.
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Most of the issues relating to speaker cabinetry per-
tain to low frequencies. Midrange and high-frequency
drivers may also have their backs sealed, but the wave-
lengths are shorter, and the required resonant frequencies
are a lot easier to attain.

The notion of using multiple drivers in a loud-
speaker system seems to have originated in 1931 with
a two-way system designed by Frederick of Bell Lab-
oratories [18.43]. A three-way system followed within
two years. It is simply much easier to design a system to
have flat frequency response with multiple drivers, op-
timized to handle a subset of the audio band, than to try
to accomplish the task with a single driver.

Part of the motivation for using multiple drivers is
that the loudspeaker, like the microphone, is an inher-
ently spatial entity. Sound radiates from a loudspeaker
in all directions, depending on angle and frequency. In
an anechoic environment, with a listener situated on the
main axis of the loudspeaker, the response on that axis
is well defined, and the only one that really matters.
In a real room, however, the multidirectional acoustical
output of the loudspeaker will reflect off walls and other
surfaces, generally producing a complicated multiplic-
ity of arrivals at the listener’s ears. There is no easy way
to characterize this process, or of the resulting percep-
tion, although in the 1970s, Roy Allison made significant
strides in characterizing the loudspeaker–room interac-
tion at low frequencies [18.44]. However, it certainly
establishes the importance of the loudspeaker spatial
response at all angles, and suggests the desirability of
a loudspeaker having a consistent radiated frequency
response (radiation pattern) at any angle.

This is another area in which multiple drivers can be
beneficial. Again, the output of a driver will begin to get
directional at a frequency corresponding to a wavelength
about twice the diameter of the driver. Assuming consis-
tently wide dispersion is desired, a 30 cm woofer will be
useful up to about 500 Hz, a 7.5 cm midrange continuing
to 2 kHz and a 2.5 cm tweeter maintaining wide disper-
sion to at least 6 kHz. These figures may be conservative,
in part because controlled decoupling of the speaker
cone can result in a progressively smaller radiation area
at successively higher frequencies, decreasing the effec-
tive diameter and broadening the resulting dispersion.
Other approaches to maintaining a desired radiation pat-
tern across frequency include the use of acoustic lenses
and phased arrays of multiple drivers within a given
frequency range. It is rare for a speaker to have truly
constant directionality across its entire pass-band, in
part from that fact that most are at least somewhat direc-
tional at mid and high frequencies, and, because of the

long wavelengths involved, almost unavoidably omni-
directional at low frequencies. (Such long wavelengths
may be difficult to localize, enabling the use of satellite
systems with only one woofer to support two or more
channels.)

The use of two or more frequency-selective drivers
generally imposes the need for a crossover network to
apportion the signal on the basis of frequency. Not only
does this avoid wasting power, but it can be absolutely
necessary to avoid overdriving or burning-out a driver.
Some care is generally required in the transition fre-
quency region to maintain flat response, and although
there are well-regarded canonical topologies, such as the
Linkwitz–Riley crossover developed in 1976 [18.45],
real-world deviations from ideal driver behavior may
engender the use of recursive approximation techniques
to optimize system response fully.

The combination of crossover networks, drivers, and
room loading will often result in a loudspeaker having an
electrical input impedance characteristic that is strongly
frequency dependent, and which poses a challenge for
a power amplifier.

As is no doubt evident, a loudspeaker system and its
associated radiation pattern is a fiendishly complicated
device that does not readily lend itself to characterization
by traditional audio metrics or specifications. In con-
sideration of such specifications, it is difficult to make
definitive statements that fully characterize the sound of
a speaker.

The bandwidth of most speakers may approach the
ear’s 20–20 kHz bandwidth, but few speakers make it all
the way, particularly at low frequencies, and bandwidths
on the order of, say, 70–14 kHz are far more common,
at least in consumer equipment.

The deviation of the frequency response is difficult
to talk about meaningfully, but it seems desirable for
speakers to be within 1 dB of flat response across their
useful bandwidth, at least on axis, and better speakers
can approach or achieve this, although at low frequen-
cies the room exerts enough effect as to likely require
tuning or experimentation with speaker position to main-
tain a flat response. The response at other angles should
probably be smooth and well controlled, but the exact
optimal specification has not been established. Perhaps
the ideal speaker would adjust its radiation pattern to
match the instruments being reproduced. (But then what
is the preferred radiation pattern of a purely electronic
instrument, such as a synthesizer?) Although it is nec-
essary to measure the response of a loudspeaker in
a room in order to accurately gauge the low-frequency
response, a direct narrow-band or sine-wave measure-

Part
E

1
8
.4

Amazon    EX1014    Page 773



766 Part E Music, Speech, Electroacoustics

ment of the system response in a room at middle and
high frequencies is likely to yield a useless, mad scrib-
ble of a response, owing to the complex interactions
of the echoes at the point of measurement. Fortunately,
the perceived response should be a lot smoother than
what is measured, in part because the ear differentiates
sound arrivals on the basis of direction. Measurement
techniques that attempt to address this include the use
of directional microphones, anechoic and semi-anechoic
measurement, and time-gated response measurement.

Timing precision is another specification that is dif-
ficult to pin down with loudspeakers, again partly due
to the effects of room echoes. In one respect, most
speakers do pretty well in first-arrival timing, since the
ear’s temporal pre-masking resolution is on the order
of 1–2 ms, corresponding to about 30–60 cm of path
length, and speaker systems with all drivers mounted on
a common front panel will generally be well within this
tolerance for inter-driver path-length differences. Still,
audible time disparities may result from primary reso-
nances, particularly at low frequencies, and high-order
crossovers.

In the area of distortion, loudspeakers also do pretty
well, all things considered. At normal listening lev-
els, a properly designed loudspeaker exhibits fairly low
nonlinearity, with a fairly gentle limiting characteris-
tic, leading to low IM distortion and fairly low THD,
mostly third order, which is likely to be masked by most
signals. Most properly operating loudspeakers do not
produce drastic amounts of distortion until they reach
the limits of their travel. To be sure, some loudspeak-
ers can sound audibly harsh, but this is not necessarily
a byproduct of distortion, it may be more related to an un-
even response or radiation pattern. One bugaboo of many
drivers is cone breakup, wherein the cone no longer acts
as a piston. Although this can look unsightly in slow
motion, it will not necessarily produce distortion unless
there is nonlinearity present, and most speaker cones, be-
ing passive structures of paper, plastic, or metal in and
of themselves, are not especially nonlinear. While such
breakup is likely to affect the response and/or the radi-
ation pattern of the speaker, it may not produce much
distortion per se.

Although the basic dynamic loudspeaker has now
been in use for over 70 years, and has been greatly
refined in that time, it is still the subject of active re-
search, in both design and evaluation. One of the holy
grails yet to be achieved is, like the diaphragm-free mi-
crophone, the cone-less loudspeaker that more directly
converts electrical energy to acoustical energy. Aside
from eliminating some troubling mechanical elements

and their associated resonances, this might improve the
efficiency, which is currently typically around 1% for
consumer loudspeakers.

Another long-sought goal is the projection loud-
speaker, which can make a sound appear to emanate
from a specified remote location. The have been some
encouraging results in the use of ultrasonics [18.46] and
large-scale speaker arrays [18.47] in this regard.

18.4.4 Amplifiers

Of all the common audio analog devices, electronic am-
plifiers of all types probably have the easiest time meet-
ing the preferred specifications of a good-quality audio
system. This in no small part derives from the fact that
they generally contain no mechanical processing stages,
and simply have to push a bunch of very lightweight
electrons around. Properly designed, an amplifier should
have little difficulty achieving a dynamic range ap-
proaching 120 dB, nor is it likely to deviate significantly
from the preferred specifications for bandwidth, re-
sponse deviation, phase/timing response, or distortion.

This is despite the fact that most amplification de-
vices, mainly vacuum tubes, transistors, and field-effect
transistors (FETs), are not themselves inherently very
linear. In the years following de Forest’s invention of the
triode, considerable and rapid strides were made in not
only the refinement of the devices themselves, but in cir-
cuit designs which optimized the linearity and response
of the complete amplifiers. A major milestone was the
invention in 1928 of the negative-feedback amplifier
by Black of Bell Laboratories [18.9]. This arrangement
compares the output signal with the input signal, and to
the extent that they may tend to differ, generates an in-
stantaneous correction signal. Successful application of
negative feedback carries with it specific requirements
on the performance of the raw amplifier, such as maxi-
mum phase shift, and some of these requirements were
still being uncovered years after the initial development
of negative feedback.

Several standard types of amplifiers are commonly
found in audio use, each with specific requirements and
design challenges, including preamplifiers, line ampli-
fiers, power amplifiers, and radio frequency (RF) and
intermediate frequency (IF) amplifiers for use in radio.
Preamplifiers, for example, are required to handle the
generally very small signal from transducers such as
microphones, phonograph cartridges, tape heads, and
optical photocells. Linearity is usually not a major prob-
lem, because of the small signals involved, but low noise
and impedance matching to the transducer are often sig-
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nificant design considerations. At the other end of the
chain, power amplifiers usually have a fairly easy time
with dynamic range, but high required power-handling
capability and the need to drive sometimes ill-behaved
loudspeaker loads make power amplifier design an art
unto itself, with the 1948 Williamson amplifier being
just one early example of a notable design [18.48].

The advent of the transistor, by Brattain, Bardeen,
and Shockley of Bell Laboratories in 1947, sparked
a revolution in active devices, and stands as one of the
foremost inventions of the 20th century [18.49,50]. Op-
erational differences between tubes and transistors were
sufficiently great that, to an extent, the discipline of am-
plifier design had to be reinvented from the ground up,
and it was some time before solid-state amplifiers were
accepted in some high-end audio systems.

In time, the development of analog integrated
circuits gave rise to the multi-transistor operational am-
plifier, an amazingly versatile device that facilitated
cost-effective analog processors of great sophistication
and complexity. These days, entire analog audio sub-
systems can be implemented on monolithic chips with
many transistors and associated components.

Special mention should be made of one particularly
challenging amplifier variant, the voltage-controlled
variable-gain amplifier (VCA). Such a device, basically
an analog multiplier, is essential for exercising auto-
matic control of signal level, a common building block in
many audio signal processors. Where fixed-gain ampli-
fiers depend on fixed, highly linear passive components
such as resistors to maintain operating point and lin-
earity, VCAs require linear active elements, like FETs.
In the late 1960s, Barry Blesser designed a novel vari-
able pulse width multiplier, and a few years later, David
Blackmer of dbx, Inc. designed a wide-range variable-
transconductance VCA, elements of which are still used
in commercial VCAs [18.51]. The complexity and cost
of VCAs limited their use somewhat, which is perhaps
ironic in these days of digital audio, where DSP chips
typically perform millions of multiplications per second.

18.4.5 Magnetic and Optical Media

Part of the motivation for the use of magnetic and opti-
cal recording on linear media (tape, film) undoubtedly
came from the desire to avoid the wear inherent in the
playback grooved records. Both media involve the use
of narrow apertures to record and play audio striations
perpendicular to the motion of a linear medium.

Magnetic recording got its start in 1898, with Valde-
mar Poulsen recording on steel wire, an especially

notable accomplishment considering that the invention
of the triode amplifier tube was still several years away.
The use of magnetic tape originated with O’Neill’s
patent of paper tape coated with iron oxide, in 1926,
followed by the introduction of plastic tape by BASF
in 1935. A serious nonlinearity problem with magnetic
tape was largely resolved in 1939 with the development
of alternating-current (AC) recording bias. Considerable
refinement was achieved during and following World
War II, and consumer reel-to-reel tape recording be-
came a reality in the 1950s. There followed a series
of formats which expanded the performance envelope
and consumer friendliness, most notably the compact
cassette and the venerable eight-track cartridge.

Optical recording on film was first investigated
around 1901 [18.9], five years before the vacuum tube,
and started to receive significant research and devel-
opment attention starting around 1915, with the work
of Arnold and others at Bell Laboratories, followed
by a number of efforts by RCA and other groups. Lee
De Forest may have come up with the first viable optical
sound system, Phonofilm, in 1922 [18.52]. By 1928, syn-
chronized optical sound on film was used commercially
on Disney’s Steamboat Willie cartoon.

Both of these formats rely on some sort of device
with a narrow aperture to record and playback, and
therefore both face a tradeoff between high-frequency
response, corresponding to the smallest resolvable fea-
ture, and media speed/playback time.

Although there may be no vibrating mechanical ele-
ments in either the magnetic system or optical playback,
both media exhibit difficulty reaching the full audible
bandwidth, or in maintaining ruler-flat response, al-
though, properly designed and adjusted, they can come
fairly close. Beyond that, both media bear some simi-
larities to modern record-based reproduction, including
the use of fixed equalization, modest, gentle distortion
at typical operating levels, a typical dynamic range on
the order of 50–70 dB, and both absolute and dynamic
speed error sensitivity.

The viability of these formats was significantly
enhanced by the invention in 1965 of analog noise
reduction by Ray Dolby. Noise-reduction systems
usually consist of a compressor/encoder and an
expander/decoder. The compressor boosts low-level
signals to keep them above the noise floor of the chan-
nel, while the expander restores the signals to their
proper level, reducing the noise in the process. The
Dolby A-type noise-reduction system and follow-on
systems exploited a range of solid-state circuit tools,
including active filters, precision rectifiers, and lin-

Part
E

1
8
.4

Amazon    EX1014    Page 775



768 Part E Music, Speech, Electroacoustics

ear FET-based VCAs, to implement a comprehensive
solution to the problems faced by noise-reduction sys-
tems. The frequency-selective nature of masking by
the human ear was addressed by splitting the signal
processing into multiple bands, and the problem of
potential overload associated with the sudden onset
of loud signals was resolved by the use of a novel
dual-path limiter. Other well-known NR systems used
wide-range bandpass compressors (Telcom C-4), wide-
band compressors with preemphasis (dbx I and II),
sliding shelf filters (Dolby B), cascaded sliding shelf
filters (Dolby C), cascaded wideband and variable
slope compressors (dbx/MTS TV compressor), and
cascaded combined sliding shelf and bandpass com-
pressors (Dolby SR and S). Similar principles would
subsequently be adapted for use in digital low-bitrate
coders.

18.4.6 Radio

While the medium of analog radio has its own share
of unique attributes, it shares with other analog media
many of the same sorts of characteristics and limitations,
including somewhat limited frequency response and dy-

namic range, which is partly associated with bandwidth
conservation.

Commercial amplitude modulated (AM) radio
broadcast kicked off in 1921 when KDKA went on air in
Pittsburgh [18.9]. The use of dual-sideband modulation
made for simpler receivers at the cost of channel spac-
ing being twice the highest transmitted audio frequency.
Although in theory AM radio was capable of supporting
wide audio bandwidth, a channel spacing of just 10 kHz
was chosen to conserve spectrum space, limiting audio
bandwidth to something less than 5 kHz in practice.

Wide-band frequency modulated (FM) radio was de-
veloped by Edwin Armstrong in 1933, motivated in part
by a desire to reduce the static that was common to
AM radio, with commercial broadcast originating in
1941 [18.9, 53]. The dual sidebands of standard FM
extend quite a bit farther than the maximum audio fre-
quency supported, with channel spacing of 200 kHz for
a typical audio bandwidth of 15 kHz. Dynamic range in
excess of 60 dB is possible with mono FM, although
this was compromised somewhat by the choice (in
the US at least) made by the Federal Communications
Commission (FCC) of the stereo multiplex system in
1961 [18.9].

18.5 Digital Audio

The advent of digital audio, perhaps best signified by
the introduction of the audio compact disc in 1982 by
Sony and Philips, completely revolutionized the world
of audio engineering, in effect completely rewriting the
rule book on what was readily achievable in main-
stream audio systems, not to mention how signals were
processed.

The basic notion of digital audio is discreteness.
Instead of specifying a signal as a continuous function
of time and amplitude, it is expressed as a rapid series
of sample values at discrete time intervals, often with
integer or finite-precision values. The signal becomes, in
effect, a completely specified list of numbers, and as long
as no explicit errors are made, can be copied an arbitrary
number of generations without any loss or alteration
whatsoever. (Error-correction schemes commonly help
guard against the occasional error slipping through.)

The mathematical foundations of discrete sampling
of continuous functions go back surprisingly far, with
at least one claim on behalf of Archimedes, around
250 BC [18.54, 55]. Additional support for sampling
theory was provided by Fourier in 1822 [18.56, 57] and

Cauchy in 1841 [18.58, 59]. Modern sampling theory
is usually credited to the combined work of Whittaker
(1915) [18.60], Nyquist (1928), Kotelnikov (1933), and
Shannon (1949) [18.61, 62], who provided a rigorous
proof [18.63].

The key point of the sampling theorem is that a con-
tinuous band-limited signal can be discretely sampled
without loss of information, and the original continuous
signal subsequently recovered from the sampled ver-
sion, as long as the sampling frequency is higher than
twice the signal bandwidth.

In order to exploit the sampling theorem and digital
audio practically, quite a few other pieces of the puzzle
had to be supplied. George Boole contributed the binary
number system in 1854, which would provide the numer-
ical and logical basis of modern digital processors. Alec
Reeves used Boole’s binary numbers to represent audio
samples, creating the pulse code modulation (PCM) for-
mat, in 1937. By the late 1960s, prototype digital audio
recorders were operating at companies like Sony, NHK,
and Philips [18.58,59], leading to the 1982 debut of the
audio CD.
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Some appreciation of the performance of digital
audio can be had by considering the traditional audio
specifications that analog systems have for so long tried
to fully embody.

Bandwidth. Traditionally an uphill battle fighting
mechanical resonances and slit-loss effects, successfully
meeting a bandwidth specification in the digital domain
is simply a question of selecting a high enough sampling
rate. Similar principles apply to maintaining the preci-
sion of a frequency response specification, usually a
flat response: without parasitic or extraneous influences,
the response will be ruler practically-flat by default, al-
though it can otherwise be explicitly and predictably
altered by application of appropriately designed DSP
filters and equalizers.

Distortion. With signal processing implemented as a se-
ries of digital additions and multiplications, which are
presumably accurate to the least significant bit, non-
linearity and distortion in the digital domain is absent
unless, like deviation from flat response, it is explic-
itly introduced into the processing, to which end it can
usually be precisely applied and controlled.

Dynamic range and signal-to-noise ratio. The dy-
namic range is usually expressed as the logarithmic
difference between the maximal signal level and the
noise level. By default, the maximal signal capacity of
a PCM DSP system as a function of frequency is flat. The
noise level is once again a design choice, ergo so is the
net dynamic range. In somewhat simplified terms, the
noise level of a digital signal process drops by a factor
of two (6 dB) for each additional digital bit of precision
employed in the representation of the sample values. So,
maintaining a desired dynamic range is fundamentally
a design choice to employ a sufficient number of bits of
precision.

Speed. Once a signal is in the digital domain, there is of
course no error or variation in speed unless it is explicitly
imposed with appropriate processing.

In short, the attainment of performance that in the ana-
log domain might require considerable design skill,
and even then might simply be impractical or impos-
sible, becomes in the digital domain a matter of design
choices.

Of course, since most audio signals begin and end
as analog vibrations in air (and, so far, correspond-
ingly analog electrical signals associated with input

and output transducers), there must be means to con-
vert between analog and digital domains. This is the
province of analog-to-digital converters (ADCs) and
digital-to-analog converters (DACs). With so much of
the overall performance of a digital audio system rid-
ing on the performance of these devices, their design
has been the subject of intense activity since early ex-
perimental digital audio systems. Those early systems
were fortunate to muster a precision of just 10-bits per
sample, but that has slowly evolved over time to the
point that current converters can operate at 24-bits per
sample or better in a practical, cost-effective manner.
Similarly, the various sources of subtle distortions that
might otherwise limit ultimate converter performance
have progressively been identified and, on the whole,
reduced to the point of insignificance. And, where once
speed accuracy of an audio system depended on the skill
with which one turned a crank, or perhaps the vagaries
of a wind-up clock motor and mechanical speed regu-
lator, the sampling rate of a digital/audio converter is
usually controlled by a high-precision electronic tim-
ing circuit, such as a quartz oscillator, reducing speed
anomalies of all sorts to a level far below that of human
perception.

Lest the case for digital audio appear at this point a bit
overly rosy, it must be allowed that there are limitations,
restrictions and pitfalls; and that it is perfectly possible
to produce miserable sound via digital means.

For one thing, there is the matter of the Nyquist
frequency, defined as half the sampling frequency and
otherwise the highest frequency that can be represented
at a particular sampling frequency. In some respects,
the Nyquist frequency of a digital audio system corre-
sponds to infinite frequency of an analog system. This
introduces certain response-warping effects, such that it
may be difficult or impossible to replicate a given ana-
log system response in the digital domain. (Example:
the phase shift at the Nyquist frequency can only be 0◦
or 180◦.)

An attempt to represent a frequency greater than the
Nyquist frequency in the digital domain will result in
a different frequency being generated within the band,
usually by reflecting the original frequency value back
through the Nyquist frequency, a form of intermodu-
lation distortion. Unless the goal is to produce weird
spacey effects, this process is usually not highly desir-
able, and a low-pass filter is commonly placed ahead of
an ADC to prevent that occurrence.

Then there is the issue of performance levels being
matters of system architectural choices, rather than the
result of possibly elaborate or laborious designs. Such
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design choices are not always free, in that they may be
tradeoffs with either other system resources, or simply
cost more monetarily, which may therefore still have the
result of limiting overall performance to something less
than idyllic near-perfection.

For example, the dynamic range of the human ear
was cited earlier to be on the order of 120 dB or more.
If the digital representation of an audio signal yields an
approximate dynamic range of 6 dB for each bit used, it
would follow that the logical word size to use for digi-
tal audio samples would be at least 120 dB/6 dB per bit
= 20 bits. Yet the standard chosen for compact discs, as
well as many other current generation digital devices, is
just 16-bits per sample, corresponding to a best-case dy-
namic range of only 96 dB. This decision was predicated
in part on the performance limitations of analog/digital
converters at the time the CD specification was cast, and
further from a desire to provide a playing time of 74 min
on a 12.7 cm disc. Had a larger word size been chosen,
either the disc would have had to be larger, or the playing
time reduced.

Does this result in audible impairment of the sound?
It can, but it will not necessarily be the case, so it will
be evident some hopefully small percentage of the time.
For example, there should be no audible alteration if the
maximum playback level does not exceed 96 dB SPL.
Nor should there be a problem if the playback level is
higher, but the room noise is high enough to mask the
digital noise. Since the ear is only maximally sensitive
in the upper-middle part of the audio band, the elevated
thresholds towards the band edges provide additional
noise margin. And the presence of signal components
will tend to mask digital noise that might otherwise have
been heard. So, consistent with practical experience,
16 bit PCM digital audio is free of serious imperfec-
tions for most listeners and most source material, most
of the time.

18.5.1 Digital Signal Processing

With the practice of representing audio signals in the
digital domain as PCM samples comes the need to per-
form signal processing in the digital domain. To some
extent, this required a reinvention of signal processing
in terms of discrete numerical sample values, but since
the foundations of signal processing were mathematical
to begin with, in some respects there was a more direct
connection between theory and practice.

The most common signal processing operations –
amplification, filtering, and equalization – are mostly
implemented with the basic four mathematical func-

tions: addition, subtraction, multiplication, and, perhaps
to a lesser extent, division.

More elaborate signal processing functions, such as
rectification or level derivation, may involve geometric
or transcendental functions such as square roots, cosine,
or logarithms, virtually all of which are easier to im-
plement, more direct, more wide-range, and more stable
as digital entities than analog alternatives. Even some
seemingly simple functions, such as a pure delay, can
be challenging to implement well as analog devices, but
become more-or-less trivial with DSP.

Clearly, the requirement of audio DSP to perform
large numbers of numerical calculations and the ability
to perform such calculations with modern digital hard-
ware, including personal computers and specialized DSP
chips, whether by accident or design, has been auspi-
ciously symbiotic. Large, elaborate analog breadboards
of spaghetti wiring have been replaced with even more
elaborate programs of (sometimes) spaghetti C code.

The ability to create and combine a virtually limitless
number of new processing functions by simply typing in
the code for them, using a computer language with full
mathematical support, is an understandably powerful
tool to extend signal processing, a little like a bottomless
Tinker Toy. The effect is amplified by the ability to
nest functions to an almost arbitrary extent, allowing
the creation of labyrinthine tree-structured processes.
And whereas every block of an analog circuit must be
physically implemented, DSP programs usually get by
with just one physical copy of each routine, regardless
of how many times the function may appear in the block
diagram.

With all this processing power available, one may
inquire as to what has been applied. Certainly, one func-
tion category that has not been strongly needed has been
aids to correct deficiencies inherent in the recording sys-
tem. If a clean recording is obtained to begin with, there
is often little need to clean it up further. Digital signal
processors have, however, been very effective in clean-
ing up and correcting the imperfections of older, analog
recordings, and have been used for noise suppression,
speed correction, and even distortion reduction.

The additional processing power afforded by DSP
processors has enabled re-engineering of most tradi-
tional audio processors, such as equalizers, with greater
complexity and precision. The availability of a simple,
cheap delay mechanism with equalization has allowed
extremely elaborate and faithful reverberators to be em-
ployed in both professional and consumer applications.
This is one area for which there was arguably never
a truly effective analog electronic solution. The best
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pre-digital reverberators were electromechanical, using
transducers attached to a metal reverberation plate.

In general, the availability of a cheap, low-noise,
high-precision multiplication operation has, along with
other DSP elements, made it much easier to implement
elaborate dynamic systems, once limited by the rela-
tive scarcity and high cost of analog VCAs. This has
also made it much easier to include specific nonlineari-
ties, where appropriate, usually in the signal analysis of
a processor. And the ability to combine multiple process-
ing algorithms into a single DSP program has facilitated
multifunctional systems implemented on a single DSP
chip.

One of the key building blocks to be brought to bear
in a variety of digital signal processors has been a digi-
tal model of some or all of the human auditory system.
If a processor can be made to hear the same way as
humans do, it can make processing decisions that re-
flect the truly audible elements of a signal, resulting
in far more effective processing. A key component of
such an approach has been the digital filter bank, es-
sentially a bank of bandpass filters that, in most cases,
cover the entire audio band. This component provides
a cost-effective analog of the filter-bank-like process-
ing performed by the basilar membrane of the inner
ear. A major element of such processing has been the
so-called fast Fourier transform (FFT), first devised in
1805 by Gauss [18.64–66], then rediscovered in 1965
by Cooley and Tukey [18.67, 68]. This one algorithm
allows full-range filter banks of great complexity, typi-
cally implementing hundreds or thousands of bandpass
filters, with dramatically less processing power than
would otherwise be needed by direct implementation
of such filters. The use of this technique does, how-
ever, carry with it some compromise, as the bandpass
filters of an FFT filter bank all have the same band-
width, measured in Hertz, and are linearly spaced in
center frequency, whereas the filters of the basilar mem-
brane are logarithmically arranged in both bandwidth
and center frequency. This discrepancy is sometimes
compensated by processing the FFT outputs in groups,
or bands, whose width and center frequency are arranged
in an approximately logarithmic manner.

The transform-based filter bank is used both as an
analysis tool, to present signals in a perceptually relevant
domain for subsequent processing, and as a component
of the actual signal path. In the latter instance, signals
are processed in the transform domain, usually in over-
lapping blocks of samples, and ultimately restored to
time-domain PCM values by performing running inverse
transforms. This has elevated transform-based process-

ing to the level of a new category of digital signal
processing. In some situations, a variant transform of
some sort may be used to provide, for example, log-
arithmic frequency selectivity, but in many cases such
transforms are still based on a core FFT.

A final note on numerical precision: virtually
any digital processor will employ finite-word-length
symbols for numerical values, be they integers or
floating-point numbers. This gives rise to the gener-
ation of digital noise, resulting from the round-off
error of each arithmetic operation. Since there may be
many thousands of such performed in the course of
a DSP algorithm, the numerical precision of the pro-
cessor must be great enough that the accumulated noise
remains insignificant. For a 120 dB dynamic range, cor-
responding to 20 bits of precision, one might prefer at
least 24 bit processing (that is, either 24 bit integers or
24 bit mantissas of float values). The actual precision
required will depend some on the actual operations
performed, with subtraction (or addition of opposite-
signed values) especially troublesome, since it can leave
a very small residual, potentially exposing the digital
noise. As it happens, this is an issue in performing
the FFT. As an additional hedge against the buildup
of digital noise, many DSP processors employ double-
length registers, so accumulated quantities are only
rounded back to standard precision when stored back
to memory, usually after multiple multiply–accumulate
operations.

18.5.2 Audio Coding

The commercial introduction of digital audio in the form
of the compact disc brought with it the reincarnation of
a tradeoff that had long been a source of compromise in
analog audio, namely that between quality and capacity,
or equivalently playing time, or bandwidth. Mechanical
audio recordings (i.e. records) had started with cylin-
ders that played for a minute or two, and had progressed
to long-play records with about 20 minutes per side.
Magnetic tape had used media running at speeds like
76 cm per second, and had progressed to cassette tapes
with typical playback times of 45 minutes per side, usu-
ally aided with noise reduction. Broadcast channels were
less flexible, but techniques had at least progressed to the
practice of piggy-backing low-energy subcarriers onto
to the main signal, e.g. to advance to stereo operation,
sometimes accompanied by noise reduction, at least in
the case of US multichannel television sound (MTS) au-
dio. If the use of digital audio for recording and broadcast
was to be adopted for media beyond the CD, the need to
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reduce the number of bits required was apparent. This
has given rise to one of the premier pursuits of digital
development since that time: the use of audio coding
to convey a signal faithfully using the smallest possible
number of bits.

The data rate of an audio CD derives from the use of
two channels, a sampling rate of 44 100 Hz, and 16 bit
PCM samples, a total of 1.4 megabits per second. This is
greater than can be accommodated on a standard 35 mm
movie print, or a standard cassette tape, or an FM radio
channel. (It is also more than will fit on a standard long-
play record, but since that medium is not especially
compatible with digital storage in the first place, it is
a moot point.) Even the CD can only accommodate the
two channels; a 5.1-channel PCM format would reduce
the playing time to something under 25 min.

So the need to reduce the data rate without sac-
rificing quality was readily apparent, which motivated
interest and activity in the development of low-bitrate
audio coders, and made practical such applications as
digital cinema soundtracks, portable music players, and
satellite radio. It is perhaps not self-evident that the
data rate can be reduced in the first place, but for
starters, one could simply use smaller PCM words.
This would, of course, raise the effective noise floor,
which in turn could be addressed by adapting an analog
noise-reduction system as an associated DSP algorithm.
However, the resulting reduction in data rate would
still be relatively modest, as the compression ratios
of noise-reduction systems never exceeded a range of
about 2–3:1, to avoid mistracking problems, and this is
less data compression than is required by many coding
applications.

Overall, two general classes of techniques have been
exploited in digital audio coders, lossless and lossy, or
perceptual, coding. They share in common the arrange-
ment of an encoder and a decoder which, instead of just
conveying PCM samples, employ a common vocabulary
or protocol for describing and conveying the audio at
an elevated level of abstraction. This protocol is some-
times referred to as a bit-stream syntax. Although the
signal connecting encoder and decoder is indeed usu-
ally just a stream of bits, the meaning and significance
of a given bit will depend on the context in which it
appears. This represents an additional advantage of dig-
ital audio systems over analog systems: a bit stream can
consist of interleaved sequences of diverse information
packets. Some of these will generally be representations
of some derived form of the audio, and the rest will be
descriptive information about the signal, referred to as
side-chain information.

Lossless Audio Coding
The goal of lossless coding is to convey digital informa-
tion in a more compact form while reliably recovering
the original data in the decoder with bit-for-bit accuracy.
Obviously, no psychoacoustic or perceptual considera-
tions need enter into the picture.

The key to the ability to losslessly compress digi-
tal data is redundancy. Any time there is a pattern or
common element to a block of data, it may be possible
to express it in a more compact form by conveying the
essence of the pattern along with the deviations from the
pattern, such that the original data may be reconstructed.
Of course, in order for this to happen, the bit-stream
syntax must support a compact means of specifying the
necessary range of patterns to the decoder.

The number of potentially useful patterns is actually
fairly large, and considerable ingenuity has gone into
the development of lossless coding algorithms which
can recognize and concisely encapsulate the details of
redundant information patterns. Some of the more com-
mon data structures that can be losslessly compressed
are listed below.

1. A repeating sample value: rather than send the same
value multiple times, the sample can be sent just
once, along with a replication factor. This technique
is sometimes referred to as run-length coding.

2. Similar values: a variant of run-length coding, this
type of pattern can be compressed by sending the
average value, followed by concise representations
of the difference between each sample value and
the average. Alternatively, differential coding may
be used, in which the difference between successive
samples is coded.

3. Repeating sinusoids: for an ongoing sinusoidal
signal, the PCM samples can be replaced with para-
meters indicating the amplitude, frequency, phase,
and length of the sample sequence. In general form,
this is sometimes referred to as linear prediction.
If there are small deviations, they may be sent as
concise difference values.

4. Small values: a sequence of samples, each with
one or more leading zeros, may be sent with the
zeros omitted, along with a factor indicating how
many leading zeros were suppressed. (Note: nega-
tive values expressed in two’s-complement form will
have leading ones, but the same factor should oth-
erwise apply.) This is known as block floating point
representation.

5. Commonly used values: sample values which appear
more often than the average – like the letters ‘e’
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and ‘s’ in English text – may be assigned special,
short transmission symbols to reduce the average
data rate. Representative techniques which employ
this include arithmetic coding and Huffman coding.

6. Interchannel difference coding: if two or more
channels are used and are sufficiently similar, data-
rate savings may be attained by sending sum and
difference information, or a variant thereof. The ex-
pectation is that the difference values will be small,
and can be coded in fewer bits using technique (4),
above. In the case of stereo content, this approach is
sometimes referred to as mid/side (M/S) coding.

In addition to the techniques described above (and
others), a lossless coder may either directly code time-
domain PCM samples, or may instead use running
transforms and operate in the frequency domain. In the
latter case, a specialized bit-exact transform may be used
to guarantee that the final output is an exact clone of the
input.

A fully realized lossless coder is likely to use
a combination of techniques like those described above,
requiring a flexible and perhaps elaborate bit stream
syntax. The process of selecting which coding options
will be brought to bear on a given block of samples
is often not readily apparent from inspection or simple
calculation, so the encoder may be required to try an ex-
haustive search of all possibilities for each block in order
to select the best option. Needless to say, this can make
for a rather slow-running encoder, but usually does not
affect the speed of the decoder.

As may be evident, the effectiveness of a lossless
coder is very much signal dependent: some signals can
be compressed considerably more than others, and some,
such as full-level white noise, basically cannot be loss-
lessly compressed at all. Typical compression ratios run
in the range of 2:1 to 3:1. Because lossless compression
is inherently a variable bitrate (VBR) coding technology,
it is not well suited to real-time streaming applications,
such as broadcast or fixed-speed digital tape.

One weakness of lossless coding, and indeed of lossy
coding as well, is that an error of even a single bit (in,
say, one of the control codes specifying which method
to use to unpack a block of data) can cause the loss of
significant audio data. Some care must be used in the de-
sign of the bitstream to ensure that re-synchronization
of the decoder in the face of data errors is reliably pos-
sible within an acceptably short period. More generally,
the complexity and low error tolerance of almost any
data-reduction algorithm raises the regrettable possibil-
ity that digital records, audio and otherwise, may be lost

to future generations unless care is taken to avoid data
errors, and to ensure that decoding algorithms are care-
fully documented and preserved in full detail. This is
especially critical in the case of proprietary algorithms
owned and maintained by commercial entities, whose
long-term future operation may not be assured.

Perceptual/Lossy Audio Coding
While one might wish that lossless coding be used
exclusively for digital audio compression, its limited
performance and variable bitrate render it inappropriate
for a large number of coding applications. For more-
aggressive compression and acceptable performance
within the constraint of constant bit rate, one must resort
to the use of perceptual audio coding.

The goal of perceptual audio coding is to preserve
and convey all of the perceptual aspects of audio content,
without regard to preserving the signal literally, usually
employing the fewest bits possible. Recall that the data
rate for a standard audio CD was about 1.4 Mbit/s. As
this is written, the lowest data rate in commercial use for
conveying high-quality stereo audio is no higher than 48
Kbits/s, used by satellite radio and for Internet stream-
ing, a data-compression ratio on the order of 30:1 or
better.

How is this accomplished? For starters, the use
of lossless coding is not retained and incorporated in
overall lossy algorithms. Every packet of information
generated and reduced to its ultimate compactness by
any part of a perceptual coder is a candidate for further
reduction in size if one or more lossless techniques can
be brought to bear effectively.

Beyond that, the keys to high-efficiency perceptual
coding are to:

1. suppress any audio components not contributing to
the ultimate perception,

2. ensure that all the audible components are conveyed
with no alteration in perceived quality, while using
the minimum possible number of bits, and

3. employ, as much as possible, high-level abstractions
to describe audio signals in purely perceptual terms,
while retaining enough precision and detail to al-
low the decoder to accurately reconstitute a signal
indistinguishable from the original encoder input
signal.

One fundamental building block that has almost always
been part of the foundation of perceptual coders is a dig-
ital filter bank. This, of course, mirrors the functionality
of the basilar membrane; and the frequency-domain out-
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put signals are most commonly used for both the analysis
sections of the coder and the signal path. Indeed, the
fundamental data conveyed by most perceptual coders
is not PCM time-domain data, but quantized frequency-
domain information from which the decoder eventually
produces PCM output by way of a synthesis filter bank.
The most commonly used digital filter bank is a vari-
ant of the FFT called the time-domain alias cancellation
(TDAC) transform, developed by Princen and Bradley
in 1986 [18.69,70]. This transform has the highly desir-
able property of being critically sampled, meaning that it
produces exactly the same number of output frequency-
domain samples as there are input PCM samples. There
is also a companion inverse TDAC transform for produc-
ing output PCM from a set of decoded frequency-domain
input samples.

In operation, PCM samples input to the encoder
are divided into regular blocks of some predetermined
length, and each block is transformed to the fre-
quency domain, conveyed to the decoder, reconstituted
as a block of PCM samples, and the successive blocks
strung together, often in an overlapping manner, to
recover the final outputs. This process is sometimes
described as block-oriented processing using running
transforms. The practice of coding an entire block of
samples as a single entity facilitates data rates of less than
one bit per original audio sample. One downside of block
processing is that events which occupy a small fraction
of a block, like a sharp transient, may become smeared
across a range of frequencies, consuming a large num-
ber of bits. A number of techniques have evolved to deal
with this situation, most commonly the use of block
switching, wherein such short events are detected (by,
for example, a transient detector routine), and the block
size is temporarily shortened to more closely isolate the
transient within the shortened block.

The filter-bank output is of direct use in pursuit of
the first two perceptual coding techniques listed above,
principally by deriving the magnitude of the frequency-
domain signals as a function of frequency to obtain
a discrete approximation to the power spectral density
(PSD) of the signal block. This in turn is processed by
a routine implementing a perceptual model of human
hearing to derive a masking curve, which specifies the
threshold of hearing as a function of frequency for that
signal block. Any spectral component falling below the
masking curve will be inaudible, so need not be coded,
as per the first listed coding technique. The remain-
ing spectral components must be preserved if audible
alteration is to be avoided, but the quantization preci-
sion is only that which is required to render the level of

the quantization noise below the masking curve. Instead
of the 120 dB/20 bit range one might require for PCM
audio, the instantaneous masking range is more often
on the order of 20–30 dB, about 4–5 bits per sample,
assuming 6 dB per bit SNR. Thus, between suppres-
sion of inaudible components and dynamic quantization
of audible components, the data rate can be expected
to be reduced to something less than 4 bits per sam-
ple. Of course, an effective bit-stream syntax protocol
must be devised to signal these conditions efficiently
to the decoder, and considerable ingenuity has been
brought to bear on that issue to ensure the requirement
is met.

Notable lossy audio coders based on these principles
include AC-3, MP3, DTS, WMA, Ogg, and AAC. These
have been instrumental enablers of such technologies as
portable music players, DVD’s, digital soundtracks on
35 mm film, and satellite radio.

It should be noted that perceptual coding is much
more compatible with constant-bit-rate operation than
is lossless coding, for as the complexity of a signal in-
creases, which might otherwise increase the required
data rate, the masking afforded by that signal also
increases, reducing the average quantization accuracy
required, thereby holding the required data rate to a more
nearly constant rate. In effect, the human auditory sys-
tem can only absorb so much information per unit time,
so as long as the coder accurately models that behav-
ior, the required data rate should be largely constant. Of
course, very simple signals, like silence, are not likely
to require the same data rate as more complex signals,
in which case a constant-bitrate coder may simply use
far more than the minimum required data rate in order to
maintain a constant transmission rate. Some coders can
defer use of bits in the presence of simple signals, sav-
ing them in a bit bucket until needed by a more complex
signal.

The third listed technique used in perceptual coding,
the application of higher-level abstractions to describe
the signal, is much more general and open-ended; and is
still an area of active investigation. It can be something
as simple as using a single PSD curve to approximate
the actual PSD curves of several successive transform
blocks, or using decoder-generated noise in place of
actually transmitting noise-like signals. More abstract
approaches may fall under the heading of parametric
coding.

One notable example of parametric coding is band-
width extension, in which the entire high-frequency end
of the spectrum is suppressed by the encoder, and is re-
constituted by the decoder from analysis of the harmonic
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content of rest of the signal spectrum. This technique
alone can reduce the data rate by 30% or more.

Another widely pursued approach to parametric cod-
ing is to segregate signal components into categories,
such as sinusoidal, noise-like, or transient, then con-
vey numerical descriptions of each to a synthesizing
decoder. Although this is arguably far closer to a true
perceptually grounded coder than a simple transform-
based coder, the complexity of the descriptors needed to
accurately portray the full range of possible signals has
so far made it difficult to reduce the data rate required
by more conventional coders dramatically.

Spatial Audio Coding
Although strictly speaking it may be a subset of per-
ceptual audio coding, spatial audio coding (SAC) is
a sufficiently independent approach to justify separate
examination. SAC can be used to improve the transmis-
sion efficiency of multichannel content, typically either
stereo or 5.1-channel surround material.

The approach involves coding the ensemble of chan-
nels as a single entity to achieve data savings that would
be unavailable if each channel were to be coded individ-
ually. An element common of many SAC algorithms is
to combine the source channels additively to a smaller
number of channels, perhaps as few as a single channel,
from which the decoded output channels are eventually
reconstructed. The data rate is thereby reduced by the
ratio of the number of input channels to the number
of down-mixed channels, minus any side-chain infor-
mation needed by the decoder to reconstruct the output
channels.

Probably the simplest approach to SAC is to down-
mix the input channels to mono in the encoder and then

simply distribute the common signal equally to the out-
put channels. If this is done to the full-bandwidth signal,
the result will simply be monaural sound reproduced
from multiple speakers, which is not likely to be a very
satisfactory multichannel experience, but if limited to
a subset of the audio range, say just high frequencies,
the ear will tend to associate the spread mono content of
the reproduced channels with the direction of the lower
frequency, discrete content, and the alteration will be
less noticeable.

A slightly more elaborate approach is to send
channel-by-channel scale factors, representing relative
signal amplitude in each input channel, which are
subsequently used by the decoder to distribute sig-
nal components to each output channel. Sometimes
referred to as either intensity stereo or channel cou-
pling, the technique can be surprisingly effective,
especially at high frequencies when individual scale fac-
tors are sent on something like a critical band frequency
basis.

More recent spatial coding systems have augmented
the use of amplitude coupling with transient flags and
information about interchannel phase and coherence, al-
lowing extension to progressively lower frequencies,
with commensurately greater amounts of data rate re-
duction.

Although in most cases the spatial information about
individual channels is sent as side-chain information
comprising part of the total transmitted bit stream, there
has been some success in encoding the information in
the signal characteristics of the actual transmitted audio,
which can reduce the net data rate.

Spatial audio coding remains at this time an area of
very active investigation.

18.6 Complete Audio Systems

So far, this discussion of audio and electroacoustics has
focused on the task of capturing, transmitting, and re-
producing one or more individual channels of audio as
accurately as possible. However, the goal of sound re-
production is not strictly to convey some designated
number of channels, but to faithfully reproduce a full
acoustic event, be it live, synthesized, or some combina-
tion thereof, to an audience that, at any given venue, may
range in number from one to many hundreds or more.

The use of individual channels is mandated by the
available technology. Microphones and loudspeakers are
basically point-in-space devices, and most audio media
and processors are designed to handle individual chan-

nels. But sound is, by nature, a three-dimensional entity,
not counting time and frequency, and a few isolated
channels can at best represent a sparse spatial sampling
of a full acoustic sound field.

So the question is raised as to just how effective are
complete audio systems, from recording to reproduction,
at least in perceptual, psychoacoustic terms.

Any attempt to perform such an evaluation is imme-
diately faced with the conundrum as to just what should
be the ultimate goal of sound reproduction. Should we
be trying to transport the listener to the performance
site (“we are there”), or is the goal to transport the per-
formers to the listener’s living room (“they are here”).
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The answer perhaps depends on the nature of the source
material, as well as listener preference. For situational
acoustics, from walking down a busy street to riding in
a submarine, it would seem logical to go with “we are
there”. This is most commonly the case for, say, cinema
soundtracks, making a good case for surround-sound
systems in commercial and home theaters. A similar
case can be made for symphonic music, since the concert
hall is such an integral part of the experience. However,
a small ensemble or a solo artist might be more com-
pelling if holographically projected into the listening
room. Given unlimited wishes, one might hope to have
both, with the ability choose which option according
to one’s predilections. In actual practice, we might be
well served if either one is possible. But in any case,
it is perhaps worth keeping in mind in evaluating the
effectiveness of complete audio systems.

18.6.1 Monaural

For the first half century of recorded sound, monaural
was all there was. In that time, considerable expertise
was developed in microphone techniques for captur-
ing sound with a viable balance of direct and ambient
content. In this era of multichannel audio, it is easy to
dismiss mono for failing to support any formal spatial
audio cues. Still, there are times when a single channel
should, at least in theory, be adequate for the task, such
as a solo performer or other single, localized source,
in a dry (relatively echo-free) ambient environment, or
“here”. Even in that case, however, the reproducing
loudspeaker is unlikely to have the same spatial radi-
ation pattern as the original source, a problem common
to many sound formats to one degree or another, so
that even with good frequency response and low distor-
tion, the sound may be recognizable as emanating from
a loudspeaker, rather than being a clone of the original
performance. To its credit, mono does not exhibit the
double-arrival problem of phantom images common to
stereo and other multichannel formats (below), arguably
resulting in a purer, less time-smeared sound. It is also
gratifyingly free of sweet-spot dependence: one can sit
pretty much anywhere in a listening room without wor-
rying about impairment of imaging. And historically at
least, mono was a big improvement over nothing at all.

18.6.2 Stereo

Two-channel stereophonic sound has been a commercial
reality for nearly half a century, and shows little sign of
being rendered obsolete anytime soon. The intuitive at-

traction of stereo is self-evident: we have two ears, and
stereo provides two channels. On the surface, this is an
apparently compelling argument. The result should per-
fect sound reproduction, yes? Well, no, although stereo
did pretty much render mono obsolete for most media
within a few years of its commercial deployment.

Stereo provides the smallest possible increment in
spatial fidelity over mono: a horizontal line spread before
the listener. But this is likely the most important single
improvement one could hope to make, as the human ear
is most sensitive to front-center horizontal position. In
addition, performing ensembles are most often arrayed
in such a manner. The arrangement also allows render-
ing, where appropriate, of frontal ambiance in a manner
more natural than can be achieved with a single audio
channel.

An important element of stereo reproduction is the
creation of virtual images. These are sonic images that
appear suspended in space between the two speakers,
and they undoubtedly add considerably to the viability
of the format. Virtual images depend for their existence
on the primary horizontal localization cues: interaural
time differences and interaural amplitude differences.
The former cue is especially critical to the creation of
virtual images, as the total range of the cue is only about
±700 µs, corresponding to a horizontal displacement of
the listener of only about a foot. This rather undermines
the viability of stereo virtual imaging somewhat, and
renders the format decidedly sweet-spot dependent. The
situation is partially compensated by the flexibility of
the human auditory system, and its apparent ability to
use dynamically whatever cues appear to be providing
reliable localization information. A listener a little off
the center line may still experience some degree of vir-
tual imaging by virtue of the interaural amplitude cue,
which may not degrade as rapidly as the interaural time
delay cue. Indeed, in the course of mixing a multichan-
nel source to a stereo track, a recording engineer will
typically position a virtual source between the speakers
using simple amplitude panning, with zero interaural
time delay, and yet the ear generally accepts this.

But sensitivity to listener position is not the only
issue relating to virtual images. There is also that double-
arrival problem. The direct sound from almost any real
sound source will generally arrive at each ear once, and
that is it. But a virtual image from a stereo speaker ar-
ray will result in two direct arrivals at each ear, one
from each speaker. Assuming a centered listener, the
left ear will hear from the left speaker at about the same
time that the right ear hears the first arrival from the
right speaker. Then the sound from each speaker will
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cross the head, in opposite directions, and the left ear
will hear the right speaker arrival, and vice versa, a pro-
cess sometimes referred to as loudspeaker crosstalk. The
time delay between arrivals is typically on the order of
250 µs, resulting in a small, subtle, but audible notch
in the resulting response around 2 kHz. Some temporal
smearing of sharp transients may also be evident.

A final difficulty with virtual imaging of stereo sys-
tems is the relative inability to position virtual images
outside the range of the speakers. This is another conse-
quence of loudspeaker crosstalk, limiting the maximum
interaural time difference to that corresponding to the
position of the speaker, which again is about 250 µs,
and similarly limiting the maximum interaural ampli-
tude difference. One way around this would be to put
the speakers in different rooms and sit between them,
one ear in each room, with a custom-fitted baffle door-
way to block any crosstalk, which is a little impractical.
Another approach is to employ a crosstalk cancellation
(virtual-speaker) system, to cancel the second arrival at
each ear, but such systems are themselves very sweet-
spot dependent, and even then usually limited to creating
images on the horizontal plane. The most direct way to
provide sound from additional directions is to position
additional speakers around the listener, including above
and possibly below, assuming additional source chan-
nels are available to feed them, but that is no longer
a stereo sound system.

18.6.3 Binaural

Like stereophonic sound, binaural makes use of just
two channels, but it uses headphones instead of loud-
speakers to avoid the crosstalk problem. On paper, this
system seems like it should be even more perfect than
stereo. However, the effect is often to place the sound
images within the head, with little or no front/back
differentiation.

Part of the problem appears to be that the presenta-
tion does not get altered when the listener’s head moves,
so that the image follows the head movement, which is
rather unnatural. There has been some work exploring
the use of tracking headphones, which alter the sig-
nal in response to head motion, but these have not yet
been completely successful, and require more than two
channels to be available.

Another issue with binaural reproduction seems to
be the lack of pinna cues, those alterations in timing and
spectra that are imparted by the pinnae to an arriving
sound as a function of direction. Efforts to impart pinna
cues electronically have had some success, but they tend

to be as individual as fingerprints, making it difficult to
have a single binaural track which works for everyone.
There has also been some success in producing a uni-
versal binaural track by imparting a direction-dependent
room reverberation characteristic to the signals, although
some purists object to the addition, and the effect is still
somewhat listener dependent.

One experimental system that mitigates some of the
shortcomings of two-channel binaural is four-channel
binaural. This employs two dummy heads or equiv-
alently arranged directional microphones, with one
head/microphone-pair in front of the other, preferably
with an isolating baffle separating them. The resulting
four-channel recording is played over four speakers,
preferably placed close to the listener in fixed posi-
tions around the listener’s head, corresponding to the
microphone positions, possibly with a left–right isolat-
ing panel or crosstalk-canceling circuits to minimize
crosstalk. Because the front–back pair each preserve
ITD and IAD, the left–right space is properly preserved,
while front–back differentiation and externalization are
provided by using separate front and back external
drivers. Dynamic IAD and ITD cues with head mo-
tion are also at least crudely preserved by the use of
front and back channels. The resulting presentation can
exhibit good spatial fidelity.

Although it may never be suitable for general audi-
ence presentation, the binaural format has compelling
qualities for the single listener, and remains an area of
active investigation.

18.6.4 Ambisonics

This system, devised by Michael Gerzon, approximates
the sound field in the vicinity of a listener using an array
of precisely positioned loudspeakers, It is sweet-spot
dependent, so not amenable to audience presentation,
but can provide compellingly good spatial reproduction.

18.6.5 5.1-Channel Surround

The 5.1-channel format is a well-thought-out response
to the shortcomings of stereo. The format employs three
front speakers, two surround speakers placed to the side
and/or back of the listening room, and the 0.1 low-
frequency channel that only occupies a small fraction
of the total bandwidth.

The addition of the center-front speaker anchors the
front left–right spread, significantly mitigating the prob-
lems stereo has with virtual images, even with audience
presentation. The surround channels provide sound more
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to the side than can be achieved with the front speakers
(or stereo), exercising the full range of the ITD/IAD sen-
sitivity of the ear, and providing the option of a far more
immersive experience than can be attained with stereo.

The 5.1 format with high-quality source material
provides the most accurate overall audio reproduction
of any widely used format to date, within either the
“here” or “there” reproduction paradigms.

18.7 Appraisal and Speculation

We have been witness, from the crude but noble ori-
gins of sound reproduction, to an astonishing march of
progress that has, by degrees, rolled down the prob-
lems and imperfections of sound reproduction, reaching
a notably high level of performance, when considered in
basic perceptual terms.

A cynic might note that, fifty years ago, children
played little yellow plastic 78 RPM 17.78 cm discs on
phonographs that had 12.7 cm loudspeakers, and now,
after fifty years of dramatic, hard-won progress, many
people play little 12.7 cm plastic (compact) discs on
boom boxes with 12.7 cm loudspeakers. Yes, the fidelity
is better, as is the playing time, but have we really come
that far?

The apparent answer from all the above is that
a high-quality system of modern vintage can now sat-
isfy a major percentage of the electroacoustic and spatial
requirements implied by the capabilities of the human
auditory system.

This does not mean that audio engineers call all just
pack up and go home just yet. Indeed, the quantities
of audio research papers and patents published each
year show no sign of abating, giving rise to the spec-
ulation that further meaningful improvements may yet
be attained.

One can certainly wish for a few more channels,
to fill in the remaining gaps and perhaps even provide
explicit coverage above and below the listener. The issue
in that regard at this point is more of practicality than
of theory. There have been some experiments with the
addition of height or ceiling (voice of God) channels,
and the specifications for digital cinema systems allow
for the use of over a dozen channels.

One can also hope for enhanced ability to project
sound into a room, rather than having it just arrive from
the walls. That is another area of active investigation.
One approach, referred to as wave field synthesis [18.71]

has been to approximate a complete sound field by re-
producing the sound-pressure profile around a periphery,
and relying on the Huygens principle [18.72] to recre-
ate the complete interior sound field. This requires large
number of loudspeakers (192 in one experimental setup)
to avoid spatial aliasing effects.

The other well-known approach to generating inte-
rior sounds is to use an ultrasonic audio projector, which
projects acoustic signals above the audio band which
heterodyne to produce audible sound which appears to
come from a remote location [18.73].

Another problem that has only partly been solved
is that of sweet-spot sensitivity. This has long been an
issue with cinema surround-sound systems, but is no
less challenging for automotive surround systems, where
there are often no centrally located seats and speaker
locations may be less than optimal. The issues go be-
yond balanced sound to trying to provide a coherent,
immersive experience at all listening positions.

Indeed, each new venue for audio seems to come
with its own idiosyncratic problems, leading to active
investigation of how to make compelling presentations
for portable music players, cell phones, and interactive
media such as game consoles.

It is also expected that there will be continu-
ing refinement of binaural techniques for personal
listening.

Ultimately there may come a wholesale revolu-
tion in audio techniques, perhaps with laser transducers
replacing loudspeakers and microphones, along with
holographic recording of entire sound fields. For per-
sonal listening, your music player might interface
directly to your brain, bypassing the ear altogether, al-
lowing otherwise deaf people to hear, and getting rid of
that troublesome 3 kHz peak in the ear canal once and
for all.

It should make for some interesting vibes.

References

18.1 N. Aujoulat: The Cave of Lascaux (Ministry of
Culture and Communication, Paris August 2005),

http://www.culture.gouv.fr/culture/arcnat/lascaux
/en/

Part
E

1
8

Amazon    EX1014    Page 786



Audio and Electroacoustics References 779

18.2 J. Sterne: The Audible Past (Duke Univ. Press,
Durham 2003)

18.3 Thomas Edison (Wikipedia Aug. 2005)
http://en.wikipedia.org/wiki/Thomas_Edison

18.4 J.H. Lienhard: The Telegraph, Engines of Our Inge-
nuity (Univ. Houston, Houston 2004), http://www.
uh.edu/engines/epi15.htm

18.5 P. Ament: The Electric Battery (The Great Idea
Finder, Mar. 2005) http://www.ideafinder.com/
history/inventions/story066.htm

18.6 Phonograph (Wikipedia, Aug. 2005) http://en.
wikipedia.org/wiki/Phonograph#History

18.7 D. Marty: The History of the Phonautograph (Jan.
2004) http://www.phonautograph.com/

18.8 Emile Berliner and the Birth of the Recording In-
dustry, Library of Congress, Motion Picture, Broad-
casting and Recorded Sound Division (April, 2002)
http://memory.loc.gov/ammem/berlhtml/
berlhome.html

18.9 J. Bruck, A. Grundy, I. Joel: An Audio Time-
line (Audio Engineering Society, New York 1997),
http://www.aes.org/aeshc/docs/audio.history.
timeline.html

18.10 M.F. Davis: History of spatial coding, J. Audio Eng.
Soc. 51(6), 554–569 (2003)

18.11 NIH: Hearing Loss and Older Adults, NIH Pub-
lication No. 01-4913, National Institute on
Deafness and Other Communications Disor-
ders (National Inst. Health, Bethesda 2002),
http://www.nidcd.nih.gov/health/hearing/
older.asp

18.12 T. Weber: Equal Loudness (WeberVST, Kokomo
2005), http://www.webervst.com/fm.htm

18.13 E. Terhardt: Pitch Perception (Technical Univ. Mu-
nich, Munich 2000), http://www.mmk.e-technik.
tu-muenchen.de/persons/ter/top/pitch.html

18.14 B. Truax: Sound pressure level [SPL], Handbook
for Acoustic Ecology, Simon Fraser University, Van-
couver (Cambridge Street Publ., Burnaby 1999),
http://www2.sfu.ca/
sonic-studio/handbook/
Sound_Pressure_Level.html

18.15 B. Truax: Phon, Handbook for Acoustic Ecology,
Simon Fraser University, Vancouver (Cambridge
Street Publ., Burnaby 1999), http://www2.sfu.ca/
sonic-studio/handbook/Phon.html

18.16 B.G. Crockett, A. Seefeldt, M. Smithers: A new loud-
ness measurement algorithm, AES 117th Convention
Preprint 6236 (Audio Engineering Society, New York
2004)

18.17 L.H. Carney: Studies of Information Coding in the
Auditory Nerve (Syracuse Univ., Syracuse 2005)

18.18 E.D. Haritaoglu: Temporal masking (University of
Maryland, College Park 1997), http://www.umiacs.
umd.edu/ desin/Speech1/node11.html

18.19 K.M. Steele: Binaural processing (Appalachian
State Univ., Boone April 2003), http://www.acs.

appstate.edu/kms/classes/psy3203/SoundLocalize/
intensity.jpg

18.20 J. Blauert: Spatial Hearing (MIT Press, Cambridge
1983)

18.21 R. Kline: Harold Black and the negative-feedback
amplifier, IEEE Control Syst. Mag. 13(4), 82–85
(1993), DOI: 10.1109/37.229565

18.22 N. Moffatt: Wow and Flutter (Vinyl Record Collec-
tors, United Kingdom 2004),
http://www.vinylrecordscollector.
co.uk/wow.html

18.23 B. Paquette: History of the microphone (Belgium
2004), http://users.pandora.be/oldmicrophones/
microphone_history.htm

18.24 J. Strong: Understanding microphone types, Pro
Tools for Dummies (Wiley, New York 2005),
http://www.dummies.com/WileyCDA/
DummiesArticle/id-2509.html

18.25 P.V. Murphy: Carbon Microphone (Concord Uni-
versity, Athens 2003), http://students.concord.edu/
murphypv/images/35107.gif

18.26 D.A. Bohn: Ribbon Microphones (Rane Corp., Muk-
ilteo 2005), http://www.rane.com/par-r.html

18.27 H. Robjohns: A brief history of microphones, Rycote
Microphone Data Book (Rycote Microphone Wind-
shields, Stroud 2001), http://www.microphone-
data.com/pdfs/History.pdf (Rycote Microphone
Windshields, Stroud 2003)

18.28 G. M. Sessler, J. E. West: Electroacoustic Trans-
ducer Electret Microphone, US Patent Num-
ber 3118022 (1964) http://www.invent.org/hall_of_
fame/132.html (National Inventors Hall of Fame,
2002)

18.29 P.V. Murphy: Piezoelectric Microphone (Concord
University, Athens 2003), http://students.concord.
edu/murphypv/images/35108.gif

18.30 D. Stewart: Understanding microphone self
noise (ProSoundWeb, Niles 2004), http://www.
prosoundweb.com/studio/sw/micnoise.php

18.31 A.G.H. van der Donk, P.R. Scheeper, P. Bergveld:
Amplitude-modulated electro-mechanical feed-
back system for silicon condenser microphones,
J. Micromech. Microeng. 2, 211–214 (1992),
http://www.iop.org/EJ/abstract/0960-1317/2/3/024

18.32 A. Oja: Capacitive Sensors and their readout
electronics, Helsinki Univ. Technology, Physics Lab-
oratory (Helsinki Univ. Technology, Espoo 2005),
http://www.fyslab.hut.fi/kurssit/Tfy3.480/Spring
2004/Jan28_Oja/Microsensing_2004_Oja2.pdf

18.33 J.N. Caron: Gas-coupled laser acoustic detection
(Quarktet, Lanham 2005), http://www.quarktet.
com/GCLAD.html

18.34 H.M. Ladak: Anatomy of the middle ear,
Finite-Element Modelling Of Middle- Ear Pros-
theses in Cat, Master of Engineering The-
sis (McGill University, Montreal 1993), Chap.
2 http://audilab.bmed.mcgill.ca/ funnell/AudiLab/
ladak_master/chapter2.htm

Part
E

1
8

Amazon    EX1014    Page 787



780 Part E Music, Speech, Electroacoustics

18.35 Microphone Types, The Way of the Classic CD
(Musikproduktion Dabringhaus und Grimm, Det-
mold 2005), http://www.mdg.de/mikroe.htm

18.36 G. Carol: Tonearm/Cartridge Capability (Galen Carol
Audio, San Antonio 2005), http://www.gcaudio.
com/resources/howtos/tonearmcartridge.html

18.37 J.G. Holt: Down With Dynagroove, Stereophile, De-
cember 1964 (Primedia Magazines, New York 1964),
http://www.stereophile.com/asweseeit/95/

18.38 D. Krotz: From Top Quarks to the Blues, Berke-
ley Lab physicists develop way to digitally restore
and preserve audio recordings, Berkeley Lab.
Res. News 4/16/2004 (Lawrence Berkeley National
Lab., Berkeley 2004), http://www.lbl.gov/Science-
Articles/Archive/Phys-quarks-to-blues.html

18.39 S.E. Schoenherr: Loudspeaker history, Recording
Technology History (Univ. San Diego, San Diego July
2005), http://history.sandiego.edu/gen/recording/
loudspeaker.html

18.40 C.W. Rice, E.W. Kellogg: Notes on the development
of a new type of hornless loudspeaker, Trans. Am.
Inst. El. Eng. 44, 461–475 (1925)

18.41 AudioVideo 101: Speakers Enclosures (AudioVideo
101, Frisco 2005), http://www.audiovideo101.com/
learn/knowit/speakers/speakers16.asp

18.42 Eminence: Understanding loudspeaker data (Em-
inence Loudspeaker Corp., Eminence 2005),
http://editweb.iglou.com/eminence/eminence/
pages/params02/params.htm

18.43 M. Sleiman: Speaker Engineering Analysis (North-
ern Illinois University, DeKalb 2005), www.students
.niu.edu/ z109728/UEET101third%20draft.doc

18.44 Allison Acoustics: Company History (Allison Acous-
tics LLC, Danville 2005), http://www.allison
acoustics.com/history.html

18.45 D. Bohn: A fourth-order state-variable filter for
Linkwitz-Riley active crossover designs, J. Audio
Eng. Soc. Abstr. 31, 960 (1983), preprint 2011

18.46 W. Norris: Overview of hypersonic technology
(American Technology Corp., San Diego 2005),
http://www.atcsd.com/pdf/HSSdatasheet.pdf

18.47 T. Sporer: Conveying sonic spaces (Fraunhofer
Elektronische Medientechnologie, Ilmenau 2005),
http://www.emt.iis.fhg.de/projects/carrouso/

18.48 B. DePalma: Analog Audio Power Amplifier Design
(January, 1997) http://depalma.pair.com/Analog/
analog.html

18.49 E. Augenbraun: The Transistor, Public Broadcast-
ing System (ScienCentral, The American Institute
of Physics, New York 1999), http://www.pbs.org/
transistor (July 2005)

18.50 S. Portz: Who Invented The Transistor (Phys-
Link, Long Beach 2005), http://www.physlink.com/
Education/AskExperts/ae414.cfm

18.51 THAT Corp.: A brief history of VCA development (THAT
Corp., Milford 2005), http://www.thatcorp.com/
vcahist.html

18.52 M. Hart: History of Sound Motion Pictures (American
WideScreen Museum, 2000), http://www.
widescreenmuseum.com/sound/sound03.htm

18.53 L.P. Lessing: Edwin H. Armstrong, Dictionary of
American Biography, Supplement V (Scribner,
New York 1977) pp. 21–23, http://users.erols.com/
oldradio/ (2005)

18.54 A. Antoniou: Digital Filters: Analysis, Design, and
Applications, 2nd edn. (McGraw-Hill, New York
1993)

18.55 A. Antoniou: On the Origins of Digital Sig-
nal Processing (Univ. Victoria, Victoria 2004),
http://www.ece.uvic.ca/ andreas/OriginsDSP.pdf

18.56 R.W.T. Preater, R. Swain: Fourier transform fringe
analysis of electronic speckle pattern interferome-
try fringes from hinge-speed rotating components,
Opt. Eng. 33, 1271–1279 (1994)

18.57 E.O. Bringham: The Fast Fourier Transform
(Prentice-Hall, Upper Saddle River 1974)

18.58 K.C. Pohlmann: The Compact Disc Handbook, Comp.
Music Digital Audio Ser., Vol. 5, 2nd edn. (A-R Edi-
tions, Middleton 1992)

18.59 J. Despain: History of CD Technology (OneOff Media,
Salt Lake City 1999), http://www.oneoffcd.com/
info/historycd.cfm?CFID=435613&CFTOKEN=
10955739

18.60 E.T. Whittaker: On the functions which are repre-
sented by the expansions of interpolation-theory,
Proc. R. Soc. Edinburgh. 35, 181–194 (1915)

18.61 C.E. Shannon: A mathematical theory of commu-
nication, Bell Syst. Tech. J. 27, 379–423 (1948)

18.62 C.E. Shannon: A mathematical theory of commu-
nication, Bell Syst. Tech. J. 27, 623–656 (1948)

18.63 E. Meijering: Chronology of interpolation, Proc. IEEE
90(3), 319–342 (2002), http://imagescience.bigr.nl/
meijering/research/chronology/

18.64 M.T. Heideman, D.H. Johnson, C.S. Burrus: Gauss
and the history of the fast Fourier transform,
IEEE Acoust. Speech Signal Process. Mag. 1, 14–21
(1984),

18.65 M.T. Heideman, D.H. Johnson, C.S. Burrus: Gauss
and the history of the fast Fourier transform, Arch.
Hist. Exact Sci. 34, 265–277 (1985)

18.66 C.S. Burrus: Notes on the FFT (Rice University, Hous-
ton 1997), http://www.fftw.org/burrus-notes.html

18.67 P. Duhamel, M. Vetterli: Fast Fourier transforms:
A tutorial review and a state of the art, Signal
Process. 19, 259–299 (1990)

18.68 Fast Fourier Transform (Wikipedia, August 2005)
http://en.wikipedia.org/wiki/Fast_Fourier_
transform

18.69 M.F. Davis: The AC-3 multichannel coder, Audio
Engineering Society. 95th Convention 1993 (Au-
dio Engineering Society, New York 1993), Preprint
Number 3774

18.70 M.F. Davis: The AC-3 multichannel coder (Digi-
tal Audio Development, Newark 1993), http://www.
dadev.com/ac3faq.asp

Part
E

1
8

Amazon    EX1014    Page 788



Audio and Electroacoustics References 781

18.71 T. Sporer: Creating, assessing and rendering
in real time of high quality audio- visual
environments in MPEG-4 context, Information
Society Technologies (CORDIS, Luxemburg 2002),
http://www.cordis.lu/ist/ka3/iaf/projects/
carrouso.htm

18.72 G. Theile, H. Wittek: Wave field synthesis:
A promising spatial audio rendering concept,
Acoust. Sci. Tech. 25, 393–399 (2004), DOI:
10.1250/ast.25.393

18.73 E.I. Schwartz: The sound war, Technol. Rev. May
2004 (MIT, Cambridge 2004), http://www.woody
norris.com/Articles/TechnologyReview.htm

Part
E

1
8

Amazon    EX1014    Page 789



783

BiologicaPart F
Part F Biological and Medical Acoustics

19 Animal Bioacoustics
Neville H. Fletcher, Canberra, Australia

20 Cetacean Acoustics
Whitlow W. L. Au, Kailua, USA
Marc O. Lammers, Kailua, USA

21 Medical Acoustics
Kirk W. Beach, Seattle, USA
Barbrina Dunmire, Seattle, USA

Amazon    EX1014    Page 790



785

Animal Bioaco19. Animal Bioacoustics

Animals rely upon their acoustic and vibrational
senses and abilities to detect the presence of both
predators and prey and to communicate with
members of the same species. This chapter sur-
veys the physical bases of these abilities and their
evolutionary optimization in insects, birds, and
other land animals, and in a variety of aquatic
animals other than cetaceans, which are treated
in Chap. 20. While there are many individual vari-
ations, and some animals devote an immense
fraction of their time and energy to acoustic com-
munication, there are also many common features
in their sound production and in the detection
of sounds and vibrations. Excellent treatments
of these matters from a biological viewpoint are
given in several notable books [19.1, 2] and col-
lections of papers [19.3–8], together with other
more specialized books to be mentioned in the
following sections, but treatments from an acous-
tical viewpoint [19.9] are rare. The main difference
between these two approaches is that biologi-
cal books tend to concentrate on anatomical and
physiological details and on behavioral outcomes,

19.1 Optimized Communication ................... 785

19.2 Hearing and Sound Production ............. 787

19.3 Vibrational Communication .................. 788

19.4 Insects ................................................ 788

19.5 Land Vertebrates ................................. 790

19.6 Birds .................................................. 795

19.7 Bats ................................................... 796

19.8 Aquatic Animals .................................. 797

19.9 Generalities ........................................ 799

19.10 Quantitative System Analysis ................ 799

References .................................................. 802

while acoustical books use simplified anatomical
models and quantitative analysis to model whole-
system behavior. This latter is the approach to be
adopted here.

19.1 Optimized Communication

Since animals use their acoustic and vibrational senses
both to monitor their environment and to communicate
with other animals of the same species, we should ex-
pect that natural selection has optimized these sensing
and sound production abilities. One particular obvious
optimization is to maximize the range over which they
can communicate with others of the same species. Sim-
ple observation shows that small animals generally use
high frequencies for communication while large ani-
mals use low frequencies – what determines the best
choice? The belief that there is likely to be some sort
of universal scaling law involved goes back to the clas-
sic work of D’Arcy Thompson [19.10], while a modern
overview of physical scaling laws (though not includ-
ing auditory communication) is given by West and
Brown [19.11].

The simplest assumption is that the frequency is
determined simply by the physical properties of the
sound-producing mechanism. For a category of ani-
mals differing only in size, the vibration frequency
of the sound-producing organ depends upon the linear
dimensions of the vibrating structure, which are all pro-
portional to the linear size L of the animal, and upon
the density ρ and elastic modulus E of the material
from which it is made. We can thus write that the song
frequency f = Aρx Ey Lz , where A, x, y, and z are con-
stants. Since the dimensions of each side of the equation
must agree, we must have x =−1, y = 1 and z =−1,
which leads to the conclusion that song frequency should
be inversely proportional to the linear size of the animal
or, equivalently, that f ∝ M−1/3, where M is the mass
of the animal. This simple result agrees quite well with
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Fig. 19.1 The frequency ranges of the emphasized fre-
quencies of vocalization in a large range of land-dwelling
animals, plotted as a function of the mass of the animal.
The dashed line shows the regression f ∝ M−0.33 while
the solid line is the regression f ∝ M−0.4, as discussed in
the text [19.12]

observation, as shown by the dashed line in Fig. 19.1, for
a wide variety of animals, but a more detailed analysis
is desirable.

Over reasonable distances in the air, sound spreads
nearly hemispherically, so that its intensity decays like
1/R2, where R is the distance from the source. But
sound is also attenuated by atmospheric absorption, with
the attenuation coefficient varying as f 2. An optimally
evolved animal should have maximized its communica-
tion distance under the influence of these two effects. An
analysis [19.12] gives the result that f ∝ M−0.4 which,
as shown in Fig. 19.1, fits the observations even better
than the simpler result. There are, however, many out-
liers even among the animals considered, due to different
anatomies and habitats. Insects, which must produce
their sound in an entirely different way as is discussed
later, are not shown on this graph, but there is a similar
but not identical relative size relation for them too.

The total sound power produced by an animal is also
a function of its size, typically scaling about as M0.53 for
air-breathing animals of a given category. When the vari-
ation of song frequency is included, this leads [19.12]
to a conspecific communication distance proportional
about to M0.6. Again, while this trend agrees with gen-
eral observations, there are many very notable outliers
and great differences between different types of animals.
Thus, while mammals comparable in size with humans
typically produce sound power in the range 0.1–10 mW,

and large birds may produce comparable power, some
small insects such as cicadas of mass not much more
than 1 g can also produce almost continuous calls with
a power of 1 mW, as will be discussed in Sect. 19.4. At
intermediate sizes, however, many animals, particularly
reptiles, are almost mute.

Elephants represent an interesting extreme in the ani-
mal world because of their very large mass – as much as
10 tonnes. Their calls, which have a fundamental in the
range 14–35 Hz, can have an acoustic power as large as
5 W, leading to a detection distance as large as 5 km, or
even up to 10 km after sunset on a clear night [19.13]
when very low frequency propagation is aided by at-
mospheric inversion layers (Chap. 4). Vegetation too, of
course, can have a significant effect upon transmission
distance. These elephant calls are often misleadingly
referred to as “infrasonic” in the biological literature,
despite the fact that only the fundamental and perhaps
the second harmonic satisfy this criterion, and the calls
have many harmonics well within the hearing range of
humans. Indeed, even other elephants depend upon these
upper harmonics to convey information, and usually can-
not recognize the calls of members of the same family
group above a distance of about 1.5 km because of the
attenuation of harmonics above about 100 Hz through
atmospheric absorption [19.14].

When it comes to sound detection, rather similar
scaling principles operate. As will be discussed briefly
in Sect. 19.2, the basic neuro-physiological mechanisms
for the conversion of vibrations to neural impulses are
remarkably similar in different animal classes, so that
it is to be expected that auditory sensitivity should vary
roughly as the area of the hearing receptor, and thus
about as M2/3, and this feature is built into the analysis
referred to above. While a few animals have narrow-band
hearing adapted to detecting particular predators – for
example caterpillars detecting wing beats from wasps –
or for conspecific communication, as in some insects,
most higher animals require a wide frequency range so
as to detect larger predators, which generally produce
sounds of lower frequency, and smaller prey, which may
produce higher frequencies. The auditory range for most
higher animals therefore extends with reasonable sensi-
tivity over a frequency range of about a factor 300, with
the central frequency being higher for smaller animals.
In the case of mammals comparable in size to humans,
the range for mature adults is typically about 50 Hz to
15 kHz. This wide range, however, means that irrele-
vant background noise can become a problem, so that
conspecific call frequencies may be adapted, even over
a short time, to optimize communication. Small echo-
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Animal Bioacoustics 19.2 Hearing and Sound Production 787

locating animals, such as bats, generally have a band of
enhanced hearing sensitivity and resolution near their
call frequency.

Aquatic animals, of course, operate in very different
acoustic conditions to land animals, because the density
of water nearly matches that of their body tissues. In ad-

dition, while the water medium may be considered to
be essentially three-dimensional over small distances, it
becomes effectively two-dimensional for the very long-
distance communication of which some large aquatic
animals are capable. Some of these matters will be
discussed in Sect. 19.8.

19.2 Hearing and Sound Production

Despite the large differences in anatomy and the great
separation in evolutionary time between different an-
imals, there are many surprising similarities in their
mechanisms of sound production and hearing. The ba-
sic mechanism by which sound or vibration is converted
to neural sensation is usually one involving displace-
ment of a set of tiny hairs (cilia) mounted on a cell in
such a way that their displacement opens an ion channel
and causes an electric potential change in the cell, ulti-
mately leading to a nerve impulse. Such sensory hairs
occur in the lateral line organs of some species of fish,
supporting the otoliths in other aquatic species, and in
the cochlea of land-dwelling mammals. Even the sen-
sory cells of insects are only a little different. In the
subsequent discussion there will not be space to con-
sider these matters more fully, but they are treated in
more detail in Chap. 12.

Somewhat surprisingly, the auditory sensitivities of
animals differing widely in both size and anatomy vary
less than one might expect. Human hearing, for exam-
ple, has a threshold of about 20 µPa in its most sensitive
frequency range between 500 Hz and 5 kHz, where most
auditory information about conspecific communication
and the cries of predators and prey is concentrated, and
the sensitivity is within about 10 dB of this value over
a frequency range from about 200 Hz to 7 kHz. Other
mammals have very similar sensitivities with frequency
ranges scaled to vary roughly as the inverse of their linear
dimensions, as discussed in Sect. 19.1. Insects in gen-
eral have narrower bandwidth hearing matched to song
frequencies for conspecific communication. Of course,
with all of these generalizations there are many outliers
with very different hearing abilities.

Sound production mechanisms fall into two cate-
gories depending upon whether or not the animal is
actively air-breathing. For air-breathing animals there
is an internal air reservoir, the volume and pressure of
which are under muscular control, so that air can be ei-
ther inhaled or exhaled. When exhalation is done through
some sort of valve with mechanically resonant flaps or

membranes, it can set the valve into vibration, thus pro-
ducing an oscillatory exhalation of air and so a sound
source. In the case of aquatic mammals, which are also
air-breathing, it would be wasteful to exhale the air,
so that it is instead moved from one reservoir to an-
other through the oscillating valve, the vibration of the
thin walls of one of the reservoirs then radiating the
sound, as is discussed in more detail in Chap. 19. An-
imals such as insects that do not breathe actively must
generally make use of muscle-driven mechanical vibra-
tions to produce their calls, though a few such as the
cockroach Blaberus can actually make “hissing” noises
through its respiratory system when alarmed.

The amount of muscular effort an animal is prepared
to expend on vocalization varies very widely. Humans,
apart from a few exceptions such as trained singers, can
produce a maximum sound output of a few hundred mil-
liwatts for a few seconds, and only about 10 mW for
an extended time. In terms of body mass, this amounts
to something around 0.1 mW kg−1. At the other end of
the scale, some species of cicada with body mass of
about 1 g can produce about 1 mW of sound output at
a frequency of about 3 kHz, or about 1000 mW kg−1

on a nearly continuous basis. An interesting compara-
tive study of birdsongs by Brackenbury [19.15] showed
sound powers ranging from 0.15 to 200 mW and relative
powers ranging from 10 to 870 mW kg−1. The clear win-
ner on the relative power criterion was the small Turdus
philomelos with a sound output of 60 mW and a body
mass of only 69 g, equivalent to 870 mW kg−1, while
the loudest bird measured was the common rooster Gal-
lus domesticus with a sound output during crowing of
200 mW. Its body mass of 3500 g meant, however, that
its relative power was only 57 mW kg−1.

Nearly all sound-production mechanisms, ranging
from animals through musical instruments to electrically
driven loudspeakers, are quite inefficient, with a ra-
tio of radiated acoustic power to input power of not
much more than 1%, and often a good deal less than
this. In the case of air-breathing animals, the losses
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788 Part F Biological and Medical Acoustics

are largely due to viscosity-induced turbulence above
the vocal valve, while in insects that rely upon vibrat-
ing body structures internal losses in body tissue are
dominant. Wide-bandwidth systems such as the human
vocal apparatus are generally much less efficient than

narrow-band systems, the parameters of which can be
optimized to give good results at a single song frequency.
To all this must then be added the internal metabolic
loss in muscles, which has not been considered in the
1% figure.

19.3 Vibrational Communication

Most animals are sensitive to vibrations in materials or
structures with which they have physical contact. Even
humans can sense vibrations over a reasonably large fre-
quency range by simply pressing finger tips against the
vibrating object, while vibrations of lower frequency can
also be felt through the feet, without requiring any spe-
cialized vibration receptors. Many insects make use of
this ability to track prey and also for conspecific com-
munication, and some for which this mode of perception
is very important have specialized receptors, called sub-
genual organs, just below a leg joint. A brief survey for
the case of insects has been given by Ewing [19.16].

For water gliders and other insects that hunt insects
that have become trapped by surface tension on the sur-
face of relatively still ponds, the obvious vibratory signal
is the surface waves spreading out circularly from the
struggles of the trapped insect. The propagation of these
surface waves on water that is deep compared with the
wavelength has been the subject of analysis, and the cal-
culated wave velocity cs, which is influenced by both
the surface tension T of water and the gravitational ac-
celeration g, is found to depend upon the wavelength λ

according to the relation

cs =
(

2πT

ρwλ
+ gλ

2π

)1/2

, (19.1)

where ρw is the density of water. From the form of this
relation it is clear that the wave speed has a minimum
value when λ= 2π(T/gρw)1/2, and substituting numer-
ical values then gives a wavelength of about 18 mm,
a propagation speed of about 24 cm s−1, and a fre-
quency of about 1.3 Hz. Waves of about this wavelength
will continue to move slowly across the surface after

other waves have dissipated. The attenuation of all these
surface waves is, however, very great.

From (19.1) it is clear that, at low frequencies
and long wavelengths, the wave speed cs is con-
trolled by gravitational forces and cs ≈ g/ω. These are
called gravity waves. At high frequencies and short
wavelengths, surface tension effects are dominant and
cs ≈ (Tω/ρw)1/3. These are called capillary waves. The
frequencies of biological interest are typically in the
range 10 to 100 Hz, and so are in the in the lower part
of the capillary-wave regime, a little above the cross-
over between these two influences, and the propagation
speeds are typically in the range 30 to 50 cm s−1.

For insects and other animals living aloft in trees and
plants, the waves responsible for transmission of vibra-
tion are mostly bending waves in the leaves or branches.
The wave speed is then proportional to the square root
of the thickness of the structure and varies also as the
square root of frequency. Transmission is very slow com-
pared with the speed of sound in air, although generally
much faster than the speed of surface waves on water.
Once again, the attenuation with propagation distance is
usually large.

Disturbances on heavy solid branches or on solid
ground also generate surface waves that can be detected
at a distance, but these waves propagate with nearly the
speed of shear waves in the solid, and thus at speeds of
order 2000 m s−1. On the ground they are closely related
to seismic waves, which generally have much larger am-
plitude, and animals can also detect these. Underground,
of course, as when an animal is seeking prey in a shal-
low burrow, the vibration is propagated by bulk shear
and compressional waves.

19.4 Insects

The variety of sound production and detection mechan-
isms across insect species is immense [19.3,16–18], but
their acoustic abilities and senses possess many features
in common. Many, particularly immature forms such as
caterpillars but also many other insects, use external sen-

sory hairs to detect air movement and these can sense
both acoustic stimuli, particularly if tuned to resonance,
or the larger near-field air flows produced by the wings
of predators [19.19]. These hairs respond to the viscous
drag created by acoustic air flow past them and, since
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this is directional, the insect may be able to gain some
information about the location of the sound source.

Analysis of the behavior of sensory hairs is com-
plex [19.19], but some general statements can be made.
Since what is being sensed is an oscillatory flow of air
across the surface of the insect, with the hair stand-
ing normal to this surface, it is important that the hair
be long enough to protrude above the viscous bound-
ary layer, the thickness of which varies inversely with
the square root of frequency and is about 0.1 mm at
150 Hz. This means that the length of the hair should
also be about inversely proportional to the frequency of
the stimulus it is optimized to detect, and that it should
typically be at least a few tenths of a millimeter in length.
The thickness of the hair is not of immense importance,
provided that it is less than about 10 µm for a typical
hair, since much of the effective mass is contributed by
co-moving fluid. At the mechanical resonance frequency
of the hair, the sensitivity is a maximum, and the hair
tip displacement is typically about twice the fluid dis-
placement, provided the damping at the hair root is not

Tube
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Fig. 19.2 (a) Schematic drawing of the auditory anatomy
of a cricket. (b) Simplified electric network analog for this
system. The impedances of the tympana and the septum
are each represented by a set of components L, R,C con-
nected in series; the tube impedances are represented by
2 × 2 matrices. The acoustic pressures pi acting on the sys-
tem are generally all nearly equal in magnitude, but differ
in phase depending upon the direction of incidence of the
sound

large, but the response falls off above and below this
frequency.

Mature insects of some species, however, have au-
ditory systems that bear a superficial resemblance to
those of modern humans in their overall structure. Thus
for example, and referring to Fig. 19.2a, the cricket has
thin sensory membranes (tympana or eardrums) on its
forelegs, and these are connected by tubes (Eustachian
tubes) that run to spiracles (nostrils) on its upper body,
the left and right tubes interacting through a thin mem-
brane (nasal septum) inside the body. Analysis of this
system [19.9] shows that the tubes and membranes are
configured so that each ear has almost cardioid response,
directed ipsilaterally, at the song frequency of the insect,
allowing the insect to detect the direction of sound ar-
rival. Some simpler auditory systems showing similar
directional response are discussed in Sect. 19.5.

Detailed analysis of the response of anatomically
complex systems such as this is most easily carried
out using electric network analogs, in which pressure
is represented by electric potential and acoustic flow by
electric current. Tubes are then represented as 2 × 2 ma-
trices, diaphragms by L, R,C series resonant circuits,
and so on, as shown in Fig. 19.2b. Brief details of this
approach are given in Sect. 19.10 and fuller treatments
can be found in the published literature [19.9, 20].

When it comes to sound production, insects are very
different from other animals because they do not have
the equivalent of lungs and a muscle-driven respira-
tory systems. They must therefore generally rely upon
muscle-driven vibration of diaphragms somewhere on
the body in order to produce sound. One significant
exception is the Death’s Head Hawk Moth Acherontia
atropos, which takes in and then expels pulses of air
from a cavity closed by a small flap-valve that is set into
oscillation by the expelled air to produce short sound
pulses [19.16].

Some insects, such as cicadas, have a large ab-
dominal air cavity with two areas of flexible ribbed
cartilage that can be made to vibrate in a pulsatory man-
ner under muscle action, progressive buckling of the
membrane as the ribs flip between different shapes ef-
fectively multiplying the frequency of excitation by as
much as a factor 50 compared with the frequency of
muscle contraction. The coupling between these tymbal
membranes and the air cavity determines the oscilla-
tion frequency, and radiation is efficient because of the
monopole nature of the source. The sound frequency is
typically in the range 3 to 5 kHz, depending upon insect
size, and the radiated acoustic power can be as large as
1 mW [19.21] on an almost continuous basis, though the
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File

Resonant structure

Pic

Fig. 19.3 Configuration of a typical file and pic as used by
crickets and other animals to excite resonant structures on
their wing cases

actual sound signal may consist of a series of regularly
spaced bursts corresponding to tymbal collapses and re-
bounds. Again, there are occasional insects that have
developed extreme versions of this sound producing
mechanism, such as the bladder cicada Cystosoma Saun-
dersii (Westwood), in which the whole greatly extended
abdomen is a resonant air sac and the song frequency is
only 800 Hz.

Most other insects do not have significant bodily air
cavities and must produce sound by causing parts of
their body shell or wings to vibrate by drawing a ribbed
file on their legs, or in some cases on their wings, across
the hard rim of the membrane, as shown in Fig. 19.3.
The anatomical features making up the file and vibrat-
ing structure vary very greatly across species, as has been
discussed and illustrated in detail by Dumortier [19.22].
In some cases the file is located on the vibrating struc-
ture and the sharp pic on the part that is moving. The
passage of the pic across each tooth or rib on the file
generates a sharp impulse that excites a heavily damped
transient oscillation of the vibrator, and each repetitive
motion of the leg or other structure passes the pic over
many teeth. A typical insect call can therefore be sub-
divided into (a) the leg motion frequency, (b) the pic
impact frequency on the file, and (c) the oscillation fre-
quency of the vibrating structure. Since the file may have
10 or more teeth, the frequency of the pic impacts will
be more than 10 times the frequency of leg motion, and

a)

b)

Fig. 19.4a,b Structure of the sound emitted by a typical
insect: (a) three strokes of the file, the individual oscillations
being the pic impacts on the file teeth; (b) expanded view
of four of the pulses in (a), showing resonant oscillations of
the structure produced by successive pic impacts on the file

the structural oscillation may be 10 times this frequency.
The structure of a typical call is thus of the form shown in
Fig. 19.4. The dominant frequency is usually that of the
structural vibration, and this varies widely from about
2 to 80 kHz depending upon species and size [19.23].
Because of the structure of the call, the frequency spec-
trum appears as a broad band centered on the structural
vibration frequency.

Such a vibrating membrane is a dipole source and
so is a much less efficient radiator than is a monopole
source, except at very high frequencies where the wing
dimensions become comparable with the sound wave-
length excited. Small insects therefore generally have
songs of higher frequency than those that are larger,
in much the same way as discussed in Sect. 19.1 for
other animals. Some crickets, however, have evolved
the strategy of digging a horn-shaped burrow in the
earth and positioning themselves at an appropriate place
in the horn so as to couple their wing vibrations effi-
ciently to the fundamental mode of the horn resonator,
thus taking advantage of the dipole nature of their
wing source and greatly enhancing the radiated sound
power [19.24].

19.5 Land Vertebrates

The class of vertebrates that live on land is in many ways
the most largely studied, since they bear the closest re-
lation to humans, but these animals vary widely in size
and behavior. Detailed discussion of birds is deferred to
Sect. 19.6, since their songs warrant special attention,
while human auditory and vocal abilities are not con-

sidered specifically since they are the subject of several
other chapters. Reptiles, too, are largely omitted from
detailed discussion, since most of them are not notably
vocal, and bats are given special attention in Sect. 19.7.

The feature possessed by all the land-dwelling verte-
brates is that they vocalize using air expelled from their
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inflated lungs through some sort of oscillating vocal
valve. The available internal air pressure depends upon
the emphasis put by the species on vocalization, but is
typically in the range 100–2000 Pa (or 1–20 cm water
gauge) almost independent of animal size, which is what
is to be expected if the breathing muscles and lung cavity
diameter scale about proportionally with the linear size
of the animal. There are, however, very wide variations,
as discussed in Sect. 19.2. The auditory abilities of most
animals are also rather similar, the 20 dB bandwidth ex-
tending over a factor of about 100 in frequency and
with a center-frequency roughly inversely proportional
to linear size, though again there are outliers, as shown
in Fig. 19.1. Although the auditory and vocalization fre-
quencies of different animals both follow the same trend
with size, the auditory systems generally have a much
larger frequency range than the vocalizations for several
reasons. The first is that hearing serves many purposes
in addition to conspecific communication, particularly
the detection of prey and predators. The second is that,
particularly with the more sophisticated animals, there
are many nuances of communication, such as the vowels
and consonants in human speech, for which information
is coded in the upper parts of the vocalization spectrum.

a) b)

Fig. 19.5a,b A typical time-resolved spectrum for (a) hu-
man female speech, and (b) the cry of a raven, the level of
each frequency component being indicated by its darkness.
The frequency range is 0–6 kHz and the duration about 0.7 s
in (a) and 0.5 s in (b). It can be seen that at any instant the
spectrum consists of harmonics of the fundamental, with
particular bands of frequencies being emphasized. These
are the formant bands that distinguish one vowel from an-
other in humans and enable similar distinctions to be made
by other animals. Consonants in human speech consist of
broadband noise, an example occurring at the beginning
of the second syllable in (a), and other animals may have
similar interpolations between the tonal sounds

For humans, for example, the primary vocalization fre-
quency is typically in the range 100 to 300 Hz, but the
frequency bands that are emphasized in vowel formants
lie between 1 and 3 kHz. The same pattern is exhibited
in the vocalizations of other air-breathing animals, as
shown for the case of a raven in Fig. 19.5. The same
formant structure is seen in the cries of elephants, with
a fundamental in the range 25–30 Hz and in high-pitched
bird songs, which may have a fundamental above 4 kHz.

In most such animals, sound is produced by exhal-
ing the air stored in the lungs through a valve consisting
of two taut tissue flaps or membranes that can be made
to almost close the base of the vocal tract, as shown
in Fig. 19.6a. The lungs in mammals are a complicated

a)

b)

Lung

Bronchus Trachea

Vocal
folds Tongue

Lips

Mouth

Lung

Bronchus

Trachea

Beak

Mouth

TongueSyrinx

Fig. 19.6 (a) Sketch of the vocal system of a typical land
mammal. The lungs force air through the dual-flap vocal-
fold valve, producing a pulsating flow of air that is rich
in harmonics of the fundamental frequency. Resonances of
the upper vocal tract, which can be modified by motion of
the tongue and lips, produce formants in the sound spec-
trum which encode vocal information. (b) Sketch of the
vocal system of a typical song-bird. There are two inflated-
membrane valves in the syrinx just below the junction of
the bronchi with the trachea, which may be operated ei-
ther separately or together. Again a harmonic-rich airflow
is produced that can either have formants imposed by reso-
nances of the vocal tract and beak, or can be filtered to near
pure-tone form by an inflated sac in the upper vocal tract
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quasi-fractal dendritic network of tubules with as many
as 16 stages of subdivision, the final stage being ter-
minated by alveolar sacs that provide most of storage
volume. The interaction of exhaled air pressure and air
flow with the flaps of this valve when they have been
brought together (or adducted) causes them to vibrate
at very nearly their natural frequency, as determined by
mass and tension, and this in turn leads to an oscillat-
ing air flow through the valve. The classic treatment of
the human vocal valve is that of Ishizaka and Flana-
gan [19.25], but there have been many more recent
treatments exploring modifications and refinements of
this model. Very similar vocal valves are found in other
mammals, while the major difference in the case of birds
is that the flaps of the vocal folds are replaced by opposed
taut membranes inflated by air pressure in cavities be-
hind them, and there may be two such valves, as shown
in Fig. 19.6b and discussed later in Sect. 19.6.

In most cases, the vibration frequency of the valve
is very much lower than the frequency of the first max-
imum in the upper vocal tract impedance. The valve
therefore operates in a nearly autonomous manner at
a frequency determined by its geometry, mass and ten-
sion and, to a less extent, by the air pressure in the
animal’s lungs. Because any such valve is necessarily
nonlinear in its flow properties, particularly if it actually
closes once in each oscillation cycle, this mechanism
generates an air flow, and thus a sound wave in the vo-
cal tract, containing all harmonics of the fundamental
oscillation. The radiated amplitudes of these harmonics
can be modified by resonances in the air column of the
vocal tract to produce variations in sound quality and
peaks in the radiated spectrum known generally as vo-
cal formants. Changing the tension of the valve flaps
changes the fundamental frequency of the vocal sound,
but the frequencies of the formants can be changed in-
dependently by moving the tongue, jaws, and lips or
beak.

To be more quantitative, suppose that the pressure
below the valve is p0 and that above the valve p1. If the
width of the opening is W and its oscillating dimension
is x(t), then the volume flow U1 through it is determined
primarily by Bernoulli’s equation and is approximately

U1(t)=
(

2(p0− p1)

ρ

)1/2

Wx(t) , (19.2)

where ρ is the density of air. In order for the valve to
be maintained in oscillation near its natural frequency
f , the pressure difference p0− p1 must vary with the
flow and with a phase that is about 90◦ in advance of the
valve opening x(t). This can be achieved if the acous-

tic impedance of the lungs and bronchi is essentially
compliant, and that of the upper vocal tract small, at the
oscillation frequency. The fact that this pressure differ-
ence appears as a square root in (19.2) then introduces
upper harmonic terms at frequencies 2 f , 3 f, . . . into
the flow U(t). Allowance must then be made for the
fact that the vocal valve normally closes for part of each
oscillation cycle, so that x(t) is no longer simply sinu-
soidal, and this introduces further upper-harmonic terms
into the flow. This is, of course, a very condensed and
simplified treatment of the vocal flow dynamics, and
further details can be found in the literature for the case
of mammalian, and specifically human, animals [19.25]
and also for birds [19.26].

This is, however, only the beginning of the analysis,
for it is the acoustic flow out of the mouth that determines
the radiated sound, rather than the flow from the vocal
valve into the upper vocal tract. Suppose that the acoustic
behavior of the upper vocal tract is represented by a 2 ×2
matrix, as shown in Fig. 19.11 of Sect. 19.10, and that
the mouth or beak is regarded as effectively open so that
the acoustic pressure p2 at this end of the tract is almost
zero. Then the acoustic volume flow U2 out of the mouth
at a particular angular frequency ω is

U2 = Z21

Z22
U1 , (19.3)

where U1 is the flow through the larynx or syrinx at this
frequency. For the case of a simple cylindrical tube of
length L at angular frequency ω, this gives

U2 = U1

cos kL
, (19.4)

where k = (ω/c)− iα, c is the speed of sound in air, and
α is the wall damping in the vocal tract. If the spec-
trum of the valve flow U1 has a simple envelope, as is
normally the case, then (19.4) shows that the radiated
sound power, which is proportional to ω2U2

2 , has max-
ima when ωL/c= (2n−1)π/2, and thus in a sequence
1, 3, 5, . . . These are the formant bands, the precise fre-
quency relationship of which can be varied by changing
the geometry of the upper vocal tract, which in turn
changes the forms of Z21 and Z22.

Some other air-breathing animals (and even human
sopranos singing in their highest register) however, ad-
just their vocal system so that the frequency of the vocal
valve closely matches a major resonance of the upper
vocal tract, usually that of lowest frequency but not nec-
essarily so. Some species of frogs and birds achieve this
by the incorporation of an inflatable sac in the upper vo-
cal tract. In some cases the sac serves simply to provide
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a resonance of appropriate frequency, and the sound is
still radiated through the open mouth, but in others the
walls of the sac are very thin so that they vibrate under
the acoustic pressure and provide the primary radiation
source. This will be discussed again in Sect. 19.6 in re-
lation to bird song, but the analysis for frog calls is
essentially the same.

The overall efficiency of sound production in ver-
tebrates is generally only 0.1–1%, which is about the
same as for musical instruments. The acoustic output
power output is typically in the milliwatt range even for
quite large animals, but there is a very large variation
between different species in the amount of effort that is
expended in vocalization.

The hearing mechanism of land-dwelling vertebrates
shows considerable similarity across very many species.
Sound is detected through the vibrations it induces in
a light taut membrane or tympanum, and these vibrations
are then communicated to a transduction organ where
they are converted to nerve impulses, generally through
the agency of hair cells. The mechanism of neural trans-
duction and frequency discrimination is complex, and its
explanation goes back to the days of Helmholtz [19.27]
in the 19th century, with the generally accepted cur-
rent interpretation being that of von Békésy [19.28] in
the mid-20th century. Although these studies related
specifically to human hearing, the models are generally
applicable to other land-dwelling vertebrates as well, as
surveyed in the volume edited by Lewis et al. [19.29].
All common animals have two auditory transducers, or
ears, located on opposite sides of the head, so that they
are able to gain information about the direction from
which the sound is coming.

In the simplest such auditory system, found for ex-
ample in frogs, the two ears open directly into the mouth
cavity, as shown in Fig. 19.7a, one neural transducer be-
ing closely coupled to each of the two tympana. Such
a system is very easily analyzed at low frequencies where
the cavity presents just a simple compliance with no res-
onances of its own. Details of the approach are similar to
those for the more complex system to be discussed next.
For a typical case in which the ears are separated by
20 mm, the cavity volume is 1 cm3, and the loaded tym-
panum resonance is at 500 Hz, the calculated response
has the form shown in Fig. 19.7b. Directional discrimi-
nation is best at the tympanum resonance frequency and
can be as much as 20 dB. In a more realistic model for
the case of a frog, the nostrils must also be included,
since they lead directly into the mouth and allow the en-
try of sound. The calculated results in this case show
that the direction of maximum response for each ear is
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Fig. 19.7 (a) A simple frog-ear model; (b) the calculated
frequency response for ipsilateral (I) and contralateral (C)
sound signals for a particular optimized set of parameter
values; (c) the calculated directivity at different frequencies,
shown in kHz as a parameter (from [19.9])
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Fig. 19.8 (a) Idealized model of the auditory system of
a lizard or bird. Each tympanum is connected to a neural
transducer and the two are joined by a simple tube. (b) Re-
sponse of a particular case of the system in (a) to ipsilateral
(I) and contralateral (C) sound of amplitude 0.1 Pa (equiva-
lent to 74 dB re 20 µPa). The tube diameter is assumed to
be 5 mm and its length 20 mm, while the tympana have
a thickness of 10 µm and are tensioned to a resonance fre-
quency of 1000 Hz. (c) Directional response of this hearing
system (from [19.9])
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shifted towards the rear of the animal, typically by as
much as 30◦ [19.9].

In another simple auditory system such as that of
most reptiles, and surprisingly birds, the two tympana
are located at the ends of a tube passing through the head
and each is supplied with its own neural transducer, as
shown in Fig. 19.8a. The tympana may be recessed at the
end of short tubes to provide protection, these tubes only
slightly modifying the frequency response. The behav-
ior of such a system can be analyzed using the electric
network analogs discussed in Sect. 19.10, with each tym-
panum involving a series L , R, C combination and the
tube being represented by a 2 × 2 impedance matrix Zij .
If the sound comes from straight in front, then it is the
same in magnitude and phase at each ear, so that their
responses are necessarily the same. When the sound
comes from one side, however, there is a phase differ-
ence between the two ear pressures, along with a rather
less significant amplitude difference. The motion of each
tympanum is determined by the difference between the
internal and external pressures acting upon it, and the in-
ternal pressure depends upon the signal transferred from
the opposite tympanum, modified by the phase delay or
resonance of the coupling tube. The analysis is straight-
forward, but the resulting behavior, which depends upon
the mass and tension of the tympana and the length and
diameter of the connecting tube, can only be determined
by explicit calculation [19.9]. When these parameters
are appropriately chosen, each ear has a strongly di-
rectional response near the resonance frequency of the
tympana, as shown in Fig. 19.8b, c. The balance between
the depth and sharpness of the contralateral minimum is
affected by the acoustic absorption in the walls of the
connecting canal. In some animals, the bone lining of
this canal is actually porous, which reduces the effec-
tive sound-wave velocity inside it and so increases the
phase shift between internal and external signals, a fea-
ture that is of assistance when the physical separation of
the ears is small.

In most mammals and other large animals, the audi-
tory system is modified in several significant ways. The
first is that the auditory canal joining the two ears in birds
and reptiles has generally degenerated in mammals to
the extent that each ear functions nearly independently.
The connecting canal in humans has become the pair
of Eustachian tubes running from the middle ear cav-
ity, which contains the bones linking the tympanum to
the cochlea, down to the nasal cavities, and its main

purpose is now simply to equalize internal and external
static pressures and to drain excess fluids. The middle
ear cavity itself is necessary in order that the enclosed
air volume be large enough that it does not raise the res-
onance frequency of the tympanum by too much. The
topology of the whole system is surprisingly similar to
that of the cricket auditory system shown in Fig. 19.2a,
but the functions of some of the elements are now rather
different.

The other major change is that, instead of the tym-
pana being located almost on the surface of the animal,
they are buried below the surface at the end of short audi-
tory canals (meati), which lead to external ears (pinnae)
in the shape of obliquely truncated horns. As well as
protecting the tympana from mechanical damage, the
canals add a minor resonance of their own, generally
in the upper part of the auditory range of the animal
concerned. The pinnae both increase the level of the
pressure signal, typically by about 10 dB and in some
cases even more, and impart a directionality to the re-
sponse [19.9, 30]. The convoluted form of some pinnae
also imparts directionally-excited resonances that help
distinguish direction from tonal cues, a feature that is
necessary in order to distinguish up/down directions for
sounds coming from immediately ahead or immediately
behind. Some animals with particularly large pinnae,
such as kangaroos, are able to rotate these independently
to help locate a sound source. In all such cases, however,
the neural system plays a large part in determining sound
direction by comparing the phases and amplitudes, and
sometimes the precise timing of transients, in the signals
received by the two ears.

In a hearing system of any simple type it is clear that,
if geometrical similarity is maintained and the system
is simply scaled to the linear size of the animal con-
cerned, then the frequency of maximum discrimination
will vary as the inverse of the linear size of the animal,
giving an approximate match to general trend of vocal-
ization behavior. There is, however, one anomaly to be
noted [19.31]. Vocalizations by some frogs have funda-
mental frequencies as high as 8 kHz and the vocal signal
contains prominent formant bands in the case studied at
20 kHz and 80 kHz, so that they might almost be classed
as ultrasonic. Despite this, behavioral evidence indicates
that these frogs cannot hear signals much above 10 kHz,
so that perhaps the formant bands are simply an epiphe-
nomenon of the sound production system. The same is
true of the calls of some birds.
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19.6 Birds

Because of their generally melodious songs, birds have
excited a great deal of attention among researchers, as
described in several classic books [19.32, 33]. Hearing
does not require further discussion because the audi-
tory system is of the simple tube-coupled type discussed
in Sect. 19.5 and illustrated in Fig. 19.8. Research in-
terest has focused instead on the wide range of song
types that are produced by different species. These range
from almost pure-tone single-frequency calls produced
by doves, and whistle-like sounds sweeping over more
than a 2:1 frequency range produced by many other
species, through wide-band calls with prominent for-
mants, to the loud and apparently chaotic calls of the
Australian sulfur-crested cockatoo. Some birds can even
produce two-toned calls by using both syringeal valves
simultaneously but with different tuning.

As noted in Sect. 19.5 and illustrated in Fig. 19.6b,
song birds have a syrinx consisting of dual inflated-
membrane valves, one in each bronchus just below their
junction with the trachea. These valves can be operated
simultaneously and sometimes at different frequencies,
but more usually separately, and produce a pulsating
air-flow rich in harmonics. In birds such as ravens, the
impedance maxima of the vocal tract, as measured at
the syringeal valve, produce emphasized spectral bands
or formants much as in human speech, as is shown in
Fig. 19.5. The vocal tract of a bird is much less flexible in
shape than is that of a mammal, but the formant frequen-
cies can still be altered by changes in tongue position and
beak opening. Studies with laboratory models [19.34]
show that the beak has several acoustic functions. When
the beak is nearly closed, it presents an end-correction
to the trachea that is about half the beak length at
high frequencies, but only about half this amount at
low frequencies, so that the formant resonances are
brought closer together in frequency. As the beak gape
is widened, the end-correction reduces towards the nor-
mal value for a simple open tube at all frequencies. The
beak also improves radiation efficiency, particularly at
higher frequencies, by about 10 dB for the typical beak
modeled. Finally, the beak enhances the directionality
of the radiated sound, particularly at high frequencies
and for wide gapes, this enhanced directionality being
as much as 10 dB compared with an isotropic radiator.

The role of the tongue has received little attention
as yet, partly because it is rather stiff in most species of
birds. It does, however, tend to constrict the passage be-
tween the top of the trachea and the root of the beak,
and this constriction can be altered simply by raising

the tongue, thereby exaggerating the end-correction pro-
vided to the trachea by the beak. These models of beak
behavior can be combined with models of the syrinx
and upper vocal tract [19.26] to produce a fairly good
understanding of vocalization in birds such as ravens.
The fundamental frequency of the song can be changed
by changing the muscle tension and thus the natural
resonance frequency of the syringeal valve, while the
formants, and thus the tone of the song, can be var-
ied by changing the beak opening and tongue position.
The role of particular anatomical features and muscu-
lar activities in controlling the fundamental pitch of the
song has since been verified by careful measurement and
modeling [19.35, 36].

Some birds have developed the ability to mimic oth-
ers around them, a notable example being Australian
Lyrebirds of the family Menuridae which, as well as
imitating other birds, have even learned to mimic human-
generated sounds such as axe blows, train whistles, and
even the sound of film being wound in cameras. There
has also been considerable interest in the vocalization
of certain parrots and cockatoos, which can produce,
as well as melodious songs, quite intelligible imitations
of human speech. The important thing here is to pro-
duce a sound with large harmonic content and then to
tune the vocal tract resonances, particularly those that
have frequencies in the range 1–2.5 kHz, to match those
of the second and third resonances of the human vo-
cal tract, which are responsible for differentiating vowel
sounds. Consonants, of course, are wide-band noise-like
transients. Careful studies of various parrots [19.37, 38]
show that they can achieve this by careful positioning
of the tongue, much in the way that humans achieve
the same thing but with quantitative differences be-
cause of different vocal tract size. The match to human
vowels in the second and third human formants can be
quite good. The first formant, around 500 Hz in humans,
is not reproduced but this is not important for vowel
recognition.

These studies produce a good understanding of the
vocalization of normal song-birds, the calls of which
consist of a dominant fundamental accompanied by
a range of upper harmonics. Less work has been done
on understanding the nearly pure-tone cries of other
birds. For many years there has been the supposition that
the sound production mechanism in this case was quite
different, perhaps involving some sort of aerodynamic
whistle rather than a syringeal vibration. More recent ex-
perimental observations on actual singing birds, using
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modern technology [19.39], have established however
that, at least in the cases studied, the syringeal valve is in
fact normally active, though it does not close completely
in any part of the cycle, thus avoiding the generation of
large amplitudes of upper harmonics. Suppression of up-
per harmonics can also be aided by filtering in the upper
vocal tract [19.40].

In the case of doves, which produce a brief pure-tone
“coo” sound at a single frequency, the explanation ap-
pears to lie in the use of a thin-walled inflated esophageal
sac and a closed beak, with fine tuning provided by an
esophageal constriction [19.41]. The volume V of air
enclosed in the sac provides an acoustic compliance
C = V/ρc2 that is in parallel with an acoustic inertance
L = m/S2 provided by the mass m and surface area S
of the sac walls. The resonance frequency f of this sac
filter is given by

f = 1

2π

(
ρc2S2

mV

)1/2

, (19.5)

where ρ is the density of air and c is the speed of sound
in air. When excited at this frequency by an inflow of
air from the trachea, the very thin expanded walls of
the sac vibrate and radiate sound to the surrounding air.
For a typical dove using this strategy, the wall-mass and
dimensions of the inflated sac are about right to couple to
the “coo” frequency of about 900 Hz. From (19.5), the
resonance frequency varies only as the square root of
the diameter of the sac, so that a moderate exhalation of
breath can be accommodated without much disturbance
to the resonance. The dove must, however, learn to adjust
the glottal constriction to couple the tracheal resonance
efficiently to that of the sac.

Some other birds, such as the Cardinal, that produce
nearly pure-tone calls over a wide frequency range, ap-
pear to do so with the help of an inflated sac in the
upper vocal tract that leads to the opened beak, with the
tracheal length, sac volume, glottal constriction, tongue
position, and beak opening all contributing to determine
the variable resonance frequency of the filter. Because
the sac is not exposed as in the dove, its walls are
heavy and do not vibrate significantly. It thus acts as
a Helmholtz resonator, excited by the input flow from the
trachea and vented through the beak. The bird presum-
ably learns to adjust the anatomical variables mentioned
above to the syringeal vibration frequency, which is in
turn controlled by syringeal membrane tension, and can
then produce a nearly pure-tone song over quite a large
frequency range. Despite this explanation of the mech-
anism of pure-tone generation in some cases, others have
still to be understood, for the variety of birdsong is so
great that variant anatomies and vocalization skills may
well have evolved.

With most of the basic acoustic principles of bird-
song understood, most of the interest in birdsong
centers upon the individual differences between species.
The variety found in nature is extremely great and,
while sometimes correlated with large variations in bird
anatomy, it also has many environmental influences.
Some birds, surprisingly, have songs with prominent
formant bands extending well into the ultrasonic region,
despite the fact that behavioral studies and even audi-
tory brainstem measurements show that they have no
response above about 8 kHz [19.31, 42]. The formant
bands in these cases are therefore presumably just an
incidental product of the vocalization mechanism.

19.7 Bats

Since human hearing, even in young people, is lim-
ited to the range from about 20 Hz to about 20 kHz,
frequencies lying outside this range are referred to as
either infrasonic or ultrasonic. Very large animals such
as elephants may produce sounds with appreciable in-
frasonic components, though the higher harmonics of
these sounds are quite audible. Small animals such as
bats, however, produce echo-location calls with dom-
inant frequencies around 80 kHz that are inaudible to
humans, though some associated components of lower
frequency may be heard. In this section brief atten-
tion will be given to the sonar abilities of bats, though
some other animals also make use of ultrasonic tech-
niques [19.43].

Sound waves are scattered by any inhomogeneities
in the medium through which they are propagating, the
density of an animal body in air provides a large contrast
in acoustic impedance and therefore a large scattered
signal. The basic physics shows that, for a target in the
form of a sphere of diameter d and a signal of wavelength
λ
 d, the echo strength is proportional to d6/λ4 times
the incident intensity. This incident intensity is itself
determined by the initial signal power and the angular
width of the scanning signal, which varies about as λ/a,
where a is the radius of the mouth of the probing animal.
If R is the distance between the probing animal and the
target, then the sound power incident on the target varies
as a2/λ2 R2 and the returned echo strength E thus varies
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as

E ∝ d6a2

λ6 R4 , (19.6)

provided the wavelength λ is much greater than the
diameter d of the scattering object and the radius a of
the mouth. Another factor must, however, be added to
this equation and that is the attenuation of the sound due
to atmospheric absorption. This attenuation depends on
relative humidity, but is about 0.1 dB m−1 at 10 kHz, in-
creasing to about 0.3 dB m−1 at 100 kHz, and so is not
a very significant factor at the short ranges involved.

Once the size of the target becomes comparable
with the incident sound wavelength, the scattering tends
towards becoming reflection and geometrical-optics
techniques can be used. In this limit, the reflected inten-
sity is proportional to the area of the target, but depends
in a complicated way upon its shape and orientation. Fi-
nally, if a pure-tone sound is used, any Doppler shift in
the frequency of the echo can give information about
the relative motion of prey and predator. The reflected
sound can therefore give information about the nature
of the target and its motion, both of which are important
to the pursuing bat.

The sonar-location cries of bats and other animals
are, however, not pure-tone continuous signals but rather
sound pulses with a typical frequency in the range
40–80 kHz and so a wavelength of about 4–8 mm. This
wavelength is comparable to the size of typical prey in-
sects so that the echo can give information about size,
shape and wing motion, while the echo delay reveals
the distance. The bat’s large ears are also quite direc-
tional at these frequencies, so that further information
on location is obtained. Rather than using short bursts
of pure tone, some predators use longer bursts in which
the frequency is swept rapidly through a range of several

kilohertz. This technique is known as “chirping”, and it
allows the returned echo to be reconstructed as a sin-
gle pulse by frequency-dependent time delay, although
animal neural systems may not actually do this. The ad-
vantage of chirping is that the total energy contained in
the probing pulse, and thus the echo, can be made much
larger without requiring a large peak power.

Because of the high frequencies involved in such
sonar detection, bats have a hearing system that is
specialized to cover this high-frequency range and to
provide extended frequency resolution near the signal
frequency, perhaps to aid in the neural equivalent of “de-
chirping” the signal and detecting Doppler frequency
shifts. The auditory sensitivity curve of bats is similar
in shape to that of humans (threshold about 20 µPa), but
shifted up in frequency by a factor of about 20 to give
high sensitivity in the range 10–100 kHz [19.1]. The
threshold curve generally shows a particular sensitiv-
ity maximum near the frequency of the echo-location
call, as might be expected. Bats also generally have
forward-facing ears that are large in comparison with
their body size. The functions of these in terms of
increased directionality and larger receiving area are
clear [19.30].

Sound production in bats is generally similar to
that in other animals, but with the system dimensions
tailored to the higher frequencies involved, and often
with the sound emitted through the nose rather than the
mouth. The complicated geometry of the nasal tract,
which has several spaced enlargements along its length,
appears to act as an acoustic filter which suppresses
the fundamental and third harmonic of the emitted
sound while reinforcing the second harmonic, at least
in some species [19.44]. The physics of this arrange-
ment is very similar to that of matching stubs applied to
high-frequency transmission lines.

19.8 Aquatic Animals

The generation and propagation of sound under water, as
discussed in Chap. 19, have many features that are differ-
ent from those applying to sound in air. From a physical
point of view, a major difference is the fact that wa-
ter is often quite shallow compared with the range of
sound, so that propagation tends to be two-dimensional
at long distances. From the present biological viewpoint
the major difference is that the acoustic impedance of
biological tissue is nearly equal to that of the surround-
ing water, while in air these differ by a factor of about

3500. This leads to some very significant differences in
the auditory anatomy and behavior between aquatic and
air-dwelling animals.

The variety of aquatic animal species is compara-
ble to that of land-dwelling animals, and they can be
divided into three main categories for the purposes of
the present chapter. First come the crustaceans, such as
shrimp, lobsters and crabs, which are analogous to in-
sects, then the wide variety of fish with backbones, and
finally the air-breathing aquatic mammals such as the
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cetaceans (whales, dolphins and porpoises, which are
the subject of Chap. 19), though animals such as tur-
tles also come into this category. There are, of course,
many other categories of marine animal life, but they
are not generally significant from an acoustic point of
view. A good review has been given by Hawkins and
Myrberg [19.45].

The crustaceans, like most insects, generally pro-
duce sound by rubbing a toothed leg-file against one of
the plates covering their body, thus producing a pulse
of rhythmic clicks. Some animals, such as shrimp, may
produce a single loud click or pop by snapping their
claws in much the same way that a human can do with
fingers. Because this activity takes place under water,
which has density ρ about 800 times greater and sound
velocity c about 4.4 times greater than that of air, and
thus a specific acoustic impedance ρc about 3500 times
greater than air, the displacement amplitude of the vibra-
tion does not need to be large, and the vibrating structure
is generally small and stiff. The peak radiated acoustic
power in the “click” can, however, be very large – as
much as several watts in the Pistol shrimp Alpheidae –
probably from a mechanism involving acoustic cavita-
tion. The click lasts for only a very short time, however,
so that the total radiated energy is small.

Fish species that lack an air-filled “swim-bladder”,
the main purpose of which is to provide buoyancy, must
produce sound in a similar manner. For fish that do have
a swim-bladder, however, the sound production process
is much more like that of the cicada, with some sort of
plate or membrane over the bladder, or even the bladder
wall itself, being set into oscillation by muscular effort
and its displacement being aided by the compressibility
of the air contained in the bladder. The surrounding tis-
sue and water provide a very substantial mass loading
which also contributes to determining the primary res-
onance frequency of the bladder. This is a much more
efficient sound production process than that of the crus-
taceans and leads to much louder sounds, again generally
consisting of a train of repetitive pulses at a frequency
typically in the range 100–1000 Hz.

When it comes to sound detection, hair cells again
come into play in a variety of ways. Because the dens-
ity of the animal body is very similar to that of the
surrounding water, a plane wave of sound tends to sim-
ply move the animal and the water in just the same
way. The slight difference in density, however, does
allow for some differential motion. The animal body
is, however, relatively rigid, so that its response to di-
verging waves in the near field is rather different from
that of the liquid. Any such relative motion between

the body and the surrounding water can be detected
by light structures such as hairs protruding from the
body of the animal, and these can form the basis of
hair-cell acoustic detectors. Even more than this, since
such cells are generally sensitive to hair deflection in
just one direction, arrays of hair cells can be structured
so as to give information about the direction of ori-
gin of the sound. Although some such detector hairs
may be mechanically strong and protrude from the body
of the animal, others may be very small and delicate
and may be protected from damage by being located
in trench-like structures, these structures being called
lateral-line organs. Their geometry also has an effect on
sound localization sensitivity.

There is another type of hair detector that responds
to acceleration rather than relative displacement and that
therefore takes advantage of the fact that the body of the
animal tends to follow the acoustic displacement of the
surrounding water. This is the otolith, which consists
of a small dense calcareous stone supported by one or
more hair cells,as shown in Fig. 19.9. Since the motion
of this stone tends to lag behind the motion of the li-
quid, and thus of its supports, the supporting hairs are
deflected in synchrony with the acoustic stimulus, so
that it can be detected by the cells to which they are
attached. These sensors will normally have evolved so
that combined mass of the otolith and stiffness of the
hair give a resonance frequency in the range of interest
to the animal, and detection sensitivity will be greatest
at this frequency.

If the fish possesses an air-filled swim-bladder,
then this can also be incorporated in the hearing sys-

a) b)

Hair
Compliant
sensory
cells

Liquid
medium

Mineral
grain

Liquid
medium

Sensory hair

Resilient substrateResiliant supporting tissue

Mineral
grain

Fig. 19.9a,b Two possible forms for a simple otolith de-
tector: (a) a single-cell detector, (b) a multi-cell detector. As
the mineral grain moves sideways relative to the substrate,
the sensory hairs are deflected and open ion channels in the
supporting transducer cells (from [19.9])
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tem [19.46]. An air bubble in water is made to move in
a sound wave by the differential pressure across it. Be-
cause its mass is small and the pressure gradient is the
same as that on an equivalent volume of water, the bub-
ble tends to move more than the surrounding liquid but,
in order to do so, it must displace a significant amount
of this liquid. The final result is that the amplitude of
free bubble motion is about three times the amplitude
of the motion of the surrounding liquid. Since the body
of the fish tends to follow the liquid motion because its
density is nearly the same, there is relative motion be-
tween the bladder and the rest of the fish, provided it

is not rigidly enclosed. This relative motion can be de-
tected by neural cells pressed against the bladder wall
and provides an efficient sensor of underwater sound.
The radial compressive resonances of the swim blad-
der can also be important in the detection of sound and,
since these are also involved in sound production in these
fish, there is a good match between call frequency and
the frequency of maximum hearing sensitivity, which
typically lies in the range 100 to 1000 Hz. Fish with
swim bladders have thus evolved to use these primarily
buoyancy-regulating structures for both the production
and detection of sound.

19.9 Generalities

This brief survey has shown the strong resemblance
between the basic sound-producing and auditory mech-
anisms in a wide variety of animals. Certainly there is
a distinction in the matter of sound production between
those animals that store air within their bodies and those
that do not, and a rather similar distinction in the matter
of sound detection, but the similarities are more striking
than the differences. In particular, the universal impor-
tance of hair-cells in effecting the transduction from
acoustic to neural information is most striking.

Also notable in its generality is the scaling of
the dominant frequency of produced sound and the

associated frequency of greatest hearing sensitivity ap-
proximately inversely with the linear dimensions of the
animal involved. Certainly there are notable outliers in
this scaling, but that in itself is a clue to the signifi-
cantly different acoustic behavior of the animal species
concerned.

Fortunately, quite straightforward acoustic analysis
provides a good semi-quantitative description of the
operation of most of these animal acoustic systems,
and in some cases such analysis can reveal evolution-
arily optimized solutions to modern acoustical design
problems.

19.10 Quantitative System Analysis

Biological systems are almost always anatomically com-
plex, and this is certainly true of vocal and auditory
systems, which typically comprise sets of interconnect-
ing tubes, horns, cavities and membranes driven over
a wide frequency range by some sort of internal or ex-
ternal excitation. While a qualitative description of the
way in which such a system works can be helpful, this
must be largely based upon conjectures unless one is
able to produce a quantitative model for its behavior.
Fortunately a method has been developed for the con-
struction of detailed analytical models for such systems
from which their acoustic behavior can be quantitatively
predicted, thus allowing detailed comparison with exper-
iment. This section will outline how this can be done,
more detail being given in [19.9] and [19.20].

In a simple mechanical system consisting of masses
and springs, the quantities of interest are the force Fi

applied at point i and the resulting velocity of motion v j
at point j, and we can define the mechanical impedance
Zmech by the equation Zmech

jj = Fj/v j . Note that the
subscripts on F and v are here both the same, so that
Zmech

jj is the ratio of these two quantities measured at
a single point j. It is also possible to define a quantity
Zmech

ij = Fi/v j which is called the transfer impedance
between the two points i and j. There is an important
theorem called the reciprocity theorem, which shows
that Z ji = Zij .

In such a simple mechanical system, as well as the
masses and springs, there is normally some sort of loss
mechanism, usually associated with internal viscous-
type losses in the springs, and the situation of interest
involves the application of an oscillating force of mag-
nitude F and angular frequency ω. We denote this force
in complex notation as F eiωt where i=√−1. (Note
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that, in the interest of consistency throughout this Hand-
book, this notation differs from the standard electrical
engineering notation in which i is replaced by j.) For the
motion of a simple mass m under the influence of a force
F we know that F = m dv/dt or F = iωmv, so that the
impedance provided by the mass is iωm. Similarly, for
a spring of compliance C, F = ∫ vdt/C =−i/(ωC), giv-
ing an impedance−i/(ωC). For a viscous loss within the
spring there is an equivalent resistance R proportional
to the speed of motion, so that F = Rv. Examination
of these equations shows that they are closely similar to
those for electric circuits if we assume that voltage is the
electrical analog of force and current the analog of veloc-
ity. The analog of a mass is thus an inductance of magni-
tude m, the analog of a compliant spring is a capacitance
C, and the analog of a viscous resistance is an electrical
resistance R. A frictional resistance is much more com-
plicated to model since its magnitude is constant once
sliding occurs but changes direction with the direction
of motion, so that its whole behavior is nonlinear.

These mechanical elements can then be combined
into a simple circuit, two examples being shown in
Fig. 19.10. In example (a) it can be seen that the mo-
tion of the mass, the top of the spring, and the viscous
drag are all the same, so that in the electrical analog the
same current must flow through each, implying a sim-
ple series circuit as in (b). The total input impedance is
therefore the sum of the three component impedances,
so that

Zmech = R+ iωm− i

ωC
= R+ im

ω

(
ω2− 1

mC

)
,

(19.7)

which has an impedance minimum, and thus maximum
motion, at the resonance frequency ω∗ = 1/(mC)1/2. In
example (c), the displacement of the top of the spring is
the sum of the compressive displacement of the spring
and the motion of the suspended mass, and so the analog
current is split between the spring on the one hand and
the mass on the other, the viscous drag having the same
motion as the spring, leading to the parallel resonant
circuit shown in (d). There is an impedance maximum,
and thus minimum motion of the top of the spring, at the
resonance frequency, which is again ω∗ = 1/(mC)1/2.
In a simple variant of these models, the spring could be
undamped and the mass immersed in a viscous fluid, in
which case the resistance R would be in series with the
inductance rather than the capacitance. These analogs
can be extended to include things such as levers, which
appear as electrical transformers with turns ratio equal
to the length ratio of the lever arms.

a) Force

Mass

Spring Viscous
drag

c) Force

Spring Viscous
drag

Mass

b)

d)

Force

Force

Mass

Mass

Spring Drag

Spring Drag

Fig. 19.10 (a) A simple resonant assembly with an oscil-
lating force applied to a mass that is resting on a rigidly
supported spring, the spring having internal viscous losses.
(b) Analog electric network for the system shown in (a).
(c) An alternative assembly with the mass being freely
suspended from the spring and the oscillating force be-
ing applied to the free end of the spring. (d) Analog electric
network for the system shown in (c). (Note the potential
source of confusion in that an electrical inductance symbol
looks like a physical spring but actually represents a mass)

While such combinations of mechanical elements
are important in some aspects of animal acoustics, such
as the motion of otolith detectors, most of the systems of
interest involve the generation and detection of acoustic
waves rather than of mechanical vibrations. The impor-
tant physical variables are then the acoustic pressure p
and the acoustic volume flow U , both being functions of
the frequency ω. By analogy with mechanical systems,
the acoustic impedance is now defined as Zacoust = p/U .
For a system with a well-defined measurement aperture
of area S, it is clear that p= F/S and U = vS, so that
Zacoust = Zmech/S2, and once again we can define both
the impedance at an aperture and the transfer impedance
between two apertures. In what follows, the superscript
“acoust” will be omitted for simplicity.

Consider first the case of a circular diaphragm un-
der elastic tension and excited by an acoustic pressure
peiωt on one side. This problem can easily be solved
using a simple differential equation [19.9], but here we
seek a network analog. The pressure will deflect the dia-
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phragm into a nearly spherical-cap shape, displacing an
air volume as it does so. If the small mass of the deflected
air is neglected, then deflection of the diaphragm will be
opposed by its own mass inertia, by the tension force and
by internal losses. The mass contributes an acoustic in-
ertance (or inductance in the network analog) with mag-
nitude about 2ρsd/S, where ρs is the density of the mem-
brane material, d is the membrane thickness, and S is its
area, while the tension force T contributes an equivalent
capacitance of magnitude about 2S2/T . This predicts
a resonance frequency ω∗ ≈ 0.5(T/Sρsd)1/2, while the
rigorously derived frequency for the first mode of the di-
aphragm replaces the 0.5 with 0.38. Because biological
membranes are not uniform in thickness and are usually
loaded by neural transducers, however, it is not appropri-
ate to worry unduly about the exact values of numerical
factors. For a membrane there are also higher modes
with nodal diameters and nodal circles, but these are of
almost negligible importance in biological systems.

The next thing to consider is the behavior of cav-
ities, apertures, and short tubes. The air enclosed in
a rigid container of volume V can be compressed by
the addition of a further small volume dV of air and the
pressure will then rise by an amount p0γ dV/V where
p0 is atmospheric pressure and γ = 1.4 is the ratio of
specific heats of air at constant pressure and constant
volume. The electric analog for this case is a capaci-
tance of value γ p0/V = ρc2/V where c is the speed of
sound in air and ρ is the density of air.

In the case of a tube of length l and cross-section S,
both very much less than the wavelength of the sound,
the air within the tube behaves like a mass ρlS that is set
into motion by the pressure difference p across it. The
acoustic inertance, or analog inductance, is then Z =
ρl/S. For a very short tube, such as a simple aperture, the
motion induced in the air just outside the two ends must
be considered as well, and this adds an “end-correction”
of 0.6–0.8 times the tube radius [19.47] or about 0.4S1/2

to each end of the tube, thus increasing its effective
length by twice this amount.

These elements can be combined simply by consid-
ering the fact that acoustic flow must be continuous and
conserved. Thus a Helmholtz resonator, which consists
of a rigid enclosure with a simple aperture, is modeled
as a capacitor and an inductor in series, with some re-
sistance added due to the viscosity of the air moving
through the aperture and to a less extent to radiation re-
sistance. The analog circuit is thus just as in Fig. 19.10b
and leads to a simple resonance.

If any of the components in the system under analysis
is not negligibly small compared with the wavelength of

a)

U1 p1

S
p2 U2

I

p1 p2U1 U2Zij

b)

Fig. 19.11 (a) A simple uniform tube showing the acoustic
pressures pi and acoustic volume flows Ui . (b) The electri-
cal analog impedance element Zij . Note that in both cases
the current flow has been assumed to be antisymmetric
rather than symmetric

the sound involved, then it is necessary to use a more
complex analysis. For the case of a uniform tube of
length l and cross section S, the pressure and flow at one
end can be denoted by p1 and U1 respectively and those
at the other end by p2 and U2. The analog impedance
is then a four-terminal element, as shown in Fig. 19.11.
The equations describing the behavior of this element
are

p1 = Z11U1− Z12U2 ,

p2 = Z21U1− Z22U2 . (19.8)

Note that the acoustic flow is taken to be inwards at
the first aperture and outwards at the second, and this
asymmetry gives rise to the minus signs in (19.8). Some
texts take both currents to be inflowing, which removes
the minus signs. For a simple uniform tube, symmetry
demands that Z21 = Z12 and that Z22 = Z11. The first
of these relations, known as reciprocity, is universal and
does not depend upon symmetry, while the second is not
true for asymmetric tubes or horns.

For a uniform tube of length l and cross-section S,
consideration of wave propagation between the two ends
shows that

Z11 = Z22 =−iZ0 cot kl ,

Z21 = Z12 =−iZ0 csc kl , (19.9)

where Z0 = ρc/S is the characteristic impedance of the
tube. The propagation number k is given by

k = ω

c
− iα (19.10)
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whereα represents the attenuation caused by viscous and
thermal losses to the tube walls, and has the approximate
value

α≈ 10−5ω
1/2

a
(19.11)

where a is the tube radius. Since auditory systems often
involve quite narrow tubes, this term can become very
important.

Similar but much more complicated relations apply
for horns of various shapes, the simplest being conical,
exponential or parabolic in profile [19.9]. As discussed
elsewhere [19.47], horns act as acoustic transformers,
basically because Z22 �= Z11, and can raise the acoustic
pressure in the narrow throat by about the ratio of the
mouth diameter to the throat diameter. This amplifica-
tion is limited, however, to frequencies high enough that
the horn diameter does not change greatly over an axial
distance of about one wavelength.

With the aid of these electric circuit element analogs
it is now possible to construct an analog network to
represent the whole acoustic system, as shown by the
example in Fig. 19.2. The major guiding principle in con-
structing such a network is the conservation of acoustic
flow, or equivalently of electric current. In the case of
an auditory system, there may be several openings con-
necting to the environment, and the acoustic pressures
at these openings will generally differ in both phase and
amplitude, depending upon the direction from which the
sound is coming. Phase differences are generally more
important for directional discrimination than are ampli-
tude differences, particularly for small animals, just as
in directional microphones, [19.47] and the combination
of tubes, cavities and membranes in the system provides
additional phase shifts. The sensory input is normally
generated by the motion of tympanic membranes on the
two sides of the animal, with the combination of exter-
nal and internal pressure determining the motion of each
membrane, as shown for example in Figs. 19.7 and 19.8.

When sound production is considered, it is usual to
make the approximation of separating the basic sound-
generation mechanism, such as the air flow through
vibrating vocal folds, from the acoustics of the subse-
quent tubes and cavities, thus leading to a “source/filter

model”. With this simplification, the source can be
assumed to produce an oscillating acoustic flow at a par-
ticular frequency ω, generally accompanied by a set of
harmonics at frequencies nω generated by nonlinearity
in the vibration of the flow valve. The sound production
at each frequency is then determined by the final acoustic
flow U(nω) through an aperture into the surroundings.
The square of this flow, multiplied the acoustic radia-
tion resistance of the aperture, which depends upon its
size, [19.47] then determines the radiated acoustic power
at that frequency. In a much more complex model, the
pressure generated by the acoustic input flow can be rec-
ognized to act back upon the acoustic source itself, thus
modifying its behavior. Typically this results in a small
shift in the source frequency to align it more closely with
a neighboring strong resonance of the filter. Such inter-
actions are well known in other systems such as musical
wind instruments and probably assist in coupling the os-
cillations of the syrinx to the resonance of the vocal filter
in “pure tone” birdsong.

Finally, it is worthwhile to emphasize that biolog-
ical acoustic systems do not consist of straight tubes
of uniform diameter with rigid walls, unloaded cir-
cular membranes, or other idealized elements. While
it is possible in principle to include such refinements
in a computational model, this will generally make
that model so complex to analyze that it reveals lit-
tle about the actual operation of the system. It is
usually better, therefore, to construct the simplest pos-
sible model that includes all the relevant acoustic
elements and to examine its predictions and the ef-
fect that changing the dimensions of some of those
elements has on the overall behavior. In this way the
behavior of the real biological system can be largely
understood.

Remark
The number of books and papers published in this field
is very large, so that the reference list below is a rather
eclectic selection. Generally descriptive and behavioral
references have not been included, and the list concen-
trates on those that apply physical and mathematical
analysis to bioacoustic systems.
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Cetacean Acou20. Cetacean Acoustics

The mammalian order cetacea consist of dolphins
and whales, animals that are found in all the
oceans and seas of the world. A few species even
inhabit fresh water lakes and rivers. A list of
80 species of cetaceans in a convenient table
is presented by Ridgway [20.1]. These mammals
vary considerably in size, from the largest living
mammal, the large blue whale (balaenoptera
musculus), to the very small harbor porpoise
(phocoena phocoena) and Commerson’s dolphin
(cephalorhynchus commersonnii), which are
typically slightly over a meter in length.

Cetaceans are subdivided into two suborders,
odontoceti and mysticeti. Odontocetes are the
toothed whales and dolphins, the largest being
the sperm whale (physeter catodon), followed
by the Baird’s beaked whale (berardius bairdii)
and the killer whale (orcinus orca). Within the
suborder odontoceti there are four superfamilies:
platanistoidea, delphinoidea, ziphioidea, and
physeteridea. Over half of all cetaceans belong
to the superfamily delphinoidea, consisting of
seven species of medium whales and 35 species
of small whales also known as dolphins and
porpoises [20.1]. Dolphins generally have a sickle-
shaped dorsal fin, conical teeth, and a long
rostrum. Porpoises have a more triangular dorsal
fin, more spade-shaped teeth, and a much shorter
rostrum [20.1].

Mysticetes are toothless, and in the place
of teeth they have rigid brush-like whalebone
plate material called baleen hanging from their
upper jaw. The baleen is used to strain shrimp,
krill, micronekton, and zooplankton. All the
great whales are mysticetes or baleen whales
and all are quite large. The sperm and Baird s
beaked whales are the only odontocetes that are
larger than the smaller mysticetes such as Minke
whales and pygmy right whales. Baleen whales
are subdivided into four families, balaenidae
(right and bowhead whales), eschrichtiidae
(gray whales), balaenopteridae (Minke, sei,
Bryde’s, blue, fin, and humpback whales), and
neobalaenidae (pygmy right whale).

Acoustics play a large role in the lives of
cetaceans since sound travels underwater better
than any other form of energy. Vision underwater is
limited to tens of meters under the best conditions
and less than a fraction of a meter in turbid and
murky waters. Visibility is also limited by the lack
of light at great depths during the day and at
almost any depth on a moonless night. Sounds
are used by marine mammals for myriad reasons
such as group cohesion, group coordination,
communications, mate selection, navigation and
locating food. Sound is also used over different
spatial scales from tens of km for some species and
tens of meters for other species, emphasizing the
fact that different species utilize sound in different
ways. All odontocetes seem to have the capability
to echolocate, while mysticetes do not echolocate
except in a very broad sense, such as listening to
their sound bouncing off the bottom, sea mounts,
underwater canyon walls, and other large objects.

The general rule of thumb is that larger ani-
mals tend to emit lower-frequency sounds and the
frequency range utilized by a specific species may
be dictated more from anatomical constraints than
any other factors. If resonance is involved with
sound production, then anatomical dimensions
become critical, that is, larger volumes resonate
at lower frequencies than smaller volumes. The
use of a particular frequency band will also have
implications as to the distance other animals,
including conspecifics, will be able to hear the
sounds. Acoustic energy is lost in the propagation
process by geometric spreading and absorption.
Absorption losses are frequency dependent, in-
creasing with frequency. Therefore, the sounds of
baleen whales such as the blue whale that emit
sounds with fundamental frequencies as low as
15 Hz can propagate to much longer distances than
the whistles of dolphins that contain frequencies
between 5 and 25 kHz.

20.1 Hearing in Cetaceans ........................... 806
20.1.1 Hearing Sensitivity of

Odontocetes ............................. 807
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20.1 Hearing in Cetaceans

One of the obvious adaptations for life in the sea is the
absence of a pinna in cetaceans. The pinna probably dis-
appeared through a natural selection process because it
would obstruct the flow of water of a swimming animal
and therefore be a source of noise. In the place of a pinna,
there is a pin-hole on the surface of a dolphin’s head
which leads to a ligament inside the head, essentially ren-
dering the pinna nonfunctional in conducting sounds to
the middle ear. So, how does sounds enter into the heads
of cetacean? Several electrophysiological experiments
have been performed in which a hydrophone is held at
different locations on an animal’s head and the electro-
physiological thresholds are determined as a function of
the position of the hydrophone [20.2–4]. All three stud-
ies revealed greatest sensitivity on the dolphin’s lower
jaw.

The experimental configuration of Møhl et al. [20.2]
is shown in Fig. 20.1a, which shows a suction-cup hy-

a) b)

20 4
Sound projector

Ground
electrode

ABR electrodes

2.5cm

0.6cm

PZT

Water

7
40

12

2

9

14

13

0

17

27
15

5
26

37

20

5

i:23
24 37

16

5

Fig. 20.1 (a) The experimental geometry used by Møhl et al. [20.2], (b) results of the auditory brainstem response (ABR)
threshold measurements. The numerical values represent the amount of attenuation of the sound needed to obtain an ABR
threshold. Therefore, the higher the number the more sensitive the location

drophone and attached a bottlenose dolphin’s lower jaw
and the surface contact electrodes embedded in suction
cups used to measure the auditory brainstem potential
signals for different levels of sound intensity. The impor-
tant differences in the experiment of Møhl et al. [20.2]
are that the subject was trained and the measurements
were done in air so that the sounds were limited to the
immediate area where they were applied. The results of
the experiment are shown in Fig. 20.1b. The location of
maximum sensitivity to sound is slightly forward of the
pan-bone area of the lower jaw, a location where Nor-
ris [20.5] hypothesized that sounds enter the head of
a dolphin. Numerical simulation work by Aroyan [20.6]
suggest that sounds enter the dolphin’s head forward of
the pan bone, but a good portion of the sound propa-
gates below the skin to the pan bone and enters the head
through the pan bone. The fact that sounds probably
propagate through the lower jaw of dolphins and other
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odontocetes does not necessarily mean that the same or
a similar propagation process is occurring with baleen
whales.

20.1.1 Hearing Sensitivity of Odontocetes

Almost all our knowledge of hearing in cetaceans comes
from studies performed with small odontocetes. The
most studied species is the Atlantic bottlenose dolphin
(tursiops truncatus). Despite the amount of research per-
formed with the bottlenose dolphin, our understanding
of auditory processes in these animals lags considerably
behind that for humans and other terrestrial mammals.
There are still many large gaps in our knowledge of
various auditory processes occurring within the most
studied odontocetes. The first audiogram for a cetacean
was measured by Johnson [20.9] for a tursiops trunca-
tus. Since then, audiograms have been determined for
the harbor porpoise (phocoena phocoena) by Ander-
sen [20.10] and Kastelein et al. [20.11], the killer whale
(orcinus orca) by Hall and Johnson [20.12] and Szy-
manski et al. [20.13], the beluga whale (delphinapterus
leucas) by White et al. [20.14], the Pacific bottlenose
dolphin (tursiops gilli) by Ljungblad et al. [20.15], the
false killer whale (pseudorca crassidens) by Thomas
et al. [20.16], the Chinese river dolphin (lipotes vexil-
lifer) by Wang et al. [20.17], Risso’s dolphins (grampus
griseus) by Nachtigall et al. [20.18], the tucuxi (sotalia
fluviatilis) by Sauerland and Dehnhardt [20.19], and
the striped dolphin (stenella coeruleoalba) by Kastelein
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Fig. 20.2 Audiogram for different odontocetes species (after [20.7, 8])

et al. [20.20]. The audiograms of these odontocetes are
shown in Fig. 20.2. It is relatively striking to see how
similar the audiograms are between species consider-
ing the vastly different habitats and areas of the world
where some of these animals are found and the large
differences in body size. All the audiograms suggest
high-frequency hearing capabilities, with the smallest
animal, phocoena phocoena having the highest hear-
ing limit close to 180 kHz. However, the orcinus orca,
which is over 95 times heavier and about six times longer
can hear up to about 105 kHz. The actual threshold val-
ues shown in Fig. 20.2 should not be compared between
species because the different methods of determining the
threshold can lead to different results and because of the
difficulties of obtaining good sound pressure level mea-
surements in a reverberant environment. For example,
Kastelein et al. [20.11] used a narrow-band frequency-
modulated (FM) signal to avoid multi-path problems
and the FM signals may provide additional cues not
present in a pure-tone signal. Nevertheless, the audio-
grams shown in Fig. 20.2 suggest that all the animals
had similar thresholds of 10–15 dB.

A summary of some important properties of the
different audiograms depicted in Fig. 20.2 is given in
Table 20.1. In the table, the frequency of best hearing
is arbitrary defined as the frequency region in which
the auditory sensitivity is within 10 dB of the maximum
sensitivity depicted in each audiogram of Fig. 20.2. With
the exception of the Orcinus and the Lipotes, the max-
imum sensitivity of the rest of the species represented
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Table 20.1 Some important properties of the audiograms plotted in Fig. 20.2

Species Maximum
sensitivity
(dB re 1 : Pa)

Frequency
of best hearing
(kHZ)

Upper frequency
limit
(kHz)

phocoena phocoena 32 18 – 130 180
stenella coeruleoalba 42 30 – 125 160
tursiops truncatus 42 15 – 110 150
tursiops gilli 47 30 – 80 135
sotalia fluviatilis 50 35 – 50 135
delphinapterus leucas 40 11 – 105 120
pseudorca crassidens 39 17 – 74 115
orcinus orca 34 15 – 40 110
inia geoffrensis 51 12 – 64 100
lipotes vexillifer 55 15 – 60 100
grampus griseus – – 100

in Fig. 20.2 and Table 20.1 are very similar, and within
experimental uncertainties, especially for audiograms
obtained with the staircase procedure using relatively
large step sizes of 5 dB or greater. At the frequency of
best hearing, the threshold for Orcinus and Phocoena
are much lower than for the other animals. It is not clear
whether this keen sensitivity is a reflection of a real
difference or a result of some experimental artifact. The
data of Table 20.1 also indicate that Phocoena phocoena,
Stenella coeruleoalba and Tursiops truncatus seem to
have the widest auditory bandwidth.

20.1.2 Directional Hearing in Dolphins

Sound Localization
The ability to localize or determine the position of
a sound source is important in order to navigate, detect
prey and avoid predators and avoid hazards producing
an acoustic signatures. The capability to localize sounds
has been studied extensively in humans and in many ver-
tebrates (see [20.21]). Lord Rayleigh in 1907 proposed
that humans localized in the horizontal plane by us-
ing interaural time differences for low-frequency sounds
and interaural intensity differences for high-frequency
sounds. The sound localization acuity of a subject is
normally defined in terms of a minimum audible angle
(MAA), defined as the angle subtended at the subject by
two sound sources, one being at a reference azimuth, at
which the subject can just discriminate the sound sources
as two discrete sources [20.22]. If the sound sources are
separated symmetrically about a midline, the MAA is
one half the threshold angular separation between the
sound sources. If one of the sound sources is located at
the midline, then the MAA is the same as the threshold
angular separation between the two sources.

Renaud and Popper [20.23] examined the sound
localization capabilities of a tursiops truncatus by mea-
suring the MAA in both the horizontal and vertical
planes. During a test trial the dolphin was required to
station on a bite plate facing two transducers positioned
at equal angles from an imaginary line running through
the center of the bite plate. An acoustic signal was then
transmitted from one of the transducers and the dol-
phin was required to swim and touch the paddle on
the same side as the emitting transducer. The angle be-
tween the transducers was varied in a modified staircase
fashion. If the dolphin was correct for two consecu-
tive trials, the transducers were moved an incremental
distance closer together, decreasing the angle between
the transducer by 0.5◦. After each incorrect trial, the
transducers were moved an incremental distance apart,
increasing the angle between the transducers by 0.5◦.
This modified staircase procedure allowed threshold de-
termination at the 70% level. The threshold angle was
determined by averaging a minimum of 16 reversals.
A randomized schedule for sound presentation through
the right or left transducer was used.

The localization threshold determined in the hori-
zontal and vertical planes as a function of frequency
for narrow-band pure-tone signals is shown in Fig. 20.3.
The MAA had a U-shaped pattern, with a large value
of 3.6◦ at 6 kHz, decreasing to a minimum of 2.1◦ at
20 kHz and then slowly increasing in an irregular fash-
ion to 3.8◦ at 100 kHz. MAAs for humans vary between
1◦ and 3.7◦, with the minimum at a frequency of ap-
proximately 700 Hz [20.24]. The region where the MAA
decreased to a minimum in Figs. 20.19 and 20.20 (about
20 kHz) may be close to the frequency at which the dol-
phin switches from using interaural time difference cues
to interaural intensity difference cues. The MAAs for the
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Fig. 20.3 (a) Localization threshold determined in the hor-
izontal plane as a function of frequency. The mean ± one
standard deviation is shown for seven determinations per
frequency. The animal faced directly ahead at 0◦ azimuth.
(b) Localization threshold determined in the vertical plane
as a function of frequency. Standard deviation are indicated
for 30, 60 and 90 kHz vertical data (seven sessions each).
The dolphin’s azimuth was 0◦ (after Renauld and Popper,
[20.27]) Figs. 20.19 and 20.20

bottlenose dolphin were smaller than the MAAs (in the
horizontal plane) of 3.5◦ at 3.5 kHz and 6◦ at 6 kHz for
a harbor porpoise measured by Dudok van Heel [20.25],
and 3◦ at 2 kHz, measured by Andersen [20.26] also for
a harbor porpoise.

In order to measure the MAA in the vertical plane,
the dolphin was trained to turn to its side (rotate its body
90◦ along its longitudinal axis) and to bite on a sheet
of plexiglass which was used as the stationing device.
The MAA in the vertical plane varied between 2.3◦ at
20 kHz to 3.5◦ at 100 kHz. These results indicate that
the animal could localize in the vertical plane nearly
as well as in the horizontal plane. These results were

not expected since binaural affects, whether interaural
time or intensity, should not be present in the vertical
plane. However, the dolphin’s ability to localize sounds
in the vertical plane may be explained in part by the
asymmetry in the receive beam patterns in the vertical
plane discussed in the next section.

Renaud and Popper [20.23] also determined the
MAA for a broadband transient signal or click signal,
having a peak frequency of 64 kHz and presented to
the dolphin at a repetition rate of 333 Hz. The MAA
in the horizontal plane was found to be approximately
0.9◦ and 0.7◦ in the vertical plane. It is not surprising
that a broadband signal should result in a lower MAA
than a pure-tone signal of the same frequency as the
peak frequency of the click. The short onset time and
the broad frequency spectrum of a click signal should
provide additional cues for localization.

Receiving Beam Patterns
Having narrow transmission and reception beams allows
the dolphin to localize objects in a three-dimensional
volume, spatially separate objects within a multi-object
field, resolve features of extended or elongated objects,
and to minimize the amount of interference received.
The amount of ambient noise from an isotropic noise
field and the amount of reverberation interference re-
ceived is directly proportional to the width of the
receiving beam. The effects of discrete or partially ex-
tended interfering noise or reverberant sources can be
minimized by simply directing the beams away from
the sources.

The receiving beam pattern of a dolphin was de-
termined by measuring the masked hearing threshold
as a function of the azimuth about the animal’s head.
The relative masked hearing threshold as a function
of azimuth is equivalent to the received beam pattern
since the receiving beam pattern is the spatial pattern
of hearing sensitivity. Au and Moore [20.28] measured
the dolphin’s masked hearing threshold as the position
of either the noise or signal sources varied in their an-
gular position about the animal’s head. The dolphin was
required to voluntarily assume a stationary position on
a bite plate constructed out of a polystyrene plastic ma-
terial. The noise and signal transducers were positioned
along an arc with the center of the arc located approxi-
mately at the pan bone of the animal’s lower jaw. In order
to measure the dolphin’s receiving beam in the vertical
plane, the animal was trained to turn onto its side before
biting the specially designed vertical bite-plate station-
ing device. For the measurement in the vertical plane,
the position of the signal transducer was fixed directly in
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Fig. 20.4 Receive beam patterns in the vertical and horizontal planes for frequencies of 30, 60 and 120 kHz. The relative
masked thresholds as a function of the elevation angle of the asking noise source are plotted for each signal frequency
(after Au and Moore, [20.28])

line with the bite plate and its acoustic output was held
constant. Masked thresholds were measured for differ-
ent angular position of the noise transducer along the
arc. The level of the noise was varied in order to obtain
the masked threshold. A threshold estimate was consid-
ered complete when at least 20 reversals (10 per session)
at a test angle had been obtained over at least two con-
secutive sessions, and if the average reversal values of
the two sessions were within 3 dB. After a threshold es-
timate was achieved, the noise transducer was moved
to a new azimuth over a set of randomly predesignated
azimuths. As the azimuth about the dolphin’s head in-
creased, the hearing sensitivity of the dolphin tended to
decrease, requiring higher levels of masking noise from
a transducer located at that azimuth to mask the signal
from a source located directly ahead of the animal.

The receiving beam patterns in both the vertical and
horizontal plane are plotted for signal frequencies of 30,
60 and 120 kHz in Fig. 20.4. The radial axis of Fig. 20.4
represents the difference in dB between the noise level
needed to mask the test signal at any azimuth and the
minimum noise level needed to mask the test signal
at the azimuth corresponding to the major axis of the

vertical beam. The shape of the beams in Fig. 20.4 in-
dicates that the patterns were dependent on frequency,
becoming narrower, or more directional as the frequency
increased. The beam of a planar hydrophone also be-
comes narrower as frequency increases. The 3 dB beam
widths were approximately 30.4◦, 22.7◦, and 17.0◦ for
frequencies of 30, 60, and 120 kHz, respectively. There
was also an asymmetry between the portion of the beam
above and below the dolphin’s head. The shape of the
beams dropped off more rapidly as the angle above the
animal’s head increased than for angles below the an-
imal’s head, indicating a more rapid decrease in the
animal’s hearing sensitivity for angles above the head
than for angles below the head. If the dolphin receives
sounds through the lower jaw, the more rapid reduc-
tion in hearing sensitivity for angles above the head may
have been caused by shadowing of the received sound
by the upper portion of the head structure including air
in the nasal sacs [20.29]. There is a slight peculiarity in
the 60 kHz beam which shows almost the same masked
threshold values for 15◦ and 25◦ elevation angles.

The radial line passing through the angle of maxi-
mum sensitivity is commonly referred to as the major

Part
F

2
0
.1

Amazon    EX1014    Page 816



Cetacean Acoustics 20.1 Hearing in Cetaceans 811

axis of the beam. The major axis of the vertical beams
is elevated between 5◦ and 10◦ above the reference axis.
The 30 and 120 kHz results show the major axis at 10◦
while the 60 kHz results showed the major axis at 5◦.
It will be shown in a later section that the major axis
of the received beam in the vertical plane is elevated at
approximately the same angle as the major axis of the
transmitted beam in the vertical plane.

In the horizontal beam pattern measurement, two
noise sources were fixed at azimuth angles of ±20◦.
The level of the noise sources was also fixed. The
position of the signal transducer was varied from ses-
sion to session. Masked thresholds were determined
as a function of the azimuth of the signal transducer,
by varying the signal level of the signal transducer in
a staircase fashion. A threshold estimate was consid-
ered completed when at least 20 reversals at a test angle
had been obtained over at least two consecutive ses-
sions, if the average reversal values were within 3 dB of
each other. After a threshold estimate was determined,
the signal transducer was moved to a new azimuth
over a set of randomly predesignated azimuths. Two
noise sources were used in order to discourage the dol-
phin from internally steering its beam in the horizontal
plane. If the animal could steer its beam, it would re-
ceive more noise from one of the two hydrophones,
and therefore not experience any improvement in the
signal-to-noise ratio. The masking noise from the two
sources was uncorrelated but equal in amplitude. The
radial axis represents the difference in dB between the
signal level at the masked threshold for the various az-
imuths and the signal level of the masked threshold for
0◦ azimuth (along the major axis of the horizontal beam).
The horizontal receiving beams were directed forward
with the major axis being parallel to the longitudinal
axis of the dolphin. The beams were nearly symmetri-
cal about the major axis. Any asymmetry was within the
margin of experimental error involved in estimating the
relative thresholds. The horizontal beam patterns exhib-
ited a similar frequency dependence as the vertical beam
patterns, becoming narrower or more directional as the
frequency increased. The 3 dB beam widths were 59.1◦,
32.0◦, and 13.7◦ for frequencies of 30, 60, and 120 kHz,
respectively.

Zaytseva et al. [20.30] measured the horizontal beam
pattern of a dolphin by measuring the masked hearing
threshold as a function of azimuth. Their beam width
of 8.2◦ for a frequency of 80 kHz was much narrower
than the 13.7◦ for a frequency of 120 kHz. The differ-
ence in beam width is even larger if the results of Au
and Moore [20.28] are linearly interpolated to 80 kHz.

We calculated an interpolated beam width of 25.9◦ at
80 kHz, which was considerably greater than the 8.2◦ ob-
tained by Zaytseva et al. [20.30]. The difference in beam
width measured by Zaytseva et al. and Au and Moore
may be attributed to the use of only one noise source
by Zaytseva et al. compared to the two noise sources
used by Au and Moore. With a single masking noise
source in the horizontal plane, there is the possibility
of the animal performing a spatial filtering operation by
internally steering the axis of its beam in order to max-
imize the signal-to-noise ratio. Another possibility is
that Zaytseva et al. did not use a fixed stationing device.
Rather, the dolphin approached the signal hydrophone
from a start line, always oriented in the direction of the
signal hydrophone. The animal responded to the pres-
ence or absence of a signal by either swimming or not
swimming to the hydrophone. In such a procedure, it
is impossible to control the orientation of the animal’s
head with respect to the noise masker so that the dol-
phin could move its head to minimize the effects of the
noise.

Directivity Index
The directivity index is a measure of the sharpness of
the beam or major lobe of either a receiving or transmit-
ting beam pattern. For a spherical coordinate system,
the directivity index of a transducer is given by the
equation [20.31]

DI= 10 log
4π

2π∫

0

π/2∫

−π/2

(
p(θ,φ)

p0

)2
sin θ dθ dφ

. (20.1)

Although the expression for directivity index is rel-
atively simple, using it to obtain numerical values
can be quite involved unless transducers of relatively
simple shapes (cylinders, lines and circular apertures)
with symmetry about one axis is involved. Other-
wise, the beam pattern needs to be measured as
a function of both θ, and φ. This can be done by
choosing various discrete values of θ and measur-
ing the beam pattern as a function of φ, a tedious
process. Equation (20.1) can then be evaluated by nu-
merically evaluating the double integral with a digital
computer. The directivity indices associated with the
dolphin’s beam patterns in Fig. 20.4 were estimated
by Au and Moore [20.28] using (20.1) and a two-
dimensional Simpson’s 1/3-rule algorithm [20.32]. The
results of the numerical evaluation of are plotted as
a function of frequency in Fig. 20.5. DIs of 10.4, 15.3
and 20.6 dB were obtained for frequencies of 30, 60,
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Fig. 20.5 Receiving directivity index as function of fre-
quency for a tursiops truncatus

and 120 kHz, respectively. A linear curve fitted to
the computed DIs in a least-square-error manner is
also shown in the Fig. 20.5. The equation of the line
is

DI(dB)= 16.9 log f (kHz)−14.5 . (20.2)

The results of Fig. 20.5 indicate that the dolphin’s receive
directivity index increased with frequency in a manner
similar to that of a linear transducer (Bobber, 1970).
The expression in (20.2) is only valid for frequencies at
which DI(dB) is greater or equal to 0.

Although the directivity index expressed by (20.1)
is for a tursiops, it can also be used to estimate the direc-
tivity index of other dolphins by applying an appropriate
correction factor, so that (20.2) can be rewritten as

DI(dB)= 16.9 log f (kHz)−14.5+CF(dB) ,
(20.3)

where CF(dB) is a correction factor taking into account
different head sizes. The directivity index of a planar
circular plate is proportional to its diameter so if we let
dT be the diameter of the head of a tursiops at about the
location of the blowhole and dD be the diameter of the
head of a different species of dolphin, then the correction
factor can be expressed as

CF(dB)= 20 log(dD/dT) . (20.4)

The correction factor will be positive for a dolphin with
a larger head and negative for a dolphin with a smaller
head than tursiops.

20.1.3 Hearing by Mysticetes

Our knowledge of the hearing characteristics of baleen
whales is extremely limited. We do not know how they
receive sounds, the frequency range of hearing, and
the sensitivity of hearing at any frequency. Much of
our understanding of hearing in baleen whales comes
from anatomical studies of the ears of different species.
Baleen whales have occluded external auditory canals
that are filled with a homogeneous wax [20.33]. The
lower jaws of mysticetes are designed for sieving or gulp
feeding and have no evident connection to the tempo-
ral bones [20.33] making it very difficult to understand
how sounds enter into the ears of these whales.

Various types of whales have been observed by
many investigators to react strongly and drastically
change their behavior in the presence of boats and low-
flying aircraft, however, the sound pressure levels at
the whales’ locations are often difficult to define and
measure. In some situations, the sound levels of the
aversive sound could be estimated and a data point ob-
tained. Bowhead whales were observed fleeing from a
13 m diesel-powered boat having a noise level at the
location of the whales of about 84 dB re 1 µPa in the
dominant 1/3-octave band, or about 6 dB above the am-
bient noise in that band [20.34]. Playback experiments
with bowhead whales indicated that they took evasive
action when the noise was about 110 dB re 1 µPa or
30 dB above the ambient noise in the same 1/3-octave
band [20.35]. Playback experiments with migrating gray
whales indicated that about 10% of the whales made
avoidance behavior when the noise was about 110 dB
in a 1/3 octave band, 50% at about 117 dB and 90%
at about 122 dB or greater. These playback signals con-
sisted of anthropogenic noise associated with the oil and
gas industry.

Frankel [20.36] played back natural humpback
whale sounds and a synthetic sound to humpback whales
wintering in the waters of the Hawaiian islands. Twenty
seven of the 1433 trials produced rapid approach re-
sponse. Most of the responses were to the feeding call.
Feeding call and social sounds produced changes in both
separation and whale speed, indicating that these sounds
can alter a whale’s behavior. The humpback whales
responded to sounds as low as 102–105 dB but the
strongest responses occurred when the sounds were 111
to 114 dB re 1 µPa.

All of the playback experiments suggest that sounds
must be between 85 and 120 dB before whales will react
to them. These levels are very high compared to those
that dolphins can hear and may suggest that it is very
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difficult to relate reaction to hearing sensitivity. Whales
may not be reacting strongly unless the sounds are much
higher than their hearing threshold.

Determining the hearing sensitivity or audiogram
of baleen whales represents an extremely difficult chal-
lenge and will probably require the use of some sort of
electrophysiological technique as suggested by Ridgway
et al. [20.37]. Perhaps a technique measuring auditory-
evoked potentials with beached whales may provide
a way to estimate hearing sensitivity. Even with evoked
potential measurements, there are many issues that have
to be considered. For example, if an airborne source
is used, the results cannot be translated directly to
the underwater situation. If a sound source is placed

on a whale’s head, relating that to a whale receiving
a plane wave will also not be simple. Measurement of
evoked potentials themselves may not be simple be-
cause of the amount of flesh, muscles and blubber that
the brain waves would have to travel through in or-
der to reach the measurement electrodes. Ridgway and
Carder [20.38] reported on some attempts to use the
evoked potential method with a young gray whale held
at Sea World in California. They also showed that the
pygmy whale auditory system was most sensitive to very
high frequencies (120–130 kHz) in the same range as
their narrow-band echolocation pulses. A young sperm
whale was most sensitive in the 10–20 kHz region of the
spectrum [20.38].

20.2 Echolocation Signals

Echolocation is the process in which an organism
projects acoustic signals and obtains a sense of its
surroundings from the echoes it receives. In a gen-
eral sense, any animal with a capability to hear
sounds can echolocate by emitting sounds and lis-
tening to the echoes. A person in an empty room
can gain an idea of the size and shape of the
room by emitting sounds and listening to the echoes
from the different walls. However, in this chapter,
echolocation is used in a more specific sense in
which an animal has a very specialized capability
to determine the presence of objects considerably
smaller than itself, discriminate between various ob-
jects, recognize specific objects and localize objects in
three-dimensional space (determine range and azimuth).
Dolphins and bats have this specialized capability of
echolocation.

The echolocation system of a dolphin can be broken
down into three subsystems: the transmission, reception
and signal processing/decision subsystems. The recep-
tion system has to do with hearing and localization.
The transmission system consist of the sound produc-
tion mechanism, acoustic propagation from within the
head of the dolphin to into the water, and the char-
acteristics of the signals traveling in the surrounding
environment. The third subsystem has to do with pro-
cessing of auditory information by the peripheral and
central nervous system. The capability of a dolphin to
detect objects in noise and in clutter, and to discrimi-
nate between various objects depends to a large extent
on the information-carrying capabilities of the emitted
signals.

Dolphins most likely produce sounds within their
nasal system and the signals are projected out through
the melon. Although there has been a long-standing con-
troversy on whether sounds are produced in the larynx
or in the nasal system of odontocetes, almost all ex-
perimental data with dolphins indicate that sounds are
produced in the nasal system [20.39]. For example, Ridg-
way and Carder [20.40] used catheters accepted into the
nasal cavity by trained belugas. The belugas preformed
an echolocation task in open water, detecting targets and
reported the presence of targets by whistling. Air pres-
sure within the nasal cavity was shown to be essential
for echolocation and for whistling [20.40].

The melon immediately in front of the nasal plug
may play a role in channeling sounds into the water,
a notion first introduced by Wood [20.41]. Norris and
Harvey [20.42] found a low-velocity core extending
from just below the anterior surface towards the right
nasal plug, and a graded outer shell of high-velocity
tissue. Such a velocity gradient could channel signals
originating in the nasal region in both the vertical and
horizontal planes. Using both a two-dimensional [20.43]
and a three-dimensional model [20.6] to study sound
propagation in a dolphin’s head, Aroyan has shown that
echolocation signals most likely are generated in the
nasal system and are channeled into the water by the
melon. Cranford [20.44] has also collected evidence
from nasal endoscopy of trained echolocating dolphins
that suggest that echolocation signals are most likely
produced in the nasal system at the location of the
monkey-lips, dorsal bursae complex just beneath the
blow hole.
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20.2.1 Echolocation Signals of Dolphins
that also Whistle

Most dolphin species are able to produce whistle sig-
nals. Among some of the species in this category
in which echolocation signals have been measured
include the bottlenose dolphin (tursiops sp), beluga
whale (delphinapterus leucas), killer whale (orcinus
orca), false killer whale (pseudorca crassidens), Pa-
cific white-sided dolphin (lagenorhynchus obliquidens),
Amazon river dolphin (inia geoffrensis), Risso’s dol-
phin (grampus griseus), tucuxi (sotalia fluviatilis),
Atlantic spotted dolphin (stenella frontalis), Pacific
spotted dolphin (Stenella attenuata), spinner dolphin
(Stenella longirostris), pilot whale (globicephala sp),
rough-toothed dolphin (steno bredanesis), Chinese river
dolphin (lipotes vexillifer) and sperm whales (physeter
catodon). However, most of the available data have been
obtained for three species: the bottlenose dolphin, the
beluga whale and the false killer whale.

Prior to 1973, most echolocation signals of tursiops
were measured in relatively small tanks and the re-
sults provided a completely different picture of what

U ( f )

Frequency (kHz)

0
2000 100

0.5

1.0

0

250µs0

Kaneohe bay
SL = 210 – 227dB re 1 µPa

Tank
SL = 170 –185dB re 1 µPa

250µs

Fig. 20.6 Example of echolocation signals used by tursiops
truncatus in Kaneohe Bay (after Au [20.45]), and in a tank

we currently understand. It was not until the study of
Au et al. [20.45] that certain features of biosonar sig-
nals used by tursiops and other dolphins in open waters
were discovered. We discovered that the signals had
peak frequencies between 120 and 130 kHz, over an
octave higher than previously reported peak frequen-
cies between 30 and 60 kHz [20.46]. We also measured
an average peak-to-peak click source level on the or-
der of 220 dB re 1 µPa at 1 m, which represents a level
30 to 50 dB higher than previously measured for tur-
siops. Examples of typical echolocation signals emitted
by tursiops truncatus are shown in Fig. 20.6 for two sit-
uations. The top signal is typical of signals used in the
open waters of Kaneohe Bay, Oahu, Hawaii, and the
second signal represents typical signals for a tursiops
in a tank. Signals measured in Kaneohe Bay regularly
have duration between 40 and 70 µs, 4 to 10 positive ex-
cursion, peak frequencies between 110 and 130 kHz and
peak-to-peak source levels between 210 and 228 dB re
1 µPa. The signals in Fig. 20.6 are not drawn to scale; if
they were, the tank signal would resemble a flat line.

Au et al. [20.47] postulated that high-frequency
echolocation signals were a byproduct of the animals
producing high-intensity clicks to overcome snapping
shrimp noise. In other words, dolphins can only emit
high-level clicks (greater than 210 dB) if they use high
frequencies. The effects of a noisy environment on the
echolocation signals used by a beluga or white whale
(Delphinapterus leucas) was vividly demonstrated by
Au et al. [20.47]. The echolocation signal of a beluga
was measured in San Diego Bay, California before the
whale was moved to Kaneohe Bay. The ambient noise
in Kaneohe Bay is between 15 to 20 dB greater than
in San Diego Bay. The whale emitted echolocation sig-
nals with peak frequencies between 40 and 60 kHz and
with a maximum averaged peak-to-peak source level of
202 dB re 1 µPa in San Diego Bay. In Kaneohe Bay, the
whale shifted the peak frequency of its signals over an
octave higher to 100 and 120 kHz. The source level also
increased to over 210 dB re 1 µPa [20.47]. Examples of
typical echolocation signals used by the whale in San
Diego and in Kaneohe Bay are shown in Fig. 20.7a.
Here, the signals are drawn to scale with respect to
each other. Echolocation signals used by belugas in
tanks also resemble the low-frequency signals shown
in Fig. 20.2a [20.48, 49]. Turl et al. [20.50] measured
the sonar signals of a beluga in a target-in-clutter de-
tection task in San Diego Bay and found the animal
used high-frequency (peak frequency above 100 kHz)
and high-intensity (greater than 210 dB re 1 µPa) sig-
nals. Therefore low-amplitude clicks of the beluga had
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Fig. 20.7 (a) Example of beluga echolocation signals measured in San Diego Bay and in Kaneohe Bay (after Au
et al. [20.47]); (b) Examples of pseudorca echolocation signals, Sl is the averaged peak-to-peak source level (after
Au et al. [20.52])

low peak frequencies and the high-amplitude clicks
had high peak frequencies. The data of Moore and
Pawloski [20.51] for Tursiops also seem to support the
notion that the shape of the signal in the frequency
domain is related to the intensity of the signal.

Recent results with a false killer whale showed
a clear relationship between the frequency content of
echolocation signals and source level [20.52]. The Pseu-
dorca emitted four basic types of signals, which are
shown in Fig. 20.7b. The four signal types have spec-
tra that are bimodal (having two peaks); the spectra in
Fig. 20.2 are also bimodal. The type I signals were de-
fined as those with the low-frequency peak (< 70 kHz)
being the primary peak and the high-frequency peak be-
ing the secondary peak with its amplitude at least 3 dB
below that of the primary peak. Type II signals were de-
fined as those with a low-frequency primary peak and
a high-frequency secondary peak having an amplitude
within 3 dB of the primary peak. Type III signals were
those with a high-frequency primary peak (>70 kHz),

and a low-frequency secondary peak having an ampli-
tude within 3 dB of the primary peak. Finally, type IV
signals were those with a high-frequency primary peak
having an amplitude that was at least 3 dB higher than
that of the secondary low-frequency peak.

The data of Thomas et al. [20.53, 54] also indicated
a similar relationship between intensity and the spectrum
of the signal. The echolocation signals of a pseudorca
measured in a tank had peak frequencies between 20 and
60 kHz and source levels of approximately 180 dB re
1 µPa [20.53]. Most of the sonar signals used by another
pseudorca performing a detection task in the open waters
of Kaneohe Bay had peak frequencies between 100 and
110 kHz and source levels between 220 and 225 dB re
1 µPa [20.54].

A bimodal spectrum is best described by its cen-
ter frequency, which is defined as the centroid of the
spectrum, and is the frequency which divides the spec-
trum into two parts of equal energy. From Fig. 20.7,
we can see that, as the source level of the signal in-
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Fig. 20.8 Center frequency of echolocation signals emitted
by a pseudorca as a function of the peak-to-peak source
level (after Au et al. [20.52])

creased, the frequency components at higher frequencies
also increased in amplitude, suggesting a relationship
between source level and center frequency. This relation-
ship can be examined by considering the scatter diagram
of Fig. 20.8 showing center frequency plotted against
source level. The solid line in the figure is a linear-
regression curve fit of the data and has a correlation
coefficient of 0.80.

The bimodal property of the echolocation signals
of Fig. 20.7 seems to suggest that the response of the
sound generator may be determined by the intensity of
the driving force that eventually causes an echolocation
signal to be produced. When the intensity of the driving
force is low, only signals with low amplitudes and low-
frequency peak are produced. Therefore, in small tanks,
the signals resemble the tank signal of Fig. 20.1, and the
bimodal feature is suppressed since the high-frequency
portion of the source cannot be used for a low driving
force. As the driving force increases to a moderate level,
the low-frequency peak also increases in amplitude, and
the high-frequency portion of the signal begins to come
into use. As the driving force increases further the am-
plitude of the high-frequency peak becomes larger than
that of the low-frequency peak, resulting in type III sig-
nals. As the driving force continues to increase to a high
level, the amplitude of the high-frequency peak becomes
much greater than the amplitude of the low-frequency
peak and completely dominates the low-frequency peak
causing the bimodal feature to be suppressed. Recent
field measurements of free-ranging dolphins [20.55–57]
suggest that the majority of echolocation clicks emitted
by dolphins are bimodal.

The largest odontocete species is the sperm whale
(Physeter catodon) and it too emits echolocation signals.
Prior to the late 1990s the most prevalent understanding
of sperm whale signals is that the clicks were broadband
with peak frequencies between 4 and 8 kHz [20.58–
61]. There were only two reports on source levels.
Dunn [20.62] using sonobouys measured 148 sperm
whale clicks from a solitary sperm whale and estimated
an average peak-to-peak source level of 183 dB re 1 µPa.
Levenson [20.59] estimated peak-to-peak source level of
180 dB re 1 µPa. The clicks were also thought to be es-
sentially nondirectional and projected in codas [20.63].
Therefore, the notion of sperm whales echolocating was
somewhat questionable. Part of the problem was the lack
of measurements of sperm whale signaling in conjunc-
tion with foraging and the fact that click signals can
have more than one function, such as communications
and echolocation. In a review paper Watkins [20.63]
spelled out his rational for not supporting the notion of
a sonar function for sperm whale clicks, “Other features
of their sounds however, do not so easily fit echoloca-
tion:” Watkin’s rational included his observations that
clicks do not appear to be very directional, the inter-
click interval does not varied as if a prey or obstacle is
being approached, solitary sperm whales are silent for
long periods, the level of their clicks appears to be gen-
erally greater than that required for echolocating prey or
obstacles and the individual clicks are usually too long
for good range resolution. It is important to state that
most of Watkins measurements were conducted at low-
temperate latitudes where females and calves are found.

Sperm whale echolocation began to be more fully
understood with data obtained in ground-breaking work
by Bertel Møhl and his students from the University of
Aarhus, along with other Danish colleagues. They be-
gan to perform large-array aperture measurements of
large bull sperm whales foraging along the slope of the
continental shelf off Andenes, Norway beginning in the
summer of 1977 [20.64]. Up to seven multi-platforms
spaced on the order of 1 km apart were used in their
study with hydrophones placed at depths varying from
5 to 327 m [20.65]. They also came up with a unique but
logistically simple scheme of obtaining global position-
ing system (GPS) information to localize the position
of each platform. Each platform continuously logged its
position and time stamps on one track of a digital au-
dio tape (DAT) recorder, the other track being used for
measuring sperm whale clicks [20.64]. The GPS signals
were converted to an analog signal by frequency-shift
keying (FSK) modulation. In this way, each platform
can be operated essentially autonomously and yet its lo-
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cation and time stamps could be related to all the other
platforms.

An important finding of Møhl et al. [20.64] is the
monopulsed nature of on-axis clicks emitted by the
sperm whales that were similar in shape and spectrum to
dolphin echolocation signals but with peak frequencies
between 15 and 25 kHz (this peak frequency range is
consistent with the auditory sensitivity observed from
evoked potential responses by a young sperm whale
to clicks presented by Ridgway and Carder [20.38]).
Møhl et al. [20.64] also estimated very high source lev-
els as high as 223 dB re 1 µPa per RMS (root mean
square). The per RMS measure is the level of a continu-
ous sine wave having the same peak-to-peak amplitude
as the click. This measure is clearly an overestimate
of the RMS value of a sperm whale click. Neverthe-
less, the 223 dB reported by Møhl et al. [20.64] can
easily be given a peak-to-peak value of 232 dB (adding
9 dB to the per-RMS value). In a follow-on study, Møhl
et al. [20.65] measured clicks with RMS source levels
as high as 236 dB re 1 µPa using the expression

pRMS =

√√√√√ 1

T

T∫

0

p2(t)dt . (20.5)

For this measurement, they used a time interval cor-
responding to the 3 dB down points of the signal
waveform. For this waveform, an RMS source level of
236 dB corresponds to a peak-to-peak source level of
243 dB re 1 µPa. Finally, they found that the clicks were
very directional, as directional as dolphin clicks.

20.2.2 Echolocation Signals of Smaller
Odontocetes that Do not Whistle

The second class of echolocation signals are produced
by dolphins and porpoises that do not emit whistle
signals. Not many odontocetes fall into this category
and these non-whistling animals tend to be smaller
than their whistling cousins. Included in this group
of non-whistling odontocetes are the harbor porpoise
(phocoena phocoena), finless porpoise (neophocaena
phocaenoides), Dall’s porpoise (phocoenoides dalli),
Commerson’s dolphin, cephalorhynchus commersonii),
Hector’s dolphin (cephalorhynchus hectori) and pygmy
sperm whale (kogia sp).

Examples of harbor porpoise and Atlantic bottlenose
dolphin echolocation signals presented in a manner for
easy comparison are shown in Fig. 20.9. There are four
fundamental differences in the two types of echoloca-

tion signals. The non-whistling animal emit a signal with
longer duration, narrower band, lower amplitude and
single mode. The length of the Phocoena phocoena sig-
nal vary from about 125–150 µs compared to 50–70 µs
for the tursiops truncatus signal. The bandwidth of the
Phocoena signal is almost 0.2–0.3 that of the tursiops
signal. Since the non-whistling dolphins are usually
much smaller in length and weight than the whistling
dolphins, the smaller animals might be amplitude limited
in terms of their echolocation signals and compensate
by emitting longer signals to increase the energy out-
put. This issue can be exemplified by characterizing an
echolocation click as [20.39]

p(t)= As(t) , (20.6)

where A = |p|max is the absolute value of the peak
amplitude of the signal and s(t) is the normalized wave-
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Fig. 20.9 Examples of typical echolocation signals of pho-
coena phocoena and tursiops truncatus (after [20.8])
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Fig. 20.10 The transmission beam pattern of a tursiops truncatus planes with the waveform of a click measured by 5–7
hydrophones (after Au [20.39]) in the vertical and horizontal planes

form having a maximum amplitude of unity. The source
energy-flux density of the signal in dB can be expressed
as

SE= 10 log

⎛

⎝
T∫

0

p(t)2 dt

⎞

⎠

= 10 log(A)+10 log

⎛

⎝
T∫

0

s(t)2 dt

⎞

⎠ , (20.7)

where T is the duration of the signal. Letting 2A ≈
be the peak-to-peak sound pressure level, (20.4) can be
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rewritten as

SE= SL−6+10 log

⎛

⎝
T∫

0

s(t)2 dt

⎞

⎠ , (20.8)

where SL is the the peak-to-peak source level and is ap-
proximately equal to 10 log(2A). From Fig. 20.9, the
Tursiops can emit signals with peak-to-peak source
levels in open water that are greater than 50 dB for
phocoena. The portion of the source energy that can
be attributed to the length of the signal is only about
2–4 dB greater for phocoena than Tursiops [20.39].
Therefore, one can conclude that the target detection
range of phocoena is considerably shorter than for
Tursiops. This has been demonstrated by Kastelein
et al. [20.67] who measured a target detection threshold
range of 26 m for a 7.62 cm water-filled sphere in a quiet
environment. The target detection range in a noisy envi-
ronment and a similar 7.62 cm water-filled sphere was
113 m [20.68].

The echolocation signals of other non-whistling
odontocetes are very similar to the Phocoena phocoena
signal shown in Fig. 20.9. Examples of the echolo-
cation signals of other non-whistling odontocetes can
be found in Au [20.7, 39, 69]. Unfortunately, reliable
source-level data have been collected only for Phocoena
phocoena [20.70] and Kogia [20.69].
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Fig. 20.11 The transmission beam pattern of a delphinapterus leucas (after Au et al. [20.66]) and a pseudorca crassidens
(after Au et al. [20.52]) in the vertical and horizontal planes

20.2.3 Transmission Beam Pattern

The outgoing echolocation signals of dolphins and
other odontocetes are projected in a directional beam
that have been measured in the vertical and horizon-
tal planes for the bottlenose dolphin [20.39], beluga
whale [20.66] and the false killer whale [20.52]. The
composite beam pattern from the three measurements
on Tursiops along with the averaged waveform from
a single trial measured by 5 or the 7 hydrophones
are shown in Fig. 20.10. The 3 dB beam width for
the bottlenose dolphin was approximately 10.2◦ in the
vertical plane and 9.7◦ in the horizontal plane. The
waveforms detected by the various hydrophones in
Fig. 20.10 indicate that signals measured away from
the beam axis will be distorted with respect to the
signals measured on the beam axis. The further away
from the beam axis the more distorted the signals
will be. This distortion come from the broadband
nature of the click signals emitted by whistling dol-
phins. This characteristics also make it difficult to
get good measurements of echolocation signals in
the field even with an array of hydrophones since it
is extremely difficult to obtain on-axis echolocation
signals and also to know the orientation of the ani-
mal with respect to the measuring hydrophones. The
frequencies shown with each waveform are the fre-
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Fig. 20.12 Beam patterns in the vertical and horizontal
planes for phocoena phocoena (Au et al. [20.70])

quencies of local maxima in the spectrum. At some
angles the averaged signal had multiple peaks in
the spectrum and these peaks are listed in order of
prominence.

The beam patterns for the beluga and false killer
whale are shown in Fig. 20.11. The beam width for the
beluga whale was approximately 6.5◦ in both planes.
Four beam patterns corresponding to the four signal
types described in Fig. 20.7 are shown for the false
killer whale. For the highest frequency (type IV signal)
the 3 dB beam width in the vertical plane was approxi-
mately 10◦, and 7◦ in the horizontal plane. The beam
axis in the vertical plane for the bottlenose dolphin
and the beluga whale was +5◦ above the horizontal
plane. For the false killer whale, 49% of the beam
axis was at 0◦ and 32% at −5◦. The four beam pat-
terns for the false killer whale indicate that, like a linear
transducer, the lower the frequency the wider the beam
pattern. The type I signal has a peak frequency of about
30 kHz and has the widest beam. However, even though
the peak frequency of the type IV signal is about 3.5
times higher than the type I signal, the beam does
not seem to be substantially larger. This property can
be used when discussing lower-frequency whistle sig-
nals to suggest that whistle signals are also emitted in
a beam.

Bandwidth (deg) & DI (dB)

d /λ

0
10 15 20 25 30

5

10

15

20

25

30

35

40

r2 = 0.990

r2 = 0.995

Directivity index

3 dB beamwidth

Pp Tt Pc DI

Fig. 20.13 Transmission directivity index and 3 dB beam
width for four odontocetes. The directivity index and beam
width for Tursiops truncatus and delphinapterus leucas
came from Au [20.39] and for pseudorca crassidens after
Au et al. [20.52]. The wavelength λ corresponds to the av-
erage peak frequency of the animals’ echolocation signals.
The directivity index is fitted with a second-order polyno-
mial curve the the beam width is fitted with a linear curve
(after Au et al. [20.70])

The only transmission beam pattern for a non-
whistling odontocete, a phocoena phocoena, was
measured by Au et al. [20.70]. Their results are shown
in Fig. 20.12 in both the horizontal and vertical planes.
One of the obvious difference between the beam pat-
terns in Fig. 20.12 and those in Figs. 20.10 and 20.11
is the width of the beam. Although the harbor por-
poise emitted the highest-frequency signals, its small
head size caused the beam to be wider than for the
other animals. The beam patterns of Figs. 20.10–20.12
were inserted into (20.1) and numerically evaluated to
estimate the corresponding directivity index for tur-
siops and delphinapterus [20.39] and for pseudorca
by Au et al. [20.52] and for phocoena [20.70], and
the results are shown in Fig. 20.13 plotted as a func-
tion of the ratio of the head diameter (at the blow
hole) of the subject and the average peak frequency
of the animals echolocation signal. Also shown in
Fig. 20.13 are the 3 dB beam width, where the 3 dB
beam width in the vertical and horizontal planes were
averaged.

The second-order polynomial fit of the directivity
index is given by the equation

DI= 28.89−1.04

(
d

λ

)
+0.04

(
d

λ

)2

. (20.9)
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The linear fit of the 3 dB beam width data is given by
the equation

BW= 23.90−0.60

(
d

λ

)
. (20.10)

The results of Fig. 20.13 provides a way of estimating the
directivity index and 3 dB beam width of other odonto-
cetes by knowing their head size and the peak frequency
of their echolocation signals.

Another interesting characteristics of the beam pat-
tern measurement on the phocoena phocoena is that the
off-axis signals are not distorted in comparison to the
on-axis signal. This is consistent with narrow-band sig-
nals whether for a linear technological transducer or
a live animal. Therefore, measurements of echolocation
signals of non-whistling odontocetes in the field can be
performed much easier than for whistling odontocetes.

20.3 Odontocete Acoustic Communication

Members of the Odontocete suborder are an intriguing
example of the adaptability of social mammalian life to
the aquatic habitat. Most odontocetes, particularly ma-
rine dolphins, live in groups ranging from several to
hundreds of animals in size, forage cooperatively, de-
velop hierarchies, engage in alloparental care and form
strong pair bonds and coalitions between both kin and
non-kin alike (see [20.71–73] for a review of the lit-
erature on dolphin societies). These social traits are
analogous to patterns found in many avian and terrestrial
mammalian species. It is not surprising, therefore, that
odontocetes mediate much social information via com-
munication. Some river dolphins are usually found as
solitary individuals or mother–calf pairs although they
may occasionally congregate into larger groups.

Odontocetes communicate through a combination of
sensory modalities that include the visual, tactile, acous-
tic and chemosensory channels [20.74]. Visual signals
in the form of postural displays are thought to convey
levels of aggression, changes in direction of movement,
and affiliative states [20.72,75]. Tactile interactions vary
in purpose from sexual and affiliative signals to expres-
sions of dominance and aggression [20.76,77]. Although
not well documented yet, it is thought that a derivative
of chemosensory perception, termed quasiolfaction al-
lows dolphins to relay chemical messages about stress
and reproductive status [20.78, 79]. However, it is the
acoustic communication channel in particular that is be-
lieved to be the main communication tool that enables
odontocetes to function cohesively as groups in the vast,
visually limited environment of the open sea [20.80].
Examining how odontocetes have adapted their use of
sound is therefore an important step to understanding
how social marine mammal life evolved in the sea and
how it has found a way to thrive in a habitat so drastically
different from our own.

When compared to all that has been learned about
dolphin echolocation over the past several decades, sur-

prisingly little is still known about how dolphins and
other odontocetes use acoustic signals for communica-
tion. A major reason for this is that it is very difficult to
observe the acoustic and behavioral interactions between
the producer and the receiver(s) of social signals in the
underwater environment. Sound propagation in the sea
makes even a simple task like identifying the location of
a sound source very challenging for air-adapted listeners.
Therefore, matching signals with specific individuals
and their behavior in the field is problematic without the
use of sophisticated recording arrays [20.57,76,81,82],
or directional transducers. In addition, many questions
remain unanswered about the nature of social signals
themselves. Much still remains unknown about the func-
tional design of dolphin social sounds. This is largely
due to the fact that most species specialize in produc-
ing and hearing sounds with frequencies well beyond
the limits of the human hearing range. Limitations in the
technology available to study social signaling in the field
have until recently restricted most analyses to the human
auditory bandwidth (< 20 kHz). Yet, despite these signif-
icant challenges, a great deal of progress has been made
in our understanding of odontocete acoustic communi-
cation. Rapidly advancing technologies are contributing
greatly to our ability to study social signaling both in the
field and in the laboratory. The emerging picture reveals
that odontocetes have adapted their acoustic signaling
to fit the aquatic world in a remarkably elegant way.

20.3.1 Social Acoustic Signals

Odontocetes have evolved in both marine and freshwa-
ter habitats for over 50 million years. Over such a long
period of adaptive radiation one might expect that a va-
riety of signaling strategies would have evolved among
the approximately 65 species of small toothed whales
and dolphins. Yet, remarkably, the vast majority of these
species have either conserved or converged on the pro-
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duction of two types of sounds: whistles and short pulse
trains.

Whistles
Whistles are frequency- and amplitude-modulated tones
that typically last anywhere from 50 ms to 3 s or more,
as illustrated in Fig. 20.14. They are arguably the most
variable signals produced by dolphins. Both within and
across species they range widely in duration, bandwidth
and degree of frequency modulation. How whistles
are used in communication is an ongoing topic of
debate among researchers, but most agree that they
play an important role in maintaining contact between
dispersed individuals and are important in social inter-
actions [20.85].
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0.39s
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75a)
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Fig. 20.14a–c Variations in whistle forms produced by
Hawaiian spinner dolphins (a) and Atlantic spotted dol-
phins (b), (c) exhibiting multiple harmonics (after Lammers
et al. [20.83, 84])

Dolphin whistles exhibit both species and geo-
graphic specificity [20.86–90]. Differences are greatest
between distantly related taxa and between species of
different size. As a general rule, larger species tend to
produce whistles with lower fundamental frequencies
than smaller ones [20.88]. Geographic variations within
a species are usually smaller than interspecific differ-
ences [20.87], but some species do develop regional
dialects between populations [20.89,90]. These dialects
tend to become more pronounced with increasing geo-
graphic separation. In addition, pelagic species tend to
have whistles in a higher-frequency range and with more
modulation than coastal and riverine species [20.86,88].
Such differences have been proposed as species-specific
reproductive-isolating characteristics [20.86], as ecolog-
ical adaptations to different environmental conditions
and/or resulting from restrictions imposed by physiol-
ogy [20.88]. On the other hand, it must also be noted that
numerous whistle forms are also shared by both sym-
patric and allopatric species [20.91]. The communicative
function of shared whistle forms is unknown, but it
is intriguing as it suggests a further tendency towards
a convergence in signal design.

Dolphins produce whistles with fundamental fre-
quencies usually in the human audible range (below
20 kHz). However, whistles typically also have harmon-
ics (Fig. 20.14), which occur at integer multiples of
the fundamental and extend well beyond the range of
human hearing [20.84]. Harmonics are integral com-
ponents of tonal signals produced by departures of the
waveform from a sinusoidal pattern. Dolphin whistle
harmonics have a mixed directionality property, which
refers to the fact they become more directional with in-
creasing frequency [20.83,92]. It has been proposed that
this signal feature functions as a cue, allowing listening
animals to infer the orientation and direction of move-
ment of a signaling dolphin [20.83,92]. Harmonics may
therefore be important in mediating group cohesion and
coordination.

Burst Pulses
In addition to whistles, most odontocetes also produce
pulsed social sounds known as burst pulse signals. Burst
pulse signals are broadband click trains similar to those
used in echolocation but with inter-click intervals of
only 2–10 ms [20.93]. Because these intervals are con-
siderably shorter than the processing period generally
associated with echolocation and because they are of-
ten recorded during periods of high social activity, burst
pulse click trains are thought instead to play an important
role in communication.
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Fig. 20.15a,b Examples of (a) high-quantity and (b) low-
quantity burst pulses produced by Atlantic spotted dolphins
(stenella frontalis). Click train a has 255 clicks with mean
ICI (interclick interval) of 1.7 ms. Click train b has 35 clicks
with a mean ICI of 2.9 ms (after Lammers et al. [20.83,84])

Burst pulses vary greatly in the inter-pulse inter-
val and in the number of clicks that occur in a train,
which can number anywhere from three to hundreds
of pulses, as depicted in Fig. 20.15. This variation
gives them distinctive aural qualities. Consequently,
burst pulse sounds have been given many subjec-
tive labels, including yelps [20.94], cracks [20.95],
screams [20.96] and squawks [20.97]. Their produc-
tion has been reported in a variety of odontocete
species including: the Atlantic bottlenose dolphin
(tursiops truncatus) [20.95], the Hawaiian spinner
dolphin (stenella longirostris) [20.72], the Atlantic
spotted dolphin (stenella frontalis) [20.98], the nar-
whal (monodon monoceros) [20.99], Hector’s dolphin

(cephalorhynchus hectori) [20.100], the pilot whale
(globicephala melaena) [20.101], and the harbor por-
poise (phocoena phocoena) [20.101]. To date, much
remains unknown about how burst pulses function
as communication signals. It is generally believed
that they play an important role in agonistic en-
counters because they are commonly observed during
confrontational head-to-head behaviors between in-
dividuals [20.95, 102–104]. However, some authors
have suggested they may represent emotive signals in
a broader sense [20.97, 105, 106], possibly functioning
as graded signals [20.107].

Given that dolphins have temporal discrimination
abilities well within the range required to resolve indi-
vidual clicks in a burst pulse [20.39, 108], it is possible
that the quantity of clicks and their temporal spacing
could form an important basis for communication. How-
ever, as with whistles, no data presently exist on the
classification and discrimination tendencies of dolphins
with respect to different burst pulses.

20.3.2 Signal Design Characteristics

Although much remains unknown about how odon-
tocetes use acoustic signals for communication, the
communicative potential of their signals can, in part, be
inferred by considering the design characteristics that
have been uncovered thus far. Signal features such as
their detectable range, the production duty cycle, the
identification level, the modulation potential and the
form–content linkage provide useful clues about how
odontocetes might use whistles and burst pulses.

The Active Space of Social Signals
The effective range of signals used for communication
is generally termed the active space. Janik [20.109]
investigated the active space of whistles produced by
bottlenose dolphins in the Moray Firth, Scotland, us-
ing a dispersed hydrophone array to infer geometrically
the location of signaling animals and establish the
source level of their whistles. The mean source level
was calculated to be 158 dB ± 0.6 re 1 µPa, with
a maximum recorded level of 169 dB. By factoring
in transmission loss, ambient noise levels, the critical
ratios and auditory sensitivity of the species involved
the active space of an unmodulated whistle between
3.5 and 10 kHz in frequency was estimated to be be-
tween 20 and 25 km in a habitat 10 meters deep at
sea state 0. At sea state 4 the estimated active space
ranged from 14 to 22 km, while for whistles at 12 kHz
it dropped to between 1.5 and 4 km. These estimations

Part
F

2
0
.3

Amazon    EX1014    Page 829



824 Part F Biological and Medical Acoustics

were made for dolphins occurring in a relatively shal-
low, mostly mud-bottom, quiet environment. Presently,
no data exist on the active space characteristics of del-
phinid whistles in pelagic waters and comparatively
louder tropical near-shore environments. Similarly, no
estimates have yet been made for the active space of
burst pulses.

The Duty Cycle of Social Signals
Duty cycle refers to the proportion of time that any
given signal or class of signals is on versus off. Signals
can vary in the fine structure of their temporal patterning
(e.g. duration), in their temporal spacing within a bout,
and in their occurrence within a larger cyclical time
frame, such as a 24 hour day. Each of these aspects of
the temporal delivery of signals carries its own implica-
tion for communication. Fine-scale characteristics can
define the nature of the signal itself and provide infor-
mation about its relationship to other signals as well
as constraints associated with its mechanism of produc-
tion. The occurrence and timing of a signal within a bout
can help convey information about the urgency of a sit-
uation, the level of arousal, the fitness of an individual
and can assist the receiver in the task of localization. Fi-
nally, the periodicity of signals over hours or days can
be an indicator of variables such as activity levels and
reproductive state.

Murray et al. [20.110] investigated the fine-scale
duty-cycle characteristics of delphinid social signals.
Using a captive false killer whale (pseudorca crassidens)
as their subject, they examined the temporal relationship
between the units of a click train (individual clicks) and
tonal signals. Their analysis revealed that false killer
whales modulate the temporal occurrence of clicks to
the point of grading them into a continuous wave (CW)
signal such as a whistle. This finding was interpreted as
evidence that pseudorca may employ graded signaling
for communication (a topic discussed in more detail be-
low), as well as to suggest that clicks and whistles are
produced by the same anatomical mechanism.

The timing of signals within a bout has not been
investigated with much success among delphinids. The
primary obstacle towards this line of work has been the
difficulty of identifying the signaler(s) involved for even
short periods of time under field conditions. Early work
by Caldwell and Caldwell [20.111] on a group or four
naïve captive common dolphins (delphinus delphis) sug-
gests that whistle exchanges do have temporal structure.
In whistling bouts involving more than one signaler, the
onset of a whistle specific to an individual was followed
within two seconds by that of another. Furthermore, ini-

tiation of a whistle by two animals within 0.3 s of one
another always resulted in the inhibition of one of them,
with some individuals deferring more than others. Ini-
tiations separated by 0.4–0.5 s caused inhibition less
frequently while those longer than 0.6 s resulted in al-
most no inhibition. Repeated whistles produced without
an intervening response by another animal were usually
delayed by less than one second. Thus, the duty cycle of
whistling bouts and chorusing behavior among common
dolphins does appear to follow certain temporal rules,
but their significance is not clear.

Periodicity in social signaling has been investi-
gated in captive bottlenose dolphins and common
dolphins [20.112–114], as well as free-ranging spin-
ner dolphins (stenella longirostris) [20.72] and common
dolphins [20.115]. In the captive studies, signaling ac-
tivity was linked to feeding schedules, nearby human
activities and responses to different forms of introduced
stress [20.113]. For spinner and common dolphins in
the wild, the occurrence of social acoustic signals was
highest at night, when both species were foraging, and
lowest in the middle of the day.

The Identification Level of Social Signals
The role of delphinid whistles as individual-specific sig-
nals has been the focus of more scientific attention
than any other aspect of their social acoustic signal-
ing. Caldwell and Caldwell [20.116] were the first to
propose that individual dolphins each possess their own
distinct signature whistle. The idea was borne out of
the observation that recently captured dolphins each
produce a unique whistle contour that makes up over
90% of the individual’s whistle output. Since being
proposed, the so-called signature whistle hypothesis
has emerged as the most widely accepted explana-
tion for whistling behavior among dolphins. The idea
has received support from numerous studies involv-
ing captive and restrained animals [20.85, 117–121]
as well as from field studies of free-ranging ani-
mals [20.97, 122, 123]. Some, however, have argued
that a simple signature function for dolphin whistling
cannot account for the diversity of signals observed in
socially interactive dolphin groups [20.124,125]. While
not denying the presence of signature whistles per se,
these authors have argued that the large percentage of
stereotyped signature signals observed in other stud-
ies may be an artifact of the unusual circumstances
under which they were obtained (isolation, temporary
restraint, separation, captivity). The debate over the
prevalence of signature whistles among captive and
free-ranging dolphins remains a contested topic in the
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literature and at scientific meetings. On the other hand,
no evidence or formal discussions presently exist sug-
gesting burst pulse signals carry any individual-specific
information.

The Modulation Potential of Social Signals
The modulation potential describes the amount of vari-
ation present in any given signal as measured by its
position along a scale from stereotyped to graded sig-
naling [20.126]. Stereotyped signals are repeats of
structurally identical forms and vary discretely be-
tween one another. They are used most often for
communication when the prospect of signal distortion
is high, such as in noisy or reverberant environments
or for communicating over long ranges. Graded sig-
nals have more variants than stereotyped ones and are
encoded by changing one or more signal dimensions.
These can include intensity, repetition rate and/or fre-
quency and amplitude modulation. Graded signals are
usually employed when a continuous or relative condi-
tion must be communicated in a favorable propagation
environment.

Many studies to date have made an a priori assump-
tion that dolphin signaling is categorical in nature, with
signals belonging to mutually exclusive classes on the
basis of their shared similarities. Some evidence in sup-
port of this assumption comes from the signature-whistle
hypothesis work, where restrained and isolated individ-
uals are often observed producing highly stereotyped
bouts of signaling. However, few data are presently
available to suggest how dolphins perceive and distin-
guish social signals [20.127]. Therefore, it is unclear
whether an assumption based on the occurrence of signa-
ture whistles is broadly applicable towards other forms
of social acoustic signaling (i. e. non-signature whistles
and burst pulses).

A few studies have explored the occurrence of
graded signaling in the communication of delphinids
and the larger whales. Taruski [20.128] created a graded
model for the whistles produced by North Atlantic
pilot whales (globicephala melaena). He concluded
that these signals could be arranged as a “contin-
uum or matrix (of signals) from simple to complex
through a series of intermediates” (Taruski [20.128]
p. 349). Murray et al. [20.110], examining the signals
of a captive false killer whale (Pseudorca crassi-
dens), came to a similar conclusion and proposed
that Pseudorca signals were also best represented
along a continuum of signal characteristics, rather than
categorically. Finally, Clark [20.129], examining the
“call” signals of southern right whales (a mysticete),

made the observation that “ . . . the total repertoire
of calls is best described as a sequence of inter-
graded types along a continuum” (Taruski [20.128]
p. 1066). Therefore, graded signaling may well play
a role in odontocete communication. Controlled per-
ceptual experiments and a better understanding of the
acoustic environment dolphins inhabit are needed to
test how odontocetes discriminate and classify social
sounds.

The Form–Content Linkage of Social Signals
The degree to which the form of a signal is linked to
its content depends on how information is coded and
on proximate factors associated with the signal’s pro-
duction. The relationship between a signal’s structural
form and its message can range from being rather arbi-
trary to tightly linked to a specific condition [20.126].
Among odontocetes, a clear relationship between sig-
nal form and content has only been demonstrated for
signature whistles (discussed above). Dolphins have
been experimentally shown to be capable of labeling
objects acoustically (also known as vocal learning), as
well as mimicking model sounds following only a sin-
gle exposure [20.130]. Additional evidence of vocal
learning exists from culturally transmitted signals in
the wild [20.131] and in captivity [20.132], as well as
from the spontaneous production of acoustic labels in
captivity [20.127]. Context-specific variations in signa-
ture whistle form have also been demonstrated [20.121].
However, to date, no semantic rules have been identified
for naturally occurring social signals among odonto-
cetes.

Geographic Difference and Dialect
There is a distinct difference between geographical
difference and dialect. Geographical differences are as-
sociated with widely separated populations that do not
normally mix. Dialect is best reserved for sound emis-
sion differences on a local scale among neighboring
populations which can potentially intermix [20.133].
Geographic variations are generally considered to re-
sult from acoustic adaptations to different environments,
or a functionless byproduct of isolation and genetic di-
vergence caused by isolation [20.134]. The functional
significance of dialects is controversial, with some main-
taining that dialects are epiphenomena of song learning
and social adaptation, whereas others believe that they
play a role in assorted mating and are of evolutionary
significance [20.134]. Dialects are known to occur in
many species of birds [20.135] but appear to be very
rare in mammals.
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Fig. 20.16 Spectrograms of call types N7 and N8 for clan A. Above each spectrogram is the subtype identification and the
pods that produce the variant, and below certain spectrograms are division marks separating calls into their component
parts (after Ford [20.134]).

Killer Whale
Killer whales (orcinus orca) produce a specific type of
burst pulse termed the discrete call. Discrete calls are
thought to serve as contact calls between individuals,
much like whistles in other odontocete species [20.136].
Discrete calls are population specific and even pod spe-
cific. The dialects of resident killer whales (Orcinus
orca) in the coastal waters of British Columbia and
Washington have been studied over a prolonged pe-
riod by Ford and his colleagues [20.134,137,138]. They
used photographic identification techniques, keying on
unique natural markings on the whales to identify 16
pods or stable kin groups of 232 resident killer whales.
Differences in acoustic behavior formed a system of re-
lated pod-specific dialects within the call tradition of
each clan. Ford [20.134] has proposed that each clan
is comprised of related pods that have descended from
a common ancestral group and pod-specific repertoires
probably serve to enhance the efficiency of acoustic
communications within the group and act as behavioral
indicators of pod affiliation.

Killer whale calls are typically made up of rapidly
emitted pulses that to the human ear have a tonal qual-
ity [20.134]. Many calls have several abrupt shifts in
pulse repetition rate allowing them to be divided into
different segments or parts. Although all pods belong-
ing to a clan share a number of calls, these calls were

often rendered in consistently different form by differ-
ent pods. Also, certain pods produced calls that were not
used by the rest of the clan. Such variations produced
a set of related group-specific dialects within the call
tradition of each clan.

Spectrograms of call types N7 and N8 are shown
in Fig. 20.16. In this example, we can see that different
pods produce similar but different versions of call type
N7 and N8. Pods A1, A4 and A5 produced two versions
of call type N7 and pod B and I1 produced two versions
of call type N8. All of the spectrograms have two parts
except for call type N7ii, which had three parts.

Ford [20.134] contended that pod-specific reperto-
ries can be retained for periods in excess of 25 years.
Discrete calls generally serve as signals for maintaining
contact within the pod and that the use of repertoire
of pod-specific calls enhances this function by con-
veying group identity and affiliation [20.134]. Killer
whales, like most other small dolphins are able to
learn and mimic a wide variety of sounds. Even from
a young age, killer whale infants can selectively learn
specific calls, especially the calls of their mothers.
Bowles et al. [20.139] studied the development of calls
of a captive-born killer whale calf and found that it
learned and reproduced only the calls of its mother and
ignored the calls of other killer whales in the same
pool. Ford [20.134] also observed killer whales imi-
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tating the call types of different pods, and even those
from other clans. These instances were rare, but it does
show a capacity for learning and mimicry of acoustic
signals.

Sperm Whales
Sperm whales live in a matrilineal family unit where
there exist cooperative behaviors including communal
care of the young in ways similar to killer whales.
The family units are very stable and females may live
as long as 60–70 y [20.140]. One type of signals that
sperm whales emit are denoted as codas, which are se-
quences of click signals that may be the primary means
of acoustic communications for these animals [20.58].
Weilgart and Whitehead [20.141] recorded, for over
a year, codas from a number of sperm whales around the
South Pacific and in the Caribbean Sea. Photographic

identification also allowed them to assign recording ses-
sions to particular groups. They found that the coda
repertoire recorded from the same group on the same
or different days were much more similar than those
recorded from different groups in the same place. Groups
recorded in the same place had more similar coda
repertoire than those in the same broad area but dif-
ferent places. Groups from the same area were in turn
marginally similar to those in the same ocean but differ-
ent than those in different oceans. Coda class repertoires
of groups in different oceans and in different areas
within the same ocean were statistically significantly
different. They concluded that strong group-specific di-
alects were apparently overlaid on weaker geographic
variation. Sperm whales, killer whales and possibly bot-
tlenose dolphins are the only cetaceans known to have
dialects.

20.4 Acoustic Signals of Mysticetes

There are eleven species of mysticetes or baleen whales
and sounds have been recorded from all but the pygmy
right whale [20.142]. The vocalization of baleen whales
can be divided into two general categories: (1) songs and
(2) calls [20.142]. The calls can be further subdivided
into three categories: (1) simple calls, (2) complex calls
and (3) clicks, pulses, knocks and grunts [20.142]. Sim-
ple calls are often low-frequency, frequency-modulated
signals with narrow instantaneous bandwidth that sound
like moans if a recording is speeded up or slowed down,
depending on the specific animal. Amplitude modula-
tion and the presence of harmonics are usually part of
a simple call, with most of the energy below 1 kHz.
Complex calls are pulse-like broadband signals with
a variable mixture of amplitude and/or frequency mod-
ulation. They sound like screams, roars, and growls,
with most of the energy between 500–5000 Hz. Clicks,
pulses, knocks and grunts are short-duration (< 0.1 s)
signals with little or no frequency modulation. Clicks
and pulses are very short (< 2 ms) signals with fre-
quencies between 3–31 kHz, while grunts and knocks
are longer (50–100 ms) signals in the 100–1000 Hz
range [20.142].

20.4.1 Songs of Mysticete Whales

Songs are defined as “sequences of notes occurring in
a regular sequence and patterned in time” [20.142].
Songs are easily discriminated from calls in most

instances. Four mysticetes species have been re-
ported to produce songs; the blue whale (balaenoptera
musculus) [20.143], the fin whale (balaenoptera
physalus) [20.144, 145], the bowhead whale (balaena
mysticetus) [20.15], and the humpback whale [20.146].
Songs of humpback whales have without a doubt re-
ceived the most attention from researchers. Part of the
reason for this is the relative ease for investigators to
travel and do research in the summer grounds of hump-
back whales, especially in Hawaii in the Pacific and
Puerto Rico in the Atlantic.

Time (min)
Phrase

DDEE DDEEE DDEEE DA::BC AA::BC

AA::BCDDEEDDEEDDEEEDDEE

D D E E

Aural classification
A–Moan (variable)
B–Low moan
C–Low rumble
D–High downward moan
E–Low downard moan

Theme

Fig. 20.17 Examples of two themes from a humpback
whale song (after Frankel [20.36])
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Fig. 20.18 An example of a portion of a humpback whale song. The individual pulse sounds are defined as units and units
are aurally categorized based on how they sound. In this example, there are five units. Phrases are formed by a combination
of units and themes are formed by a combination of phrases. The whole song consist of a combination of themes that are
continuously repeated for the length of the song

Humpback Whale Songs
The list of studies involving humpback whale songs is
long and extends from 1971 to the present time, Helweg
et al. [20.147]. Although some songs may sound almost
continuous to human listeners the basic units in a song
are pulsed sounds. Songs are sung only by males and
consist of distinct units that are produced in some se-
quence to form a phrase and a repeated set of phrases
form a theme and repeated themes form a song. A song
can last from minutes to hours depending on the dispo-
sition of the singer. An example of a portion of song is
shown in Fig. 20.17. Example of two themes of a song in
spectrogram format are shown in Fig. 20.18. The varia-
tion in frequency as a function of time is clearly shown
in the figure.

Some general properties of songs and the whales that
are singing are:

1. Songs from the North Pacific, South Pacific and
Atlantic populations are different.

2. Singing peaks during the winter months when hump-
back whales migrate to warmer waters at lower
latitudes.

3. Whales within a population sing the same basic song
in any one year, although the song may undergo
slight changes during a breeding season.

4. Changes in songs are not due to forgetting during
the summer months, which are non-singing months,
since songs recorded early in the winter breeding
season are nearly the same as songs recorded late in
the previous breeding season.

5. Songs from consecutive years are very similar but
songs across nonconsecutive years will have fewer
similarities.

6. Singers are most probably only males, since no
females have been observed singing.

7. Some singing also occurs during the summer and
fall.

8. Singing whales are often alone, although they have
been occasionally observed singing in the presence
of other humpback whales.

9. Singers tend to remain stationary. However, they
have also been observed singing while swimming.

Other Mysticetes
Bowhead whales emit a variety of different types of
simple and complex sounds that sound like moans to the
human ear. They also emit sequential sounds that con-
tain repeatable phrases that can be classified as songs
during their spring migration [20.15] but not during the
summer or autumn [20.148]. The bowhead song had
just one theme with basically only two sounds repeated
over and over. Ljungblad et al. [20.15] reported that
songs were very tonal with clear pitch even though they
were produced by pulsive moans, whereas Cummings
and Holliday [20.149] described songs as sounding
like raucous elephant roars and trumpeting in discrete
repetitions or phases that were put together to form
longer sequences. Differences in the songs recorded by
Ljungblad et al. [20.15] and by Cummings and Holli-
day [20.149] may be due to bowhead whales changing
their songs from year to year.

The sounds from finback whales include single
20 Hz pulses, irregular series of 20 Hz pulses, and stereo-
typed 20 Hz signal bouts of repetitive sequences of 20 Hz
pulses [20.145]. The 20 Hz signals are emitted in bouts
that can last for hours. The pulse intervals in a bout
were very regular. In general, signals are produced in
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Table 20.2 Characteristics of mysticete whales vocalizations

Species Signal type Frequency Dominat Source level References
of whales limits(HZ) frequency (dB re 1 µPa)

(Hz) at 1 m

Blue FM moans 12.5 – 200 16 – 25 188 Cummings, Thompson [20.150],
Edds [20.151]

Songs 16 – 60 16– 60 – McDonald et al. [20.152]
Bowhead Tonal moans 25 –900 100 – 400 129 – 178 Cummings, Holliday [20.149];

Pulses 25 –3500 152 – 185 Wursig, Clark [20.148]
Songs 20 – 500 158 – 189 Cummings, Holliday [20.149];

Ljungblad et al. [20.15]
Bryde‘s FM moans 70 – 245 124 – 132 152 – 174 Cummings et al. [20.153];

Edds et al. [20.154]
Pulsed moans 100 - 930 165 – 900 – Edds et al. [20.154]
Discrete pulses 700- 950 700 – 950 – Edds et al. [20.154]

Finback FM moans 14 – 118 20 160 – 186 Watkins [20.145], Edds [20.155],
Cummings, Thompson [20.156]

Tonals 34 – 150 34 – 150 – Edds [20.155]
Songs 17 – 25 17 – 25 186 Watkins [20.145]

Gray Pulses 100 – 2000 300 – 825 – Dalheim et al. [20.157];
Crane et al. [20.158]

FM moans 250 – 300 250 – 300 152 Cummings et al. [20.159];
Dalheim et al. [20.157]

LF-FM-moans 125 – 1250 < 430 175 Cummings et al. [20.159];
Dalheim et al. [20.157]

PM pulses 150 – 1570 225 – 600 Cummings et al. [20.159];
Dalheim et al. [20.157]

Complex moans 35 – 360 35 – 360 Cummings et al. [20.159]
Humpback Grunts (pulse & FM) 25 – 1900 25 – 1900 176 Thompson et al. [20.160]

Pulses 25 – 89 25 – 80 144 – 174 Thompson et al. [20.160]
Songs 30 – 8000 120 – 4000 – Payne, Payne [20.161]

Minke FM tones 60 – 130 60 – 130 165 Schevill, Watkins [20.162],
Thumps 100 – 200 100 – 200 – Winn, Perkins [20.163]
Grunts 60 – 140 60 – 140 151 – 175 Winn, Perkins [20.163]
Ratchets 850 – 6000 850 – Winn, Perkins [20.163]

Right-N Moans < 400 – – Schevill, Watkins [20.162]
Right-S Tonal 30 – 1250 160 – 500 – Cummings et al. [20.164],

Clark [20.129, 165]
Pulses 30 – 2200 50 – 500 172 – 187 Cummings et al. [20.164],

Clark [20.129, 165]
Sei FM sweeps 1500 – 3500 1500 – 3500 – Knowlton et al. [20.166]

a relatively regular sequence of repetitions at intervals
ranging from about 7–26 s, with bouts that can last as
long as 32.5 h. During a bout, periodic rests averaged
about 115 s at roughly 15 min intervals and sometimes
longer irregular gaps between 20 and 120 min were ob-
served. There was also some variability in the 20 Hz
signals in that they were never exactly replicated.

The songs of the blue whales (balaenoptera
musculus) have been observed by a number of re-
searchers [20.143, 152, 167]. A typical two-part blue

whale song time series and corresponding spectrogram
is shown in Fig. 20.18. The spectrogram of the first part
of the two part song had six spectral lines separated
by about 1.5 Hz. This type of spectrogram is typically
generated by pulses. Cummings and Thompson [20.150]
previously reported on the pulsive nature of some blue
whale moans. The second part of the song was tonal in
nature with a slight FM down sweep varying from 19 Hz
to 18 Hz in the first 3–4 s. The 18 Hz tone is then carried
until the last 5 s when there is an abrupt step down to
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17 Hz. The amplitude modulation in the second part of
the song was probably caused by multi-path propagation
of the signal from the whale to the hydrophones. These
two-part songs basically follow a pattern of a 19 s pul-
sive signal followed by a 24.5 s gap and a 19 s monotonic
signal [20.152, 167].

Calls of Mysticete Whales
The calls of mysticete whales have been the subject
of much research over the past three decades. As with
dolphin sounds, there is also a lack of any standard
nomenclature for describing emitted sounds. Similar
calls are often given different names by different re-
searchers. A summary of some of the acoustic properties
of the different baleen whales is indicated in Table 20.2.
Calls and songs are most likely used for some sort

of communication, however, at this time the specific
meanings of these sounds are not known. It is ex-
tremely difficult to study the context and functions of
baleen whale vocalization. The sounds of mysticete
whales have also been summarized nicely by Richardson
et al. [20.34]. Instead of discussing the characteristics
of various sounds, the properties of calls are summa-
rized in Table 20.2. The calls of mysticete whales are
mainly in the low-frequency range, from an infrasonic
frequency of about 12.5 Hz for the blue whale to about
3.5 kHz for the sei whale. There are a variety of dif-
ferent types of calls, from FM tones to moans, grunts
and discrete pulses. How these sounds are used by
whales is still an open question since it is often very
difficult to observe behavior associated with different
calls.

20.5 Discussion

Cetaceans use a wide variety of sounds from brief
echolocation signals used by dolphins having durations
less than 100 µs to very long duration songs that can last
for hours by are emitted by humpback whales. The range
of frequency is also very large, from low-frequency (in-
frasonic) sounds between 10–20 Hz used by blue and
finback whales to high-frequency echolocation signals
that extend to 130–140 kHz or perhaps higher (see ear-
lier mention of 180 kHz). It is quite clear that acoustics
is important in the natural history of cetaceans since all
species regularly emit sounds throughout their daily rou-
tine. Yet, it is not at all clear how sounds are used by
these animals. The difficulty in observing the behavior of
these animals has made it difficult to attach any function
to a particular or specific sound. It is nearly impossible
to determine a one-to-one relationship between the re-
ception or transmission of a specific sound to specific
behavioral response. There are many possible functions
of sounds, some of which may include providing contact
information in a population of animals, signaling alarm
or warning of approaching predators, attracting potential
mates, echolocation for prey detection and discrimina-
tion while foraging, a way of establishing a hierarchy,
providing individual identification, and a method for dis-
ciplining juveniles. Although researchers have not been
successful in uncovering the role or function of specific
sounds in any cetacean species, researchers should not
be discouraged but should be innovative and imagina-
tive in designing experiments that can be conducted in
the wild to delve deeper into this problem. Even with

echolocation sounds, there are many unanswered ques-
tion. It seems logical that echolocation sounds are used
to detect and discriminate prey and to navigate, yet we
still know very little about how often they are emitted
during a daily routine for dolphins in the field.

In this chapter, we have seen that the characteris-
tics of the sounds emitted by cetaceans depends a lot
on the size of the animals. Therefore the active space
of different species is indirectly related to the size of
the animals since the amount of sound absorption by
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Fig. 20.19 Time series and spectrogram of a typical blue
whale song (after [20.152])
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sea water increases with frequency. Dolphins and small
whales usually emit echolocation signals that can have
peak frequencies up to 120–140 kHz and whistles be-
tween 10–20 kHz. These signals are not meant to travel
large distances so that the active space is rather small,
tens of meters for echolocations and burst pulse signals
and several hundred meters for whistles. These signals
will certainly propagate to much shorter distances than
the low-frequency signals used by many of the baleen
whales. The sound pressure level (SPL) of an emitted
signal at any range from the animal is given by the
equation

SPL= SL−geometric spreading loss−αR ,

(20.11)

where SL is the source level in dB, α is the sound ab-
sorption coefficient in dB/m and R is the distance the
sound has traveled. The geometric spreading loss does
not depend on frequency but is affected by the sound ve-
locity profile, the depth of the source and the receiver.
The most severe geometric spreading loss is associated
with spherical spreading loss in which the amount of
geometric spreading loss is equal to 20 log R. The least
severe geometric spreading loss is associated with sound
channels, such as the sound fixing and ranging (SOFAR)
channel. In order to gain an appreciation of the effects of
absorption losses for different types of cetacean signals,
−αR in (20.9) was calculated as a function of range and
the results are shown in Fig. 20.20. The results indicate
that the low-frequency sounds used by baleen whales do
not suffer as much absorption loss as the sounds of small
odontocetes. Therefore, baleen whale signals can prop-
agate long distances if some type of channel is present
in the water column.

Reduction to SPL by absorption (dB)

Range (km)
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calls
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signals
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Fig. 20.20 Reduction to sound pressure level caused by
sound absorption for different types of cetacean signals.
The curve for the high-frequency echolocation signals was
calculated at 120 kHz, and for the mid-frequency echolo-
cation signals at 50 kHz. The curve for the dolphin whistle
was calculated at 15 kHz. The baleen whale signal curve
was determined at 1 kHz.

We have just scraped the top of the iceberg in re-
gards to our understanding of cetacean acoustics. There
is much to learn and understand about how these animals
produce and receive sounds and how acoustics is used in
their daily lives. The future looks extremely promising
as new technology arrives on the scene that will allow
researchers to delve into the many unanswered ques-
tions. As computer chips and satellite transmission tags
get smaller and we apply state-of-the-art technologies to
the study of cetaceans, our knowledge and understanding
can but increase.
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Medical Acous21. Medical Acoustics

Medical acoustics can be subdivided into diagnos-
tics and therapy. Diagnostics are further separated
into auditory and ultrasonic methods, and both
employ low amplitudes. Therapy (excluding med-
ical advice) uses ultrasound for heating, cooking,
permeablizing, activating and fracturing tis-
sues and structures within the body, usually at
much higher amplitudes than in diagnostics. Be-
cause ultrasound is a wave, linear wave physics
are generally applicable, but recently nonlin-
ear effects have become more important, even in
low-intensity diagnostic applications.

This document is designed to provide the
nonmedical acoustic scientist or engineer with
some insights into acoustic practices in medicine.
Auscultation with a stethoscope is the most basic
use of acoustics in medicine and is dependent
on the fields of incompressible (circulation) and
compressible (respiration) fluid mechanics and
frictional mechanics. Detailed discussions of
tribology, laminar and turbulent hemodynamics,
subsonic and supersonic compressional flow, and
surfactants and inflation dynamics are beyond
the scope of this document. However, some of
the basic concepts of auscultation are presented
as a starting point for the study of natural body
sounds. Ultrasonic engineers have dedicated over
half a century of effort to the development of
ultrasound beam patterns and beam scanning
methods, stretching the current technical and
economic limits of analog and digital electronics
and signal processing at each stage. The depth of
these efforts cannot be covered in these few pages.
However, the basic progression of progress in the
fields of transducers and signal processing will be
covered. The study of the interaction of ultrasound
with living tissues is complicated by complex
anatomic structures, the high density of scatterers,
and the constantly changing nature of the tissues
with ongoing life processes including cardiac
pulsations, the formation of edema and intrinsic
noise sources. A great deal of work remains to be
done on the ultrasonic characterization of tissues.
Finally, the effect of ultrasound

on tissues, both inadvertent and therapeutic will
be discussed.

Much of the medical acoustic literature
published since 1987 is searchable online, so this
document has included key words that will be
helpful in performing a search. However, much
of the important basic work was done before
1987. In an attempt to help the reader to access
that literature, Denis White and associates have
compiled a complete bibliography of the medical
ultrasound literature prior to 1987. Under Further
Reading in this chapter, the reader will find a link
to a complete compilation of 99 citations from
Ultrasound in Medicine and Biology which list the
thousands of articles on medical acoustics written
prior to 1987.

The academically based authors develop,
use and commercialize diagnostic ultrasonic
Doppler systems for the benefit of patients with
cardiovascular diseases. To translate ultrasonic
and acoustic innovation into widespread clinical
application requires as much knowledge about the
economics of medicine, the training and practices
of medical personnel, and the pathology and
prevalence of diseases as about the diffraction
patterns of ultrasound beams and signal-to-noise
ratio of an echo. Although a discussion of these
factors is beyond the scope of this chapter, a few
comments will help to provide perspective on the
likely future contribution of medical acoustics to
improved public health.

21.1 Introduction to Medical Acoustics.......... 841
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Standard Symbols
c sound propagation velocity [km/s=mm/µs]
p acoustic pressure fluctuation [d/cm2;

Pa= N/m2]
t time [s]
Z tissue impedance [Rayles = ρc = kg/(m2s) =

0.1 g/(cm2s)]
λ acoustic wavelength [m]
ρ tissue density [g/cm3]
σ surface tension [d/cm=mN/m]

Special Symbols
d diameter
f frequency [Hz]
fD Doppler frequency [Hz]
fus ultrasound center frequency [MHz]
fd vibration frequency [Hz]
P total instantaneous pressure [d/cm2, kPa]
q acoustic molecular displacement [cm]
Q volume flow [cm3/s]
R reflection coefficient
T transmission coefficient
vf fluid velocity [cm/s]
v molecular velocity [cm/s]
w transducer element width [cm]
x distance in propagation direction [cm]

κ tissue stiffness [d/cm2]
θ angle of sound propagation from the normal at

a refraction interface
Ψ distance to transition zone
θD Doppler angle of sound propagation to vessel axis

or velocity vector axis
∆φ ultrasound echo phase shift
∆τ ultrasound echo time shift [ns]
PRF pulse repetition frequency [Hz]
D thermal dose

Subscripts
i incident
r reflected
s shear wave
t transmitted
1 incident material
2 second material

Dimensionless Numbers
St Strouhal number St= ( fD)/V
Re Reynolds Number (DVρ)/µ= (4Qρ/πD)/µ

Units
Np nepers
dB decibels
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21.1 Introduction to Medical Acoustics

Medical acoustics covers the use of sub-audio vibration,
audible sound and ultrasound for medical diagnostics
and treatment. Sound is a popular and powerful tool
because of its low cost, noninvasive nature, and wide
range of potential applications from passive listening

Table 21.1 Medical frequencies

Title Period Frequency Power/Intensity

Generation 25 years

Ovulation 28 days

Diurnal 1 day

Respiration 6 s 0.15 Hz

Heart Rate 1 s 1 Hz

ECG surface bandwidth 10 ms 100 Hz

ECG intramyocardial BW 250 µs 4 KHz

Tremor 100 ms 3–18 Hz

Electromyography surface 5 ms 200 Hz

Electromyography intramuscle 100 µs 10 kHz

Flicker fusion (visual) 60 ms 16 Hz

Vibration sensation 10 ms 100 Hz

Sound low 50 ms 20 Hz

Telephone sound speech 3–0.3 ms 0.3–3 kHz

Sound high 50 µs 20 kHz

Electro-encephalography (EEG) surface waves

Delta waves 300 ms < 3.5 Hz

Theta waves 200 ms 3.5–7.5 Hz

Alpha waves 100 ms 7.5–13 Hz

Beta waves 50 ms 13–30 Hz

Intracerebral EEG 100 µs 10 kHz

Ultrasound cleaners 42 kHz 100 W, 1 W/cm2

Ultrasound bacteriocidal 22.5 kHz

Ultrasound therapeutic 0.5 µs 1 3 MHz 15 W, 3 W/cm2

Ultrasound diagnostic

Transcranial 1–3 MHz 100 mW/cm2

Heart, abdomen 2–5 MHz 100 mW/cm2

Vascular, skeletal 4–10 MHz 100 mW/cm2

Skin, eye 10–40 MHz 8 mW/cm2

Ultrasound high intensity focused (HIFU) 2–6 MHz 2000 W/cm2

Diathermy, shortwave, physiotherapy 13–40 MHz 2–15 W

Diathermy, shortwave, cell destruction 300 kHz 100 W

Diathermy, cancer ablation 500 kHz 500 W

Diathermy microwave 0.4–2.5 GHz

Light 1014 Hz

X-ray 1 × 1018 Hz

4 × 1018 Hz

to the application of high-energy pulses used for the
destruction of kidney stones.

There are four frequency ranges of sound and
three levels of intensity that will be presented in this
chapter
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1. Infrasound, acoustic waves with frequencies below
the level of human hearing. These vibrations, called
thrills, are often caused by turbulent blood flow
(which is abnormal). At the lowest extreme, the
pulse can be considered infrasound with a frequency
below 2 Hz. With fingertips, the physician can feel
vibrations with amplitudes of 1 µm.

2. Audible sound, acoustic waves with frequencies
in the range of human hearing. The audible
frequency range for the average human is ap-
proximately 20 Hz–20 kHz, with a peak sensitivity
around 3–4 kHz. At 1 kHz, the standard refer-
ence frequency, the ear is able to detect pressure
variations on the order of one billionth of an
atmosphere. This corresponds to intensities of
about 0.1 fW/cm2 (10−16 W/cm2 = 10−12 W/m2).
The oscillatory velocity of air molecules car-

rying such sound intensities is v= 50 nm/s
(1 nm= 10−9 m) and the maximum pressure
fluctuation is 20 µN/m2 or 0.2 nanoatmospheres
(nanobar). At 1 kHz, the air molecules oscil-
late back and forth about 0.05 nm. The inten-
sity of conversation is 0.1 nW/cm2 (1 µW/m2)
causing molecules to oscillate with ampli-
tudes of 50 nm, and oscillatory pressures of
20 mN/m2.

3. Low-frequency ultrasound, which is used for clean-
ing and tissue disruption.

4. Radio-frequency ultrasound, acoustic waves with
frequencies near 1 MHz and wavelengths in the body
near 1 mm.

A list of interesting frequencies in medicine is pro-
vided for reference Table 21.1.

21.2 Medical Diagnosis; Physical Examination

The most valuable application of acoustics in medicine
is the communication from a patient to their physician. In
the modern world of efficient medicine, however, physi-
cians are encouraged to avoid wasting time listening to
the patient so that objective tests can be ordered without
delay. This approach avoids physician frustration from
sorting out the complaints and symptoms of the patient,
even though the patient initiated the appointment with
the physician.

Having gathered background information, the physi-
cian can proceed to the physical examination, which
includes optical methods, olfaction, palpation, testing
the mechanical response of tissues and systems to
manipulation, percussion, remote listening and aided
auscultation, and acoustic transmission and reflection
techniques. Only those techniques related to medical
acoustics will be discussed further here. Of future im-
portance in medical practice though, are those methods
that can be performed remotely, via the internet.

21.2.1 Auscultation – Listening for Sounds

Sounds in the body are generated through the presence
of disturbed flow, such as eddies and turbulence, by
frictional rubs, and/or by other sources with high accel-
erations. There are both normal and abnormal sounds
within the body. Auscultation is the act of listening for
sounds within the body for diagnostic purposes. This
may be conducted on any part of the body from head to

toe (Fig. 21.1). Anesthesiologists even use esophageal
stethoscopes for convenient acquisition of chest sounds.
Information gathered during auscultation includes the
frequency, intensity, duration, timing, and quality of the
sound.

Lung. Both normal and abnormal sounds can be
present in the lungs. The source of normal lung sounds is
turbulent flow associated with air movement through ori-
fices along the airways. These are large, low-frequency
oscillations that cause the surrounding tissues to vibrate
within the audible frequency range. The respiratory sys-
tem is naturally optimized to minimize the work needed
to exchange air, so little energy is converted into acoustic
power, resulting in low-amplitude sounds. With constric-
tion of the airways, in such conditions as asthma, the air
velocity through the airways increases (conservation of
mass). Through conservation of energy and momentum,
an increase in flow velocity results in an increase in
pressure loss, raising the power needed to drive the sys-
tem. The energy is of course not lost, but converted, in
part, into acoustic power. The increase in flow velocity
results in an increase in turbulent diffusion, or the trans-
fer of energy from the flow to the surrounding tissues
through a growing chain of turbulent eddies. When the
passages are smaller, the eddies decrease in size, caus-
ing an increase in the frequency of the audible sound.
The pressure drop caused by a small lumen is higher,
causing an increase in eddy velocity and therefore an in-
crease in acoustic power, and the flow rate is decreased,
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Temporal

High
Mid

Right & left
sternal border

Cervical Subclavian
Low

Cardiac apex

Upper lung
quadrant

Lower lung
quadrant

Epigastrum

Abdominal
quadrants

Antecubital
fossa

Umbilical

Forearm

Inguinal

Thigh

Popliteal fossa

Joints

Scrotum

Heart valves
and murmurs

Arterial bruits

Lung breath sounds

Bowel sounds

Joint crepitus

Blood pressure
cuff

Auscultation
location

causing a longer duration of flow to fill and empty the
lungs. Thus the breath sounds are louder, longer, higher-
pitched sounds compared with normal lung sounds. In

Table 21.2 Diagnosing valve disease from heart murmurs

Time Side Location Position

Tricuspid stenosis Diastolic Parasternal 3rd ICS Supine

Tricuspid regurgitation Systolic Peristernal 3rd ICS Supine

Pulmonic stenosis Systolic Right Superior Supine

Pulmonic regurgitation Diastolic Right Superior Seated

Mitral stenosis Diastolic Left Apex Supine

Mitral regurgitation Systolic Left Apex-Axilla Supine

Aortic stenosis Systolic Parasternal Superior Supine

Aortic regurgitation Diastolic Parasternal Superior Seated

Side parasternal = in the intercostal spaces on either side of the sternum

Location 3rd ICS = the space between the 3rd and 4th rib, Erb’s point

Position seated = Seated, leaning forward, breath in expiration

Fig. 21.1 Auscultation sites. Arterial bruits can be heard bi-
laterally indicating arterial stenoses. Heart valve sounds
and heart murmurs are primarily heard in the peris-
ternal intercostal spaces indicating cardiac timing, and
valve stenosis and incompetence (insufficiency or regur-
gitation). Breath sounds in the lung indicate both airway
sufficiency, lung inflation, alveolar inflation and pleural
friction. Bowel sounds [21.1,2] indicate normal peristalsis;
bowel in the scrotum indicate intestinal hernia. Crepitus
on motion indicates air in the tissue, bone fracture or
joint [21.3–6] cartilage damage. Auscultation in the an-
tecubital fossa during blood pressure cuff deflation yields
Korotkoff sounds [21.7,8], 1 = a sharp sound each systolic
peak when the cuff pressure equals the systolic pressure in-
dicating the momentary separation of the artery walls and
the onset of blood flow, 2 = a loud blowing sound due to
blood turbulence, 3 = a soft thud when the artery under the
cuff is exhibiting maximum change in arterial diameter, 4 =
a soft sound indicating slight arterial deformation near di-
astolic pressure, 5 = silence when the cuff pressure is below
the diastolic arterial pressure

some medical conditions, the flow dynamics may be
just right to produce coherent eddy structures, such as
one would see in a smoke stack. These signals result in
a narrow-band frequency tone.

Abnormal snapping or popping sounds may also be
present in the lung. In the normal lung, the alveoli (ter-
minal air sacks, 280 µm in diameter, 3 × 108 in lung)
are filled with air. In pneumonia, regions of alveoli are
filled with fluid, which prevents a rapid increase in size
without the introduction of a gas phase. The rapid in-
troduction of a gas phase when the lung is expanded
during the inspiration phase of respiration causes a tiny
snapping sound (broadband acoustic impulse) in each
alveolus; many snaps together cause the sound of rales.
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Because of the lubricant normally present in the
pleura located between the lungs and the chest wall, there
are normally no sounds generated through a friction rub
due to the sliding of the lung along the chest wall. When
the pleura are inflamed, coarse rubbing sounds can be
heard during breathing.

Cardiac. The cardiovascular system also generates
normal and abnormal sounds that can be heard in the
chest with a stethoscope [21.9] (Table 21.2). Normal
heart sounds [21.10–12] are caused by rapid blood de-
celerations resulting from the closure of the heart valves.
Each of the four heart valves, the tricuspid, pulmonic,
mitral and aortic (in order from the venous circulation
to the arterial circulation), are flaccid sheets of tissue
securely tethered in the closed position to form check
(one-way) valves. Like a parachute opening, the valve
leaflets move with the reversing blood flow until the
tethers become taught, then the leaflets force a rapid
deceleration of the blood which generates a sudden
(broadband) thump with an acoustic power of several
watts. No similar rapid acceleration is associated with
valve opening. Because the sounds are primarily radiated
along the axis of acceleration and conduct better through
tissue than the air-filled lungs, the sound of each valve is
most prominent at a particular location on the chest wall.

Though four valves are present, usually only two
thumps are heard, and they occur at vary precise times
in the cardiac cycle. 20 ms after the onset of ventric-
ular contraction, the tricuspid and mitral valves close,
causing the first heart sound. 50 ms after closure of the
atrioventricular valves, the pulmonic and aortic valves
open silently. 320 ms after the onset of ventricular con-
traction, when ventricular ejection is complete and the
ventricular pressures drop below the pulmonary trunk
and aortic pressures, the pulmonic and aortic valves
snap shut, generating the second heart sound. These
times do not vary with heart rate; each cardiac cycle
acts like an independent impulse-response system. The
systolic ejection volume does vary with the diastolic
filling period from the prior cardiac cycle.

Thus, each of the two heart sounds is generated
by two valve closures, one in the left heart and one
in the right heart. These usually occur simultaneously,
however, the sounds do split into two if the inflow
valves (tricuspid and mitral) or outflow valves (pulmonic
and aortic) close at different times. These split heart
sounds [21.13] can be indicative of an abnormality. The
closure of the tricuspid valve is dependent on contrac-
tion of the right ventricle, which in turn is dependent on
the electrical conduction system from the pacemaker of
the heart. As a result, a delay in conduction or a slow

response of the right ventricular muscle (myocardium)
will delay the tricuspid sound, causing splitting. Sim-
ilarly, if there is a delay in the conduction system of
the left heart, or the left ventricular myocardium con-
traction is slow, then the mitral sound is delayed. The
closure of the outflow valves is dependent on contraction
strength, pressure in the outflow vessels, and ejection
volume. A mismatch of any of those factors will cause
the pulmonic and aortic valves to close at different times,
splitting the second sound. Even the effects of respira-
tion on the filling and emptying of the heart chambers
cause some normal heart sound splitting.

Abnormal sounds that occur in the cardiovascu-
lar system are called bruits and murmurs [21.14–17].
A murmur is a sound lasting longer than 10 ms heard
by a cardiologist from the heart; a bruit is a similar
sound, but heard by an angiologist from an artery. Veins
rarely make sounds; venous sounds are called hums
because they are continuous. A thrill is a similar vi-
bration felt by the hand. Because these represent power
dissipation from the cardiovascular system, all are con-
sidered abnormal. The absence of normal bruits and
murmurs results from a biological feedback that forms
the shape of the cardiovascular system. The feedback
mechanism is not well understood. In fluid mechanics,
the transition from laminar flow to turbulent flow oc-
curs near a Reynolds number of 2000. Turbulent flow
is highly dissipative while laminar flow is minimally
dissipative. Coincidentally, peak flow through the car-
diovascular system maintains a condition of Reynolds
number less than 2000. If a heart valve or an artery is
required to carry higher flow rates, then the conduit will
dilate until the Reynolds number (proportional to the
flow divided by the diameter) becomes less than 2000.
Distal to a stenosis, where turbulence occurs, the conduit
dilates, causing post-stenotic dilation. Thus, it appears
that sustained turbulence, which dissipates power, is the
driving force for remodeling to avoid turbulence and
make the hemodynamic system more energy efficient.

The vibrations indicate the presence of disturbed
blood flow, caused by deceleration of the blood beyond
a narrow stenosis. The vibrations are associated with
a pressure drop across the stenosis because of a transfer
of hydraulic power to acoustic power through a cascade
of eddies. In turbulent flow, the vibrations are broad-
band. When coherent eddies are present, the vibrations
are narrow band, and the frequency of the eddies can
be related to the flow velocity (vf) and vessel diameter
(d) through the Strouhal number (St= fd/vf). In addi-
tion to the location and power of a bruit, the frequency
of the bruit is also helpful in evaluating its clinical im-
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portance. The Strouhal number has been used for the
prediction of the residual lumen diameters of carotid
stenoses. If the frequency of a bruit is divided into the
number 500 [mm Hz], the result is the minimum lu-
men diameter [21.18–25] in mm. In clinical testing, this
method accurately predicted the stenosis in hundreds of
cases. However, because cumbersome technology is in-
volved, and because the method fails in tight stenoses,
which are most clinically important, this clever method
has been abandoned.

Heart murmurs are auscultated at a series of loca-
tions on the precordium (the front middle of the chest
around the sternum). They are graded from grade 1
(barely audible) to grade 6 (no stethoscope needed).
Murmurs may result from leaky (incompetent, regur-
gitant) valves, stenotic (narrow) valves, or other holes
between heart chambers. The differential diagnosis of
heart murmurs is based on the timing of the murmur
and the locations on the chest wall [21.26, 27] where
the murmur is best heard. A murmur can be early sys-
tolic, mid-systolic, late systolic, or early diastolic, or
mid-diastolic. If a murmur is best heard in the left sec-
ond intercostal space (the space between the second rib
and the third rib along the left boarder of the sternum),
it is most probably an aortic stenosis [21.28–30]. Each
of the other valve pathologies has a corresponding loca-
tion where the murmur is likely to be highest. Of course,
there is a great deal of variability between patients, and
the examiner must apply a full set of detective skills to
sort out a proper diagnosis.

There are some common systolic heart murmurs.
Athletes, with temporary increased blood flow due to
exercise programs have physiologic systolic heart mur-
murs, as do pregnant women, who have a 30% increase
in cardiac output to supply the placenta. Hemodialysis
patients also often have systolic heart murmurs because
of the increased cardiac output required to supply the
dialysis access shunt [21.31] in addition to the supply to
the body. In these cases, remodeling of the blood vessels
to increase the flow diameter has not had time to occur.

Bruits are almost always associated with stenoses in
arteries, which often require treatment. They are classi-
fied by their pitch and duration. The occurrence of bruits
in the head, in the abdomen after eating and in the legs
are all indications of arterial stenoses, or high-velocity
blood entering vascular dilations. The presence of a bruit
heard in the neck is usually indicative of a carotid steno-
sis. The carotid arteries are the major vessels located on
the left and right side of the neck that supply blood to
the brain. The development of an atherosclerotic plaque
causes luminal narrowing and the corresponding onset

of disturbed flow. This lesion is associated with a 20%
risk of stroke in two years from material that can be re-
leased by the atherosclerotic plaque and travels to the
brain to occlude a branch artery.

Carotid bruits are usually present when the resid-
ual lumen (stenotic) diameter is greater than 50% of the
original lumen diameter (called a 50% diameter reduc-
tion), but less than 90% of the original lumen diameter
(90% diameter reduction) In this range, the blood flow
rate to the brain through the carotid artery is approxi-
mately 5 cm3/s. If the pressure [21.32] drop across the
stenotic region is about 20 mmHg, then the power dis-
sipation at the stenosis is 13 mW, which can appear as
sound energy in a bruit. Unfortunately, as the stenosis
becomes more severe, the flow rate along the artery de-
creases, reducing the acoustic power for the bruit, so
the bruit is no longer detectable, even though this more
severe stenosis carries a higher risk for stroke. The de-
creased blood flow will not cause symptoms in most
people because 95% of the population have collateral
connections (the circle of Willis) that can provide the
required blood flow that is not delivered by the stenotic
artery. In the remaining 5% of the population, a severe
carotid stenosis causes impaired mental function.

One of the barriers to new methods in the classi-
fication of carotid stenosis is that the first description
of the relationship between carotid artery stenosis and
apoplexy (stroke) was provided by Egaz Moniz in 1938.
Moniz used percent diameter reduction and everyone has
followed suit, through a confusing and contentious evo-
lution, even when more-rational and useful alternatives
have been developed. Thus, a new method that predicts
residual lumen diameter will not be easily adopted by
the medical community because of the tradition of using
percent diameter reduction.

Bruits may be generated in the abdomen by stenoses
in the renal arteries, which supply the kidneys. A renal
artery stenosis will cause renovascular hypertension be-
cause the kidney is a transducer for detecting low blood
pressure. The pressure drop across a renal artery steno-
sis causes the kidney to measure a low pressure, and
deliver the signals to raise blood pressure in the arterial
system, causing hypertension in all arteries except those
in the affected kidney. The transduction system is called
the renin-angiotensin-aldosterone system.

Some cardiovascular sounds are so loud that they
cannot be missed. A patient in renal failure, refus-
ing dialysis, had a cardiac friction rub (friction in the
pericardial sack from inflammation). The 1 kHz squeak
occurring with each systole could be heard from the
doorway of the patient’s room.
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A stethoscope can also be used to detect bowel
sounds from the abdomen. These sounds are generated
by the liquid and gaseous contents of the bowel being
forced from one intestinal segment to another through
an orifice created by peristaltic action. The same fluid
eddies described above are responsible for these sounds.
The presence of bowel sounds is an important indicator
of a normally functioning gut. It is common, the day af-
ter abdominal surgery, to check to be sure that normal
bowel sounds are present.

Palpation, though not an acoustic technique, is used
to feel, rather than hear, the same vibrations. Hemodial-
ysis patients have a vascular access shunt created by
tying an artery directly to a vein. This shunt may have
a flow rate of 3 liters per minute, half of the cardiac
output. The pressure drop is equal to the systolic blood
pressure 120 mmHg. So the hemodynamic power dissi-
pated in the shunt is 800 mW of power. This energy is
converted to a vibration (thrill) which can be felt with
the fingers.

Acoustic Stethoscope
Auscultation may be performed directly, but is most
commonly conducted with a stethoscope. The device
was invented by Dr. Rene Theophile Hyacinthe Laen-
nec in 1816. While examining a patient, Dr. Laennec
rolled up a sheet of paper and placed one end over the
patient’s heart and the other end over his ear. Dr. Laennec
later replaced the rolled paper with a wooden tube (sim-
ilar in appearance to a candlestick), which was called
a stethoscope from the Greek words stethos (chest) and
skopein (to look at). Two modern versions of the stetho-
scope are notable: the binaural stethoscope and the fetal
stethoscope. The common binaural stethoscope consists
of a bell connected by flexible tubing to a pair of ear-
pieces. Each earpiece is sealed into the corresponding
external auditory meatus. The bell is sometimes cov-
ered with a diaphragm, which acts as a high-pass filter.
For example, normal heart sounds have frequencies near
50 Hz while heart murmurs have frequencies exceeding
100 Hz. Filtering out the normal heart sounds with the
diaphragm of the stethoscope often allows pathologic
murmurs to be detected. When using an open bell stetho-
scope, a diaphragm can be formed by pressing the bell
tighter to the skin, stretching the skin and deeper tissue,
which attenuates the lower frequencies [21.33–36].

The fetal stethoscope is designed for use in the aus-
cultation of fetal heart sounds, which can be detected
during the final half of a 40 week pregnancy. The fetal
stethoscope uses a rod connecting the mother’s abdomi-
nal wall to the examiner’s forehead to transmit the sound

by bone conduction in the examiner’s head to the inner
ear where it is converted into nerve impulses. This avoids
the impedance changes between tissue and air at the skin
surface and then again from air to tissue in the middle
ear.

For the last 20 years, small ultrasonic Doppler ultra-
sound stethoscope systems have been available to detect
the fetal heart beat [21.37, 38]. They operate like the
ultrasound imaging phono-angiograph to easily detect
solid tissue vibrations from deep in the body. These
continuous-wave instruments allow the pregnant mother
to perform easy self-examination. They are available on
a rental basis without a medical prescription.

Electronic Stethoscope
Electronic stethoscopes [21.39–41] provide improved
amplification and background noise cancelation over
traditional stethoscopes. Some also have recording
capabilities to provide quantitative, rather than just
qualitative, assessment of the sounds heard. For exam-
ple, by listening to the neck with a phono-angiograph
(Fig. 21.2), the location and duration of the bruit can be
documented. A phono-angiograph is just an electronic
stethoscope with an attached oscilloscope. If applied
to the heart, then it is called a phono-cardiograph. This
bruit (Fig. 21.2), is a pan-systolic bruit (lasting all of sys-
tole) but not a pan-diastolic bruit (lasting all of systole
and diastole). Since arterial blood velocities are higher

a)

b)

Fig. 21.2a,b Carotid phono-angiography (CPA) (a) A mi-
crophone fitted with an acoustic coupling to the neck
gathers sounds, which are displayed on an oscilloscope and
captured with an instant camera. (b) The sounds displayed
are classified by the location, amplitude, and duration of
the bruit. A similar method, phono-cardiography, was used
for the heart. A method, quantitative phono-angiography
(QCPA) provided an analysis of the frequency content of
the bruit
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Fig. 21.3 Phono-cardiograph transducer. To avoid sounds
and motions introduced by the examiner’s hand on the chest,
this phonocardiography transducer is fitted with a suction
ring and elastic strap to secure the transducer element to
the chest. Early echocardiographs had provision for ampli-
fying and displaying the phono-cardiograph signals, which
were filtered to display audible frequencies or infrasonic
frequencies

during systole than diastole, all arterial bruits include
systole. The exceptions, where arterial flow in a collat-
eral pathway is reversed due to a steal syndrome are
so rare that common names have not been adopted for
this condition. To be sure that the bruit is systolic, the
examiner can palpate the pulse at the wrist while listen-
ing, to associate the bruit timing with systolic arterial
motion.

However, if such an image were gathered with
a phono-cardiograph (Fig. 21.3) from the heart, it would
be impossible to know whether the murmur was com-
ing from aortic or pulmonic stenosis (during systole),
aortic or pulmonic regurgitation (during diastole), from
tricuspid or mitral regurgitation (during systole), or
tricuspid or mitral stenosis (during diastole), unless
there were some indication of the timing of the car-
diac cycle. A phono-cardiogram displays an associated
electro-cardiograph (ECG) tracing to provide that timing
information.

Unfortunately, electronic stethoscopes, phono-
angiographs and phono-cardiographs are considered too
complicated for use in everyday medical practice. Al-
though they do provide a graphical output for the
patient chart (required documentation to receive pay-
ment for diagnostic procedures), a separate current
procedural terminology (CPT) code is not available for
phono-angiography, phonocardiography or for stetho-
scope examination. Like the stethoscope examination,
these procedures, if performed, are considered part of
a standard office visit. Physicians are reluctant to use
technical examination methods if they cannot charge for
the extra time involved. Although a few research fa-

cilities documented bruits and murmurs detected with
these systems between 1965 and 1985, the systems have
nearly disappeared from medical practice. Like the first
half of the 20th century, physicians today are trained to
use acoustic stethoscopes. Of course, as physicians be-
come more experienced and more mature, their hearing
deteriorates. Even the most respected cardiologist will
fail to correctly diagnose cardiac valve disease in 50%
of patients. Bruits with 35 µm, 300 Hz vibrations from
the jugular vein (Fig. 21.4) documented by a new ul-
trasound imaging phono-angiograph were not detected
by stethoscopic auscultation. So, in spite of the ubiq-
uitous use of stethoscopes for bruit/murmur detection,
their sensitivity may not be adequate for the task.

21.2.2 Phonation and Auscultation

In addition to listening for sounds with a stethoscope, an
examiner may cause the generation of sounds to assess
transmission or resonance. During auscultation of the
lungs, an examiner may ask the patient to phonate (make
voice sounds) at different frequencies “Say ‘eeeeeee’,
now say ‘aaaaaaaa’”. During that period, the examiner
will either palpate the chest wall for vibration or listen
to the chest wall with a stethoscope. Poor sound trans-
mission may indicate that the airways are obstructed,
enhanced sound transmission (enhanced fremitus) in-
dicates fluid has filled a space normally occupied by
air.

21.2.3 Percussion

Percussion is another method of sound generation by
striking the chest or abdomen to assess transmission or
resonance. The skin may be struck with the hand or fin-
ger, or one hand may be placed on the skin and struck
with the other hand. A higher-frequency shorter pulse
can be generated by placing a coin on the skin and strik-
ing the coin with another coin. The resultant sound can
be assessed by listening to the resonance through the
air or by using a hand or stethoscope to assess trans-
mission of the impulse. Percussion that results in a dull
sound indicates a fluid-filled space below the skin; a res-
onant sound indicates an air-filled space below the skin.
These methods are often used to find the lower boarder
of the lungs, to identify fluid-filled consolidation in the
lungs, and to find the edge of the liver (fluid-filled) in
the abdomen (air-filled intestines).

These acoustic examination techniques have been
developed in medical practice over centuries, and al-
though efforts have been made to use electronic aids for
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VibrometryColor Doppler

Jugular Vein

Carotid Artery

7.5 cm/s

–7.5 cm/s

300 Hz Vibrations around jugular vein 35 µm

0 µm100 Hz Vibrations around tortuous carotid

Image Computing Systems Laboratory. Electrical Engineering

Fig. 21.4 Imaging vibrometry of the neck. Color Doppler image (upper left), vibration image (upper right), jugular vein Doppler
(lower left) and carotid artery Doppler (lower right) of a patient complaining of “vibrations in the head”. The 300 Hz vibrations
with an amplitude of 35 µm could not be heard with a stethoscope by either of two experienced examiners (Courtesy M. Paun,
S. Sikdar)

diagnosis and for training, still, the common practice is
to learn these methods from a mentor. In the last quarter
of the 20th century, ultrasound has become adopted in
specialty medical practice, but has not made inroads in

general practice. It is likely that, if and when ultrasound
diagnostic methods become widely used in general med-
ical practice, it will be used with the same level of skill
as stethoscope auscultation.

21.3 Basic Physics of Ultrasound Propagation in Tissue

The vibrations of molecules at any location (or time) in
a sound wave can be characterized by four parameters:
the pressure fluctuation from the mean static pressure
(p), the molecular velocity (v), the displacement of the
molecules from the resting location (d), and the mo-
lecular acceleration (a). The two most basic parameters,
pressure deviation and molecular velocity are depen-
dent only on the intensity of the sound. Their ratio, p/v,

is determined by the acoustic impedance (Z = p/v),
a property of the tissue. At the sound level shown
in Fig. 21.5, 300 mW/cm2 (3 kW/m2), the maximum
acoustic pressure fluctuation equals 1 atm. If the sound
intensity is increased, then the negative peaks represent
a pressure below zero. Most ultrasound examinations
are performed at pulse peak intensities 25 times this
high, and therefore, peak amplitudes five times atmo-
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Fig. 21.5 Typical acoustic parameters of a 300 mW/cm2,
5 MHz ultrasonic wave in tissue impedance. Input parame-
ters: Tissue impedance = Z = 1.5 MRayles = 1.5 MN s/m3 =
1.5 × 106 kg/(m2s), pressure amplitude = p = 1 atm (bar) =
101 kPa (kN/m2) = 760 mmHg (Torr), frequency = 5 MHz;
resultant wave parameters: intensity = 0.33 W/cm2 =
p2/2Z, peak molecular velocity = 6 cm/s = p/Z, molecu-
lar displacement = 1.9 nm, molecular acceleration of 0.19
million times the acceleration of gravity

spheric pressure, making the compressions 6 atm and
the decompressions −4 atm.

The linear acoustic relationships can be easily de-
rived using a simple linear elastic model of tissue
(Fig. 21.5) and Newton’s first law of motion on the
molecules. The molecules in the tissue will acceler-
ate along the axis of the ultrasound propagation (x)
and displace a distance (q) away from equilibrium be-
cause of a gradient in pressure (dp/dx), which is related
to the tissue compression (dq/dx) and the tissue stiff-
ness (κ).

p=−κ dq

dx
=−κq′ , (21.1)

κ
d2q

dx2
=− dp

dx
= ρ

dq2

dt2
. (21.2)
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Fig. 21.6 Acoustic properties of materials of medical inter-
est. Empirically, the acoustic properties of tissues fall on
a line relating ultrasound speed (c) and tissue density (ρ);
c= 2ρ. Using the equation for impedance Z = ρc, then
Z = c2/2= 2ρ2. Polyvinylidene fluoride (PVDF) trans-
ducer material has acoustic properties near soft tissue,
lead zirconate titanate (PZT) transducer material has much
higher density and acoustic impedance

Solving this equation with the variable q(x−Ct) pro-
duces

κq′′ = ρC2q′′ , (21.3)

so

C =
√
κ

ρ
. (21.4)

The molecular velocity (v = dq/dt =−Cq′) and the
tissue pressure (p = −κq′) form an important ra-
tio

Z = p

v
= κ

c
=√κρ = ρC . (21.5)

Although the tissue density (ρ) and stiffness (κ) de-
termine the acoustic impedance (Z) and acoustic wave
speed (C), it is more convenient to measure the den-
sity and wave speed of a material and compute the
impedance.

A good deal of effort has been devoted to measuring
the properties of tissues (Figs. 21.6–21.8). Measurement
differences between laboratories and differences in tis-
sue preparation contribute to the variability of tissue
property values. While living mammalian body tissues
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Fig. 21.7 Acoustic properties of soft tissues

are held to a temperature near 37 ◦C, and have blood
flow that swells the tissue and changes the average
composition with the heart rate and respiratory rate, it
is convenient to measure properties of dead tissue at
bench-top temperatures (25 ◦C). Fortunately, the exact
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Fig. 21.8 Detailed acoustic properties of soft tissues

acoustic properties of tissues have not proven very useful
in clinical diagnostic applications. Ultrasound imaging
methods have not been able to differentiate tissue types
in spite of a half century of efforts. The identification of
disease with ultrasound imaging uses the shapes of large
structures as the primary diagnostic tool.

21.3.1 Reflection of Normal-Angle-Incident
Ultrasound

When ultrasound intersects an interface between two
materials with differing acoustic impedances (Z1 and
Z2), perpendicular to the interface, then the amplitude of
the reflection of ultrasound at the interface can be com-
puted from the requirement that the pressure change and
molecular velocity of the incident wave (pi, vi) must
equal sum of the pressure changes and molecular ve-
locities of the transmitted and reflected waves (pt, pr,
vt, vr). The impedances of the materials relate the pres-
sures and molecular velocities (Z1 = pi/vi =−pr/vr,
Z2 = pt/vt). The pressure reflection and transmission
coefficients are

pr

pi
= R = Z2− Z1

Z2+ Z1
, (21.6)

pt

pi
= T = 2

Z2

Z2+ Z1
. (21.7)

Note that if the acoustic impedance of the second ma-
terial is lower than the acoustic impedance of the first
material, then the reflected wave is inverted. The sum of
the transmitted and reflected power equals the incident
power.

21.3.2 Acute-Angle Reflection of Ultrasound

If the ultrasound is incident on the interface at an acute
angle, the ultrasound that passes into the second tis-
sue is tilted to a new direction according to Snell’s law
(Fig. 21.9).

C1

sin θ1
= C2

sin θ2
. (21.8)

Because the component of molecular velocity normal to
the surface must be preserved:

pr

pi
= R =

Z2
cos θ2
− Z1

cos θ1
Z2

cos θ2
+ Z1

cos θ1

. (21.9)

In this case, not all of the ultrasound power is found in
the sum of the reflected wave and the transmitted wave.
The remaining portion of the power appears as a sur-
face capillary wave propagating along the surface of
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λ1 = c1 / fus

θ1
θ1

θ2

λ2 = c2 / fus

λ1 / sin θ1 = λ2 / sin θ2 c1 / sin θ1 = c2 / sin θ2

Fig. 21.9 Refraction of ultrasound as it passes from one
material to another. Dark brown: incident compressional
wavefronts and wave vector incident at angle θ1. Light
brown: reflected compressional wavefronts and wave vec-
tor reflecting at angle θ1. Gray: transmitted compressional
wave. The interfacial shear wave increases in intensity as
the ultrasound beam cross section coherently contributes
to the wave; attenuation of the shear wave causes a rapid
decrease in amplitude outside the beam

the interface. This capillary wave is subject to high at-
tenuation. Because tissue has an interface on every cell
boundary and every tissue boundary, this mechanism is
responsible for some of the conversion of incident ul-
trasound power into heat as ultrasound propagates into
tissue. It is important to notice that the propagation speed
of the capillary wave is not the same as that of the com-
ponent of the compressional wave directed along the
interface, so the capillary wave is out of phase with the
ultrasound wave, contributing to the transfer of energy
into the capillary wave. Outside the ultrasound beam,
the capillary wave takes on its conventional wavelength
(cs/ f ), where f is the ultrasound frequency. The prop-
agation speed of the capillary wave (cs) is proportional
to the interfacial tension.

21.3.3 Diagnostic Ultrasound Propagation
in Tissue

Diagnostic ultrasound uses ultrasound frequencies of
1–30 MHz. (MHz= cycles per µs). The speed of ul-
trasound in most tissues is near 1.5 mm/µs (1500 m/s).
There are some notable exceptions. In bone the speed is
between 3.5 mm/µs and 4 mm/µs, and in air the speed is
0.3 mm/µs. In cartilage the speed is 1.75 mm/µs which
of course varies with composition. In fat the speed is

1.45 mm/µs (Table 21.3). In muscle, the speed of ultra-
sound varies by about 1.5%, depending on the angle of
propagation to fiber orientation.

Although most authors focus attention on ultrasound
frequency, ultrasound wavelength may be more conve-
nient for understanding the important issues. There are
three issues of importance:

• Ultrasound cannot resolve structures smaller than
the wavelength.• Scattering and attenuation [21.42] both depend on
ultrasound wavelength and its relationship to the size
of the scatterers.• The focusing properties of ultrasound beam patterns
and the formation of side-lobes depend on the ra-
tio between the wavelength and the width of the
transducer.

21.3.4 Amplitude of Ultrasound Echoes

Red blood cells (erythrocytes) are 0.007 mm in diam-
eter and about 0.001 mm thick. The largest cells in the
body, nerve axons, may be 1 m long, but their diameter is
about 0.001 mm. A liver cell is about 0.04 mm in diam-
eter. The smallest structures imaged by ultrasound in
clinical practice are layers less than 1 mm thick, such
as the media lining major arteries (the intima-media
thickness, IMT) [21.43], corneal layers (with 30 MHz
ultrasound) and skin surfaces. However, these struc-
tures can only be observed in the range (depth) direction
because resolution is best in that direction. Lateral res-
olution is dependent on the numeric aperture of the
ultrasound beam pattern and the relationship between
the object of interest and the focus as well as the ul-
trasound wavelength. Only the ultrasound wavelength
affects depth resolution. The result is that ultrasound
images are anisotropic, with much better resolution in
the depth direction than in the lateral direction. The im-
age is delivered to the examiner as a pictorial map in
two dimensions. In our optical experience, resolution is
equal in the two dimensions. Therefore, we expect that,
if we can see detail in one dimension, we can also see the
detail in the other, even when we cannot. This gives the
impression that ultrasound has higher resolving power
in the lateral direction than it in fact does. This is partic-
ularly important in measurements such as the IMT and
measuring the thickness of the atherosclerotic cap. Such
structures can only be visualized when the ultrasound
beam is oriented perpendicular to the structure.

To identify tissues and organs, the lateral dimen-
sions must by at least 10 wavelengths wide. This
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Table 21.3 Ultrasound wavelength versus tissue thickness. To resolve the thickness of these structures, the ultrasound
frequency must be much higher than listed in this table. Much lower-frequency ultrasound passes through with little
interaction. For particles or cells, lower-frequency ultrasound is subject to Rayleigh scattering

Tissue Property Dimension (mm) Ultrasound

Speed (mm/µs) Frequency (MHz)

Trachea Lumen diameter 25 0.32 0.013

Aorta Lumen diameter 30 1.57 0.063

Fat layer Subcutaneous 20 1.45 0.080

Myocardium Thickness 10 1.6 0.16

Skull Thickness 10 4 0.4

Brain Cortex 3 1.5 0.5

Artery Wall 0.8 1.6 2

Trachea Wall 0.6 1.75 2.9

Bone Cortex 1 4 4

Eye Cornea 0.6 1.64 2.73

Skin Dermis 0.3 1.73 5.76

Fat Cell 0.1 1.45 14.5

Brain Cell, large 0.1 1.5 15

Skin Epidermis 0.05 1.73 35

Erythrocyte Cell 0.007 1.57 225

Bacteria Cell, large 0.005 1.5 300

Brain Cell, small 0.004 1.5 375
Notes:
1. Trachea lumen: for phonation below 13 kHz, the trachea diameter is smaller than the wavelength so that the trachea acts like

a waveguide, bounded by cartilage with acoustic velocity and impedance higher than the luminal air.
2. Bone cortex and thin skull have thicknesses near the wavelength of transcranial ultrasound and a much higher ultrasound

impedance, so the skull can act as an interference filter reflecting some wavelengths and passing others.
3. As the upper limit of most medical ultrasound systems is 15 MHz, small animal research instruments image at frequencies as high

as 70 MHz, high enough to resolve the epidermis and large brain cells, but not high enough to image most cells.

number varies depending on the numeric aperture of
the imaging system and on the acoustic contrast with
the surrounding material. Small round structures such
as tendons can be imaged using tricks, such as watch-
ing for motion, but most objects successfully imaged
by ultrasound are larger. It is important to remember

that it is possible to see an object that you can-
not resolve. For instance, you are able see stars or
lights at night, even though you cannot resolve closely
spaced pairs of stars. When the signal from a target
is strong, the target can be detected and located, even
though a pair of targets cannot be resolved as two. If
Doppler demodulation is used, rather than amplitude
demodulation (used for B-mode), small vessels with

Fig. 21.10 Near-field versus far-field difference in ultra-
sound image. This is an image taken with a diagnostic
scanner using a 5 MHz ultrasound transducer (wavelength
= 0.3 mm) with a concavity radius of 16 mm and a trans-
ducer diameter of 6.4 mm. The computed transition zone
is d2/4λ= 34 mm. The focus must be less than the 34 mm
distance to the transition zone to be effective. With a fixed-
focus fixed-aperture ultrasound transducer, the transition
from the near field to the far field is marked by lateral
spreading of the speckle in the far field. There is no effect
on the range (depth) speckle dimension
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blood flow can be resolved if the signals are strong
enough.

Ultrasound imaging is a coherent process that gen-
erates speckle in the image. This is often called tissue
texture, but the spacing of the speckle is about equal to
the burst length of the ultrasound pulse, which is up to
several wavelengths, and this is much greater than the
fine cellular structure of the tissues under observation.
Our visual processing is so good that we integrate prior
knowledge, and outline shape seamlessly into our recog-
nition process, while believing that we are recognizing
texture.

Ultrasound imaging and aeronautical radar imaging
are electronically identical. However, in aeronautics, the
space between aircraft is very large compared to the size
of the aircraft and to the wavelength of the radar wave. In
medical ultrasound imaging, the cells are tight packed
together, and the cell size (10 µm) is smaller than the
wavelength of ultrasound (500 µm) so that the scattering
is complex. In addition, ultrasound medical imaging sys-
tems often generate images from the complex near field
(Fresnel zone) of the ultrasound transducer (Fig. 21.10).
This becomes particularly confusing when tissues are
moving laterally through an array of ultrasound beams.
Because of the Moire effect of this system, tissue mo-
tions from left to right can cause speckle patterns to
move right to left.

Backing

Matching
layer

PZT Electrodes

a)

λ/2

r

Y

H

b)

λ/2

r

Y

H

c)

J

F

Fig. 21.11a–c Geometry of transition zone between near field (Fresnel zone) and far field (Fraunhofer zone) (a) A trans-
ducer consists of a piezoelectric element (PZT) with electrodes on the face with an impedance matching layer and on the
back with a backing material. For computation, only the wave intersection with the matching layer face needs to be con-
sidered. (b) By geometry, the distance to the transition zone (Ψ ) between the Fresnel zone and the Fraunhofer zone for
a flat transducer can be estimated. The transition zone is located at the furthest distance from the transducer that the origin
of a compression half-cycle of a wave can completely envelope the transducer face. r = transducer radius, Ψ = distance to
transition zone, λ/2 = half wavelength, H = hypotenuse of transition radius. H2 = Ψ 2+ r2, H−Ψ = λ/2. If λ/4	 Ψ ,
then Ψ = r2/λ= d2/4λ, the accepted formula for the transition zone. A wave originating from a closer location (Fresnel
zone), will always produce a combination of compressions and decompressions at the transducer surface. (c) Drawings
can be made for focused transducers whether concave, lens or phased focus array, but the algebra is more complex. The
equivalent concave curvature is shown by the dotted circle. F = transducer focal radius, J = hypotenuse of focal radius

21.3.5 Fresnel Zone (Near Field),
Transition Zone,
and Fraunhofer Zone (Far Field)

The transition between the Fresnel and Fraunhofer
zones can be computed from geometric considerations
(Fig. 21.11). As in the computation of the basic wave
equations, we assume that ultrasound propagation is
a linear process and that superposition holds (pressure
fluctuations and molecular velocity fluctuations can be
added). Although some authors use Huygens’ princi-
ple [21.44], dividing the transducer into tiny segments
and adding the contribution of each to the wave, the
computation is simplified if reciprocity is used (the
transmitted ultrasound beam pattern and the received
ultrasound beam pattern are the same), and the wave is
assumed to be emitted from a test point in the ultrasound
beam and received by the transducer.

A wave propagating from a stationary point will ex-
pand as a series of concentric spherical surfaces, spaced
by the ultrasound wavelength with the source at the cen-
ter. If the source is close to a planar transducer face,
then at every time point some compressional spher-
ical regions and some rarefactional spherical regions
will simultaneously be present on the transducer face
plane. This provides a mixed signal to the transducer,
the compressions and rarefactions destructively inter-
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fering. There are some locations of the source point that
result in equal areas of compression and decompression
of the transducer surface at all times. These are loca-
tions where the transducer has no sensitivity, and are
called null points. By reciprocity, if the transducer emit-
ted a wave, a null point will have no sound intensity
from the transducer. Ultrasound transducer beam plots
often show these null locations along the axis of the
ultrasound beam. There may be several of these null
points along the beam axis, and at other points in the
beam pattern. The near field or Fresnel zone is the re-
gion of the ultrasound beam pattern where these null
points are present. In the Fresnel zone, there is always
some destructive interference of the ultrasound wave.
The Fresnel zone is the region where beam focusing can
be achieved.

Lens focus

Focus

a)

b) Apodization amplification

Focus
time
delay

Backing
Electrode

Electrode
PZT

When the source point is at a greater distance
from the transducer plane, these regions of compression
and rarefaction become nearly planar. There are times
when the planar transducer surface can be completely
contained in either a compression zone or a decompres-
sion zone. At this range, at least near the axis of the
ultrasound beam pattern, there are no regions of de-
structive interference. This is the far field or Fraunhofer
zone.

There is a transition between the Fresnel and Fraun-
hofer zones along the ultrasound beam axis, where it
is first possible for the ultrasound transducer to be just
barely completely contained in a compression half-wave
region at some time within the ultrasound wave period.
Half a period later, the transducer will be completely
contained in a decompression half wave. This location
is easily diagrammed geometrically (Fig. 21.11b) and
the distance to the transition zone computed. Although
the geometry for a similar computation for a concave
transducer can be easily drawn (Fig. 21.11c), the alge-
braic solution for the focused transition, which is now
retracted toward the transducer, is more difficult.

In addition to using a concave transducer, focusing
of the ultrasound beam pattern can also be achieved
by the use of a lens on the front of the transducer
(Fig. 21.12a). The lens is often made of silicone rub-
ber because of the low ultrasound propagation speed.
Currently, most ultrasound scan heads consist of a lin-
ear array of 128 transducer elements; each element is
2 cm long and 0.5 mm wide arranged in a side-by-side
row with a footprint of 2 cm by 6.4 cm. Focus is pro-

Fig. 21.12a,b Mechanical lens focusing and electronic de-
lay focussing. (a) A low acoustic velocity in the lens allows
the ultrasound traveling along the shorter central path to be
delayed so that the ultrasound along the longer marginal
paths can catch up, aligning the compressions and decom-
pressions to provide the highest voltage excursions in the
piezoelectric transducer element for ultrasound waves orig-
inating from the focal region. (b) Electronic delay lines in
the signal path after the piezoelectric elements provide the
same focusing function as the lens. Apodization shading of
the sensitivity of the transducers at the edge of the aper-
ture suppresses aperture diffraction side-lobes in the beam.
The mechanical focus depth is determined at the time that
the ultrasound transducer is manufactured; it cannot be al-
tered by the examiner. The electronic focus depth can be
adjusted to a different depth in a microsecond, the time that
ultrasound travels 1.5 mm, so that the electronic focus can
be adjusted to each depth during the time that the ultrasound
is traversing the tissue
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vided in the image thickness direction by a cylindrical
silicone rubber lens and in the lateral image direction by
adjusting the relative phase of the adjacent transducers
(Fig. 21.12b).

21.3.6 Measurement
of Ultrasound Wavelength

Modern diagnostic ultrasound systems use sophisticated
transducers and filters to improve resolution by shift-
ing and broadening the ultrasound frequency band used
for imaging, Doppler and other methods. It is possible,

P

λ







a)

b)

c)

d)

however, to use basic wave physics to measure the effec-
tive ultrasound wavelength of the system. In addition to
refraction, ultrasound waves are also subject to diffrac-
tion. By placing a diffraction grating in the ultrasound
image path in water, and imaging a point reflector, the
diffraction pattern of the wave can be imaged and the
wavelengths computed (Figs. 21.13, 21.14).

21.3.7 Attenuation of Ultrasound

As an ultrasound passes through tissue as a pulse or as
a continuous wave along the beam pattern, some of the
ultrasound energy is converted to heat in the tissue and
some is reflected or scattered out of the beam pattern.
In addition, nonlinear propagation converts some of the
energy to higher harmonics (2 f , 3 f . . . ) of the funda-
mental frequency ( f ) of the wave. Attenuation increases
with frequency, and the harmonic frequencies also may
be outside the bandwidth of the detection system. These
factors contribute both to actual and apparent attenua-
tion of the ultrasound energy in the pulse and the average
power passing through a cross section of the ultrasound
beam as a function of depth. Changes in intensity are
related to these changes in power, but the intensity is
power divided by the cross-sectional area of the beam,
so changes in beam cross-sectional area cause intensity
changes that are not related to attenuation. Focusing the
beam pattern can decrease the area, increasing intensity;
diffraction and refraction increase the area, decreasing
intensity.

Ultrasound attenuation is usually expressed as a ra-
tio of the output power divided by the input power. In
linear systems, this ratio is constant for all ultrasound in-
tensities. In nonlinear systems, the relationship is more
complicated. The attenuation rate of ultrasound in tissue

Fig. 21.13a–d Grating diffraction. Like any wave, an ul-
trasound beam can be tilted by a diffraction grating. The
angle of tilt can be computed using Huygens’ principle. If
the pitch spacing of the grating is P, and the wavelength
is λ, then the angle of deflection of the wave is expressed
as sinϕ = P/λ. An ultrasound transducer array can act as
a diffraction grating. This should be avoided. A diffraction
grating in a water tank can be used to measure the wave-
length of ultrasound. An image of a reflector deeper than
the grating appears three times in the image, once at the
true location and once for each of the diffraction orders.
(a) Plane wave diffracted by grating. (b) Computaion of
diffraction angle. (c) Ultrasound scanhead, diffraction grat-
ing and target. (d) Expected ultrasound image for a single
frequency transducer
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λ = (1.30/1.74) × (25.4 mm/32) = 0.593 mm

F = (1.5 mm/µs) / (0.593 mm) = 2.53 MHz

Attenuator

Reflecting
rod

Grating
plane

Diffraction
grating

1.30 cm

32 TPI

1.74 cm

+1 Diffraction image Zeroth order image

Fig. 21.14 Measuring ultrasound frequency and bandwidth by view-
ing a reflecting rod through a diffraction grating. The cross section
of a rod forms the zeroth-order spot in the image. In addition to
passing the ultrasound beam pattern directly (the zeroth image) the
diffraction grating forms a +1 branch of the beam pattern (shown
in yellow), which makes an image of the rod to the left (+1 diffrac-
tion image) and a symmetrical−1 image on the right. By measuring
the geometric sine of the deflection angle, (1.30/1.74), the ultra-
sound wavelength can be computed using the spacing of the grating.
The grating is made of monofilament fishing line wound on a frame
made of 10–32 threaded screws (32 threads per inch, pitch spacing
= 0.8 mm)

can be computed using base 10 (dB/cm, for engineers),
base “e” (Np/cm, for scientists), compound percentage
(% per cm, for physical therapists) or base 2 (half-value
layers, for systems designers). The decibel, derived from
the bel can be traced to Alexander Graham Bell, and
the neper to John Napier. The bel is a factor of 10

in power, the neper is a factor of e (2.718) in ampli-
tude. Ultrasound attenuation in soft tissue is between
3 dB/(MHz cm) and 0.3 dB/(MHz cm). Using intensity
as the dependent variable in attenuation computations
is complicated by changes in beam area. Some authors
apply the bel to intensity. In acoustics the pressure am-
plitude of the wave, which is proportional to the square
root of intensity (assuming constant impedance) is often
used. The base 2 system is used to identify the thickness
of tissue that attenuates the power by half, the intensity
by half or the amplitude by half. The thickness is called
the half-value layer, often without qualifying whether
it is half power, half intensity or half amplitude. Inten-
sity is proportional to the square of the amplitude, which
is a multiplier of 2 in logarithms. If the cross-sectional
area of the ultrasound beam is constant

0.7 nepers= 6 dB

= 1 half-amplitude layer

= 2 half-power layers . (21.10)

Often the attenuation rate is nearly proportional
to frequency, and frequency is inversely proportional
to wavelength, so the attenuation can be most easily
expressed in wavelength (Table 21.4). The use of half-
value layers has the advantage that it can be related
directly to the number of bits in a digitizer, simplifying
computation.

Because of the high instantaneous intensities used
in pulse-echo diagnostic ultrasound, all of the ultra-
sound propagation is nonlinear. The commonly used
linear equations do not apply. The beam patterns are

Table 21.4 Ultrasound attenuation

Tissue Half 60 dB Attenuation
type amplitude pulse-echo dB/(cm MHz)

(quarter attenuation
power) depth in
thickness in wavelengths
wavelengths (10 bits

dynamic
range)

Bone 1 5 30

Cartilage 8 40 10

Tendon 8 40 10

Skin 25 125 3

Muscle 25 125 3

Fat 80 400 1

Liver 80 400 1

Blood 300 1500 0.25
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not as predicted, because the wave propagation speed in
the higher-pressure regions is faster than in the lower-
pressure regions. The waves convert from sinusoidal to
sawtooth, introducing a series of harmonic frequencies
into the wave. The change in frequency (wavelength)
affects the ultrasound beam pattern. The conversion of
ultrasound energy into harmonic frequencies also in-
creases the attenuation because the attenuation increases
with frequency.

A significant development was the use of tissue-
generated harmonic signals for diagnostic imaging. The
utility of these harmonics was discovered by accident
when investigators were searching for better methods
of detecting ultrasound contrast agents. Ultrasound con-
trast agents consist of microbubbles that have natural

oscillation frequencies near diagnostic frequencies. The
bubbles therefore oscillate in response to incident ul-
trasound. The bubble oscillation stores some energy,
which is reradiated at the original ultrasound frequency
as well as at harmonics of that frequency. Older ultra-
sound systems were, by nature, insensitive to the second
harmonic of the natural transducer frequency. By using
a transducer with an increased bandwidth (3 MHz center
frequency transducer manufactured with the quality fac-
tor reduced spreading the bandwidth to 1.9–4.1 MHz)
then lowering the transmit frequency (2 MHz) and rais-
ing the receive frequency (4 MHz), a system sensitive to
the harmonic emissions from the contrast bubbles can be
achieved. Surprisingly, harmonic echoes are generated
by tissues even when contrast bubbles are not present.

21.4 Methods of Medical Ultrasound Examination

Over the half century of ultrasonic medical examina-
tion, a variety of examination methods have been tried,
discarded, with some to be resurrected and honed for
use.

A passive method was evaluated to detect local
ultrasound emissions above background due to local
temperature elevations of cancerous tumors. The emis-
sions of about 10−13 W/cm2 (1 nW/m2) are present in
all warm tissues and provide a minimum intensity for
the operation of active ultrasound systems. Transmis-
sion ultrasound systems have been developed using an
ultrasound transmitter on one side of a body part and
a receiver on the other side to detect differences in atten-
uation (like X-ray imaging). These systems determine
ultrasound attenuation and ultrasound speed through the
intervening tissues. One version of this system used an
acousto-optical holographic system to form the image.
Several systems have been explored to insonify tissue
from one direction and gather the scattered ultrasound
from another direction. Such systems usually require an
array of receiving transducers.

The only ultrasound systems that have gained wide
acceptance in clinical use are: (1) the continuous-wave
(CW) backscatter Doppler system, and (2) common-axis
pulse-echo backscatter imaging and Doppler systems.
The reason for the failure of the other systems is due to
two features of medical ultrasound examination: refrac-
tion of ultrasound in tissue and the cost of receiving and
processing data from array receivers. The CW methods
are used only for Doppler measurements. The first of
these systems was constructed before 1960 [21.45, 46];
their application in medical diagnosis was well estab-

lished by 1970 [21.47–52]. Pulse-echo methods have
been under continuous development since 1950. The
majority of medical diagnostic imaging examinations in
the world are performed with pulse-echo instruments.

21.4.1 Continuous-Wave Doppler Systems

Continuous-wave Doppler was used in one of the earli-
est ultrasound systems to be commercialized. Developed

Ultrasound
contact gel

Ultrasound
transmitting
transducer

Ultrasound
receiving
transducer

Patient

Blood
vessel

Transmitter Receiver

Fig. 21.15 Nondirectional continuous-wave Doppler. In
a typical CW 5 MHz nondirectional Doppler, the incident
ultrasound beam is scattered by stationary tissue forming
a 5 MHz echo and by moving blood forming a 5.0004 MHz
echo. The two echoes arrive at the receiving transducer si-
multaneously. By constructive and destructive interference
between these waves, the received 5 MHz signal is ampli-
tude modulated by the 5.0004 MHz echo. The frequency
of the amplitude modulation is the difference frequency
5.0004−5 MHz or 400 Hz, which is amplitude demodu-
lated, providing a 400 Hz audio signal to the speaker
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Received ultrasound frequency

Transmitted frequency reference

Received ultrasound frequency

Transmitted frequency reference

Demodulation and low pass filter

Demodulation and low pass filter

Audio output

Audio output

Doppler frequency
down shift

Doppler frequency
up shift

a)

b)

Fig. 21.16a,b Interference between echoes to produce au-
dio frequencies. Constructive interference between the
Doppler frequency-shifted echo and the original frequency
wave increases the resultant amplitude; destructive inter-
ference reduces the amplitude. This occurs whether the
Doppler shift is downward (a) due to reflections from blood
cells receding from the transducer, or is upward (b) due to
reflections from blood cells advancing toward the trans-
ducer. By amplitude demodulating the result, an audio
frequency signal results. Amplitude demodulation can be
done by multiplying the two ultrasound frequency signals
together and low-pass filtering the result or by squaring (rec-
tifying) the sum of the two ultrasound signals and low-pass
filtering the result

independently in Japan in 1957 (Satamura and Koneko),
and in the US in 1959 (Baker et al.), a system can be
constructed from an RF transmitter, transmitting piezo-
electric transducer, receiving piezoelectric transducer
and amplitude demodulating receiver (Fig. 21.15). In
the region of tissue where the transmitting beam pattern
overlaps with the receiving beam pattern, the reflected
wave from moving tissue will combine to interfere
with the reflected wave from stationary tissue. The re-
flected wave from moving tissue has a Doppler shift.
The Doppler-shifted frequency will interfere with the
reflected wave from stationary tissue to cause an ampli-
tude modulation in the combined wave. The frequency
of that modulation is within the hearing range.

Ultrasonic Doppler examination produced an audi-
ble frequency by chance. The best ultrasound frequency
to reflect by Rayleigh scattering from blood at a depth
of 2 cm is 5 MHz. This frequency is shifted by the ratio
of twice the blood speed (2 × 0.75 m/s= 1.5 m/s) to the
ultrasound speed 1500 m/s (1.5/1500= 0.001) to cause
a downshift in the ultrasound frequency of 5 kHz. The

interference between the unshifted and shifted waves
causes a 5 kHz modulation in the amplitude of the 5 MHz
wave. This modulation is converted to sound by common
amplitude modulation (AM) radio circuitry.

The introduction of the transistor in 1960 allowed
this simple circuit to be produced in a palm-size pack-
age so that convenient clinical examination could be
done. Whether the blood is approaching the transducer
or receding from the transducer (Fig. 21.16), the audio
signal is the same, with audio frequency proportional to
the blood velocity.

These CW Doppler systems allowed the detec-
tion of narrow arterial stenosis by the high velocities
present in the stenotic lumen. Normal velocities are
below 125 cm/s, causing a Doppler shift of 4 kHz
if the Doppler angle is 60◦. The blood velocity in
a stenosis is limited by the blood pressure via the
Bernoulli effect; the velocity can be no greater than
500 cm/s for a systolic blood pressure of 100 mmHg.
A blood velocity of 500 cm/s causes a Doppler
shift of 16 kHz. These CW Doppler systems also al-
low the detection of venous obstruction by the loss
of variations in venous velocity synchronized with
respiration, and the testing of venous valve incom-
petence by the detection of reverse flow resulting
from distal compression release or sudden proxi-
mal compression. An examiner with one year of

Ultrasound contact gel

Ultrasound
transmitting
transducer

Patient

Blood
vessel

Transmitter Receiver

Q Quadrature reference

I Quadrature reference

Ultrasound
receiving
transducer

Fig. 21.17 Directional continuous-wave Doppler. By using
a pair of reference waves at the transmitted ultrasound fre-
quency, but phase shifted with respect to each other, the
receiver Doppler demodulation can be performed against
each of the reference waves. This allows the instrument
to differentiate Doppler shifted echoes with increased fre-
quency due to blood cells approaching the transducer from
those with decreased frequency due to blood cells receding
from the transducer
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Fig. 21.18a,b Quadrature Doppler demodulation. (a) De-
modulation of the of a Doppler down shifted echo against
an-I reference and Q reference produces a quarter-wave
advanced signal (shifted to the right) on the I product com-
pared to the Q product. (b) Demodulation of the of a Doppler
upshifted echo against an I reference and Q reference pro-
duces a quarter wave delayed signal (shifted to the left) on
the I product compared to the Q product

training and experience can diagnose all superficial
arterial obstructions and venous obstructions and re-
flux with accuracies exceeding 95% against any gold
standard.

The addition of directional detection by Fran
McLeod in 1968 simplified the separation of mixed
arterial and venous flow, and allowed more-objective
evaluation of velocities (Fig. 21.17). Directional detec-
tion was accomplished by providing a pair of quadrature
signals derived from the transmitted frequency directly
to the demodulator in the receiver. Quadrature sig-
nals differ only in phase by a quarter cycle. When
the Doppler-shifted ultrasound echo is demodulated
against each of the quadrature reference signals, the
pair of difference waves produced are phase shifted
by 90◦ (Fig. 21.18). If the reflecting blood is advanc-
ing toward the transducer then audio frequency (AF)
I wave is advanced compared to the AF Q wave, if
the reflecting blood is receding, then the AF I wave is
delayed with respect to the Q wave. By further delay-
ing the AF Q wave by a quarter cycle (the shift time
is dependent on frequency), and adding or subtract-
ing the resultant AF I and AF Q delayed, the sound
channels can be separated (Fig. 21.19). After separa-
tion, the Doppler signal representing advancing flow
can be delivered to one ear and the Doppler signal rep-
resenting receding flow can be delivered to the other
ear. Although these continuous-wave Doppler systems
are simple and have not changed substantially since
1970, they still have tremendous clinical utility and
are used by angiologists and vascular surgeons in daily
practice. A CW Doppler transducer is provided with
modern echo-cardiology systems (Fig. 21.20) for the

Fig. 21.19a,b Audio direction separation. By retarding the
I quadrature channel by 1/4 of the period of the audio
frequency, and then adding or subtracting the resultant pairs,
the directions of flow can be separated. (a) The added pair
results in sound for only the downshifted Doppler signals
representing receding flow. (b) The subtracted pair results
in sound for only the upshifted Doppler signals representing
advancing flow

a)

b)

Received
ultrasound
frequency

Doppler frequency
Down shift = Receding flow

Doppler frequency
Up shift = Advancing flow

Q Quadrature reference

I Quadrature referenceAudio frequency I mix delayed

Audio frequency Q mix advanced

Q Quadrature reference

I Quadrature referenceAudio frequency I mix advanced

Audio frequency Q mix delayed

measurement of cardiac output and for accurate velocity
measurements of blood flow jets associated with valve
disease.

During 1970–1985, several arterial mapping
angiographs (Fig. 21.21) were developed to as-
sociate high-velocity Doppler signals, indicating
stenoses with arterial landmarks such as bifurca-
tions. These angiographs used mechanical or other
methods to track the location of the ultrasound
beam and display the results on an image that
could be compared with an X-ray angiogram.
Modern, large-field-of-view three-dimensional ultra-
sound imaging systems use extensions of this
method.

a)

b)

Received
ultrasound
frequency

Doppler frequency
Down shift =
Receding flow

Doppler frequency
Up shift =
Advancing flow

Subtract the signals

Add the signals
Shifted 1/4 “audio frequency” period

Subtract the signals

Add the signals
Shifted 1/4 “audio frequency” period

Doppler sound

No sound

Doppler sound

No sound
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10 cm

Fig. 21.20 Dual-element continuous-wave Doppler trans-
ducer for cardiac output measurements. This transducer is
designed to fit in the supersternal notch between the clavi-
cles at the base of the neck. From this location, the Doppler
ultrasound beam patterns can be nearly aligned with the
axes of the cardiac valves. The ultrasound avoids the lungs
by passing directly down through the mediastinum

Caudad cephalad

Right Left

Ultrasound
transducer

Ultrasound
contact gel

Position encoders

2 dimensional surface-map
Doppler static scan
and image

Fig. 21.21 Doppler arteriography. By monitoring the posi-
tion of a Doppler ultrasound transducer, transferring the
position on a storage image screen, and marking the dis-
play screen only when the Doppler detects blood flow, an
image of the flow can be generated. Most of these systems
used continuous-wave Doppler; the Hokanson system used
pulsed Doppler

21.4.2 Pulse-Echo Backscatter Systems

Pulse-echo ultrasound consists of sending a pulse of
ultrasound into tissue and receiving the echoes from var-
ious depths. The length of the transmitted pulse may be
as short as 0.5 µs (for B-mode imaging) or as long as 5 µs
(for trans-cranial Doppler). Usually the same transducer
or transducer aperture is used for both transmitting and
receiving. The depth of each reflector is determined by
the time of flight between the transmitted pulse and the
received echo: a reflector 3 cm deep returns an echo at

Table 21.5 Ultrasound examination parameters

Maximum Ultra- Ultra- Pulse repetition

Examin- sound sound Period Frequency
ation wave- frequency (µs) (kHz)
depth length (MHz)
(cm) (mm)

3 0.075 20 40 25

5 0.125 12 67 15

6 0.15 10 80 12.5

10 0.250 6 133 7.5

12 0.3 5 160 6.25

15 0.375 4 200 5

20 0.5 3 266 3.75

40 µs; a reflector 15 cm deep returns an echo at 200 µs.
If the system is examining to a depth of 18 cm, then
a new pulse can be transmitted after 240 µs. In that case,
an echo returning at 40 µs after the later transmit pulse
might come from 21 cm deep (280 µs) rather than 3 cm.
Tissue attenuation will suppress the echo from deep tis-
sue by about 54 dB (3 MHz ultrasound) compared to the
echo from 3 cm.

To perform a pulse-echo examination, an ultrasound
transducer (or array of transducers) is positioned to
form a beam pattern along an axis, which is assumed
to penetrate tissue in a single straight line. A short
ultrasound burst is launched along that line. After al-
lowing for the round-trip travel time to the depth of
interest (Table 21.5), the ultrasound echo from a segment
of tissue in the beam pattern is received, demodulated
and prepared for display (Fig. 21.22). The ultrasound
transmit pulse can be adjusted for frequency, duration
(Fig. 21.23), energy, and aperture size and shape to fine-
tune the examination if needed. The ultrasound echo
can be demodulated to yield the amplitude (Fig. 21.24)
and/or the phase. The results of multiple pulse-echo cy-
cles along a single beam pattern can be combined. The
echo is usually amplified with a fast-slew programmed
amplifier to increase the gain of later echoes coming
from deeper tissues, because they will be attenuated
more than shallow echoes. If tissue visualization is de-
sired, the echo strength is displayed in an image along
a line representing the direction of the ultrasound beam,
with the location along the line (representing depth) de-
termined by the time after transmission that the echo
returns. If a measurement of tissue motion is desired,
then additional identical pulses are transmitted along
the same beam pattern to obtain a series of nearly identi-
cal echoes from each depth of interest. These echoes are
examined for changes in phase, which is the most sen-
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c)

d)

Time gain = 2a

15 cm depth PRF = 5kHz

200 µs

100

0

a)

b)

V

200 µs 200 µs 200 µs 200 µs

mV

10

0

a = 13

a = 3
Off

mV

100

0

Fig. 21.22a–d Time gain compensation (TGC). (a) A new
ultrasound pulse is transmitted each pulse repetition period
(200 µs in this case). (b) Echoes from shallow and deep
depths return at known times because of the speed of ul-
trasound and the expected round-trip travel time. The later
echoes received from deeper tissues are weaker than the
echoes received from shallow tissues because the echoes
from deeper tissues have passed through more-attenuating
tissue. (c) An amplifier programmed to increase the gain
for deep echoes more than for shallow echoes is used to
compensate for attenuation. This depth gain compensation
(DGC) or time gain compensation (TGC) amplifier is un-
der operator control. (d) The echoes, after TGC are ready
for demodulation by analog or digital methods

sitive indicator of displacement of the tissue reflecting
the ultrasound.

This simple model places constraints on the ultra-
sound examination. First, at any depth, the strongest
echoes from a bone or air interface perpendicular to the
beam are 106 (60 dB) stronger than the weakest echoes
from cells in liquid (blood). So, a 10 bit digital echo-
processing system is the minimum to handle the range
of echo strengths expected in an image. Second, because
the speed of ultrasound is about 1.5 mm/µs in most tis-
sues, echoes returning from 15 cm deep arrive 200 µs
after ultrasound pulse transmission. A new pulse can-
not be sent into the tissue along the same line or along

15 cm depth PRF = 5kHz
100

0

V

200 µs 200 µs 200 µs 200 µs 200 µs

Imaging
(broad band)

Doppler
(narrow band)

Transcranial doppler
(high energy, low MI)

100 V

2 µs

Fig. 21.23 Different ultrasound transmit bursts for imaging
and Doppler applications. Short broadband transmit bursts
are used for B-mode imaging; long narrow-band transmit
bursts are used for Doppler applications. A longer trans-
mit burst contains more energy if the maximum acoustic
negative pressure (mechanical index) are limiting factors.
A short transmit burst allows better depth resolution and
also spreads the diffraction side-lobes of the beam pat-
tern, suppressing lateral ambiguity. A longer transmit burst
is preferable for Doppler applications where echoes from
blood are weak and coherence length is important for
demodulation

another line until all of the echoes from the first pulse
have returned. So, the maximum pulse repetition fre-
quency (PRF) for an examination to a depth of 15 cm
is 5 kHz (1/200 µs). Ultrasound energy is attenuated to
1/4 of the incident energy in most body tissues after
passing through a depth of 80 wavelengths. So after
passing through a depth of 400 wavelengths and return-
ing through 400 wavelengths, the echo strength is only
0.2510 or 10−6 of the strength of a similar echo from the
shallowest tissue. To compensate for this attenuation,
an amplifier must amplify the deep echoes 60 dB more
than the shallow echoes (Fig. 21.22). An alternative is
to digitize the echoes with a 20 bit digitizer, 10 bits for
the dynamic range of the echoes from different tissues
and 10 bits to account for attenuation. In either case,
the maximum depth of an examination is limited to 400
wavelengths of ultrasound. An ultrasound depth resolu-
tion cell (a pixel) is equal to about twice the wavelength
of ultrasound. So, an ultrasound image can contain 200
pixels in the depth direction (Table 21.5). These con-
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200 µs

15 cm depth

15 cm depth PRF = 5kHz

V
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0
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a = 13

a = 3
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Time gain = 2a
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Dark

Dark
Dim
Light
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Fig. 21.24 Preparing the amplitude demodulated brightness
mode echo for display. The amplitude of the amplified
echo can be converted into brightness values by a digitizer.
In early B-mode scanners, the display could show bright
(echo) or dark (no echo) based on a one bit threshold detec-
tor (dark line). A two-bit digitizer allows four levels of gray
scale (scale on right), making the result less sensitive to the
setting of the TGC amplifier. Modern ultrasound B-mode
imaging systems use an eight-bit digitizer to display 256
levels of gray. Depending on the method of presentation,
the eye can distinguish no more than 64 stepped levels of
gray or 16 isolated levels of gray

siderations provide a practical relationship between the
ultrasound frequency and the PRF, based on the atten-
uation of tissue. The PRF is 1/800 of the ultrasound
frequency in most applications.

21.4.3 B-mode Imaging Instruments

A series of B-mode (brightness mode) ultrasound imag-
ing methods have been developed over the last 40 years.
The methods have used the latest electronic technolo-
gies to improve the speed, convenience, capability and
utility of the systems. The original imaging systems
were based on radar technology and analog electronic
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Fig. 21.25 B-mode static scanner. The traditional B-scanner
restricted the transducer position and direction to move-
ments in one plane that would form a cross-sectional image
through the patient. The position of the transducer was lo-
cated on the image display, and a line projected from the
origin along the display in the direction of sound beam
propagation. During the scan a marker was moved along
the ultrasound beam direction at a speed of 0.75 mm/µs,
representing the time that an echo would return after a round
trip to each depth when traveling at 1.5 mm/µs. If a strong
echo was detected, then a mark was stored on the screen to
contribute to the image. The transducer was scanned across
the skin to form an ultrasound scan cross-sectional image
of the tissue

parts. Today, ultrasound systems are personal comput-
ers using standard operating systems with specialized
display software coupled to custom ultrasound circuitry
on the front end. A review of the history is useful be-
cause the modern instruments keep incorporating older
methods.

Two-Dimensional Static B-mode
The original B-scanners (Figs. 21.25, 21.26) consisted
of a single ultrasound transducer element coupled to
a mechanical system to track the origin and direction
of the ultrasound beam. The systems had the advan-
tage that large fields of view could be scanned, such
as a plane through a full-term fetus, and the sonog-
rapher could return to portions of the image to paint
in anatomical features by approaching each of the re-
flecting interfaces from a perpendicular direction. As
the image display system showed the brightest echo for
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Fig. 21.26 B-mode calibration phantom. Analog electron-
ics were not stable at the time that static B-scanners were
constructed. Calibration phantoms were used to assure that
a target would appear in the same location when viewed
from different locations. Adjustments were provided to
align the electronics

each anatomic location, compound scanning was used
to obtain echoes from a variety of directions at each
tissue location to render a useful image. Since a scan
might take 5 min, movement of the patient during the
scanning period was a problem, rendering the image
useless. Because these systems used analog electronic
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Fig. 21.27 Real-time two-dimensional ultrasound images.
Motor-driven ultrasound transducers were able to rapidly
tilt to a series of angles obtaining data from a series of lines
in a plane of tissue to form a new two-dimensional image
10 times or 30 times per second

Fig. 21.28 Two-dimensional B-mode (brightness mode) common
carotid artery image. The lumen of the common carotid artery in
longitudinal section appears as a darker streak (wide arrow) bounded
by the superficial and deep walls separated by 6 mm. The walls
appear brighter where the ultrasound scan lines are perpendicular to
the walls (narrow arrow) because of the specular backscatter.

devices, which were subject to deterioration over time,
the stability and alignment of the instruments was im-
portant. In addition, since the same tissue was examined
from multiple locations, the co-registered alignment of
the tissue voxels (small volumes of tissue) on the image

Fig. 21.29 Duplication of aorta [21.53] in the image. Refrac-
tive tissues composed of fat (c = 1.45 mm/µs) and muscle
(c= 1.58 mm/µs) at the midline of the abdomen form two prisms.
Each prism allows the aorta to be viewed resulting in two images
of the aorta. This effect has also caused double viewing of a single
pregnancy
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10 cm

Transducer

Oil filling port

TransducerWheel

Fig. 21.30 Mechanical scan head. Three transducers are
mounted around a rotating wheel encased in a cover filled
with oil. Two of the 3 transducers can be seen in the image.
Between the transducers is an air bubble in the oil; the air
bubble must be removed through the oil filling port before
scanning. Under the bubble is a rectangular shape that is the
housing for a switch. Each of the transducers has a switch
mounted opposite the transducer on the wheel which is ac-
tivated magnetically to connect the transducer when the
transducer is pointed toward the patient. The transducer
wheel is driven by a motor in the white housing through
a belt. A control knob on a joystick allows adjustment of
the Doppler ultrasound beam, when needed; swinging the
arm tilts the beam, rotating the knob advances the sample
volume along the line. Electrical coupling to the transducer
was accomplished by using a transformer aligned on the
axle of the wheel with one coil stationary and one rotating.
The magnet-activated switches mentioned above selected
the proper transducer that was pointing at the patient

was critical. Regular testing of the instrument on align-
ment phantoms was required. The speed of ultrasound
in the phantoms was controlled by the chemical compo-
sition of the phantom at the time of fabrication and the
temperature of the phantom at the time of use. Of course,
because the speed of ultrasound is not the same in dif-
ferent tissues, the success of the phantom in controlling
image distortions in the depth direction during actual
examination was limited. In addition, because the ultra-
sound beam can bend due to refraction as it passes from
tissue to tissue, a factor ignored in the phantom, prevent-
ing lateral image distortions was impossible. However

5 cm

Fig. 21.31 Mechanically steered annular array scan head.
The circular transducer is divided into concentric circles
with each segment having the same area. By delaying by
different amounts, the signals to the more central trans-
ducers, the depth of focus can be adjusted. A 10 ns delay
between the transducer rings with the central transducer
operating last will retract the focus a centimeter. The oil
between the transducer and the dome shaped cap provides
refractive focus in addition to the focus provided by the de-
lays to the transducer. To point the ultrasound beam along
different lines, the transducer wobbled back and forth rather
than rotated. A rotating motion was not possible because
the four coaxial cables could not cross the rotating axis.
The arrow is pointing at the transducer along its axis

the phantoms did serve to prevent huge errors. Mod-
ern real-time ultrasound scanners that complete a scan
in 30 ms (Fig. 21.27) form each image without overlap-
ping beams so object co-registration is not tested. Thus,
the value of phantoms has diminished. They still retain
educational value.

Two-Dimensional Real-Time B-mode
Mechanical Scanning

The earliest real-time systems scanned the ultrasound
beam by tilting the ultrasound transducer, tracking the
position and direction of the ultrasound beam with tim-
ing or an optical encoding system. The images had
tremendous utility (Fig. 21.28) in spite of the poor lateral
resolution compared to the depth resolution. Unfor-
tunately, neither phantoms nor digital tracking of the
ultrasound beam direction avoid image distortions due to
refraction of the ultrasound beam in tissue (Fig. 21.29).
These distortions, which are still a problem in the lateral
direction, are ignored.

The ultrasound scan heads were convenient, er-
gonomic and compact (Fig. 21.30), located at the end
of a cable attached to the ultrasound scanner. A variety
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10 cm

10 cm

a)

b)

c)

Fig. 21.32a–c Intracavity scan heads. (a) Intracavity wob-
bler scan head for transvaginal or transrectal examination.
To provide acoustic coupling between the transducer and
the housing, the scan head is filled with liquid. The trans-
ducer, at the left end of the image, is pointing out of the
page. (b) Trans-esophageal (TEE) ultrasound scan head.
The patient swallows the end with the transducer array (up-
per right in the picture) mounted in the end of the flexible
esophageal probe. Marks every 10 cm (arrows) allow the
cardiologist to monitor the location of the transducer array
from the patient’s teeth. (c) The trans-esophageal ultrasound
transducer 5 MHz linear phased array has a circular boarder
so that the array can be rotated to rotate the scan plane once
the transducer is in the esophagus. A pair of control handles
((b) at bottom) allows the cardiologist to rotate the trans-
ducer array and to tilt the tip housing the array to examine
the heart in different planes. Some patients tolerate this
procedure well with little anesthesia, others require more
sedation

of scan heads were developed including some with elec-
tronic focusing (Fig. 21.31) and specialized shapes for
placement in the esophagus, rectum, vagina (Fig. 21.32),
and some 1 mm in diameter for insertion inside blood
vessels.
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Fig. 21.33 M-mode (motion-mode) examination. For the
study of cardiovascular wall motion, a single ultrasound
beam is directed through the heart or other tissue. A hor-
izontal mark showing the depth of each reflecting tissue
in the vertical direction is shown on each vertical image
line. By transmitting a new ultrasound pulse every mil-
lisecond, the echoes from tissue interfaces can be plotted
for each pulse with time on the horizontal axis. By placing
the lines side by side, the trajectories of tissue motion along
the ultrasound beam are displayed. Speed of the reflecting
tissue interface along the direction of the ultrasound beam
is shown as a tilt or slope of an interface displayed on the
image

M-mode Ultrasound
Among the early applications of ultrasound was the
study of the motions of the heart using M-mode (motion
mode) imaging [21.54, 55] (Fig. 21.33). By holding the
ultrasound beam stationary and plotting the image width
as a function of time, motions of the heart and other vas-
cular structures could be documented. The velocity of
a valve could be determined (Fig. 21.34) by measuring
the slope of the trajectory on the M-mode tracing.

Two-Dimensional Real-Time B-mode
Electronic Scanning

An alternative to moving the ultrasound transducer to
point in different directions, is to have an array of trans-
ducers [21.56]. By switching to each transducer in turn
to acquire echoes from the corresponding beam pattern,
a two-dimensional (2-D) image is formed (Fig. 21.35).
Several ultrasound scanners developed between 1970
and 1980 used low-density arrays like this. A scan-
head with more transducer elements, spaced closely
together (Fig. 21.36), could use groups of transducers
to form an aperture. These high-density arrays permit
phase focusing to a series of depths (Figs. 21.36–21.38),
phase tilting of the ultrasound beam patterns (Fig. 21.39)
and apodization of the aperture to smooth the ultra-
sound beam pattern (Fig. 21.40). The transducer array
is usually formed from a single rectangular piezoelec-
tric crystal, cut into a row of thin rectangles to form
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Fig. 21.34 M-mode (motion mode). Motion of a tissue interface along the ultrasound beam line is shown as depth (vertical)
versus time (horizontal). The speed of the heart structure can be computed from the slope of the tracing. In this example,
the speed is 158−16 mm/0.4 s= 355 mm/s. The green line across the bottom of the image is the Electrocardiograph
(ECG, EKG) timing signal

an array in one direction. Because of the cuts, the ar-
ray becomes flexible in the long dimension and can be
curved (Fig. 21.41) to form a sector scan. Each of the
128 elements is connected via an electrical impedance-
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Fig. 21.35 Low-density linear-array two-dimensional B-
mode. If the tissue does not move very much during the
acquisition of an image, and the ultrasound beam pat-
tern is moved across the tissue by successively activating
different transducers and plotting the echoes with depth
along the lines of the corresponding beam patterns, a two-
dimensional image is formed. By convention in radiologic
images, the images are usually displayed as if the patient is
facing the physician. There is disagreement between clinics
about how images should be oriented

matching network to a coaxial cable, which forms part
of the scan-head cable running back to the scanner. The
plug connecting the 128 coaxial connectors to the ultra-
sound scanner has separate contacts for all 128 cables.
Behind the plug in the scanner are separate ultrasound
transmitters and receivers for each transducer element.
Often each of the receivers will have a separate digitizer
to convert the TGC-amplified signal into digital form.
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Fig. 21.36 High-density linear-array scan head. The trans-
ducers can be spaced more closely than the width of the
ultrasound beam. Then each ultrasound aperture is formed
by multiple transducers at the scan head face. The beam
patterns overlap. The use of multiple transducers in the
aperture allows the shaping of the aperture and electronic
focusing of the ultrasound beam pattern
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a)

Pin A

Pin B

Pin A

Pin B

Ultrasound
line

b)

Fig. 21.37a,b Echoes received by each transducer in an array. By imaging highly reflective pins in a phantom, the effect
of distance on travel time from a reflector to each transducer element in an array can be appreciated. By applying an
appropriate delay on each of the transducer signals so that the echoes from the target align in time, and then adding the
transducer signals together, a receiver beam pattern is formed, which is focused on the target. The time delays can be
adjusted in 6 ns steps. (a) The transmit pulse was launched along the red ultrasound line. The echoes are displayed for
data gathered from within the green box. (b) Radio-frequency echoes from each of 32 transducers are displayed for the
echoes returning from a single transmit pulse (Courtesy Ultrasonix Medical Corp., Burnaby, www.ultrasonix.com)

The receivers and digitizers together form the ultrasound
beam former for receive mode. Early array transducers
had 32 elements, and the electronics were located in
the scan head. Current instruments have 128 elements,
a number limited by the costly cable containing 128
coaxial leads that connects the array to the receivers and
transmitters in the console. The number of transducers
will increase in the future as higher-capacity cables be-
come available or, alternatively as it becomes possible
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Fig. 21.38 Adjustable focus with large aperture. Using
a high-density linear array to generate a large aperture and
focus at a deep depth

to house the transmitting and receiving electronics in the
ultrasound scan head.

A linear array transducer allows for adjustment of
the transmit focus and aperture separate from the re-
ceive focus and aperture (Fig. 21.42). Because during
the receiving period the relationship between depth and
time is 0.75 mm/µs, a system can change receive focus
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Fig. 21.39 Steering of the ultrasound beam pattern. Multi-
ple transducers in the aperture allows the ultrasound beam
to be steered at an angle for either imaging or Doppler
by introducing phase delays in the signals to and from the
transducers progressively along the transducer array
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every 20 µs, advancing the focus 15 mm each time along
with the corresponding aperture. This focal adjustment
is called dynamic focusing and is similar in concept to
time-gain compensation. It is also possible to acquire
data along the ultrasound line using several pulse-echo
cycles, each with a transmit burst that is focused at a dif-

a)

c)

d)

e)

f)

b)

Fig. 21.41a–f Scan head details. This curved linear-array scan head consists of an array of 128 transducer elements cut
from a single block of PZT piezoelectric ceramic. The array block is 64 mm long and 5 mm wide, cut into elements 0.4 mm
long and 5 mm wide with a 0.1 mm kerf between. The block is curved to form a curved linear array. (a) Transducer in
housing with cable; (b) Transducer housing removed showing the copper foil shielding over the internal electronics;
(c) Shielding removed to show the 64 electronic matching circuits on this side of the circuit board; (d) 128 individual
coaxial cables housed in the ultrasound scan head cable; (e) Scan head plug showing the connector electrodes for the 128
coaxial cables; (f) Front panel of the ultrasound scanner showing the sockets for the scan head connections. The front
panel also shows connectors for other instruments including: electrocardiograph, plethysmograph, phonocardiograph
microphone and computer disk drive for data exchange

Fig. 21.40 Apodized aperture. Apodization is used to limit
the side-lobes of the ultrasound beam pattern. Transducers
near the edge of the aperture are excited with a low voltage
during transmit compared to the central transducers and
are amplified with a lower gain compared to the central
transducers during receive. The drawing on the right shows
the image line corresponding to the beam pattern with the
superficial and deep echoes plus the mark on the right,
indicating the focal depth

ferent depth. Although dynamic receive focusing takes
no more time than static focusing, using double trans-
mit focusing to further improve the lateral resolution of
the image at a greater range of depths does reduce the
frame rate by half. The location of the transmit focus is
indicated by a carrot on the right of the image.
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Fig. 21.42 Adjustable focus with large aperture. Using
a high= density linear array to generate a large aperture
allows electronic adjustment of the focal depth by adjust-
ing the electronic delay of the transmit and receive signals
so that the signal at the center transducers is delayed more
than the signal at the edge transducers in both transmit and
receive. Dual transmit focal depths, indicated by the pair
of arrows on the right of the image, require that separate
transmit pulses be sent into tissue for each of the two fo-
cal depths. On receive, the focus can be changed between
the time that shallow echoes are received and the time that
deep echoes are received

Because a linear array can steer the ultrasound beam,
it is possible to form an image of each voxel in the
tissue plane from different views, combining the results
into a compound image (Fig. 21.43). The algorithm for
combining the data from different angles is important in
creating a pleasing image.

Phased Array Transducers. By applying a selected time
delay to each transducer in an array, the ultrasound beam
can be focused or tilted as desired (Fig. 21.39). Phased
array transducers (Fig. 21.44) form the ultrasound image
by tilting the ultrasound beam using selected delays on
each transducer on transmit and receive to achieve the
desired tilt. A scanhead with a transducer array of width
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Fig. 21.43 Compound real-time imaging. By tilting the
beam patterns to cross during acquisition of the image
plane, system can take advantage of the specular backscatter
of planar reflectors in the tissue
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Fig. 21.44 Phased-array scan head. A phased-array scan
head is able to use the same aperture for all ultrasound
scan line beam patterns, directing the beam along different
lines by adjusting the relative phase of the signals to the
transducers

1
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Low pass
filtering

0.075 mm in tissue depth

Rectification

Ultrasound
echo

µV
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Fig. 21.45 Amplitude demodulation. To create a B-mode
image of tissue anatomy, the strength or amplitude of the re-
ceived ultrasound echo is determined as a function of depth.
The RF echo is rectified (converting 5 MHz to 10 MHz)
and low-pass-filtered with a 1 MHz cutoff to yield a depth
resolution of 0.75 mm. That is effective if the ultrasound
transmit burst is shorter than 1 µs. Amplitude demodula-
tion requires one pulse-echo cycle along each ultrasound
beam pattern line
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D can tilt an ultrasound beam to an angle θ in tissue
with an ultrasound velocity of c by applying a time
delay gradient along the transducer of

tc

D
= sin θ . (21.11)

The time t is often represented as a function of the phase
of the ultrasound φ for the ultrasound frequency fus

t =
φ

2π

fus
. (21.12)

To allow the ultrasound beam to tilt to θ degrees, the
width of each transducer element must be less than λ/2

First series
of echoes

t = 0

Second series
of echoes
t = 0.1 ms

Phase
difference

µs0.1

0.075 mm in tissue depth

µs

Fig. 21.46 Phase demodulation. To measure blood veloc-
ity, or tissue displacement or strain, the change in phase
(or echo displacement) between successive pulse-echo cy-
cles at a particular depth must be determined. In this case,
a phase change of π/4 of 5 MHz ultrasound represents an
echo time shift of 0.05 µs/8= 0.006 25 µs, which is equiva-
lent to a displacement of the scatterers toward the transducer
of 0.006 25 µs × 0.75 mm/µs= 0.0047 mm in the time be-
tween pulse-echo cycles or 0.1 ms, yielding a velocity of
0.047 mm/ms or 0.047 m/s. The Doppler equation, time-
domain velocimetry and strain imaging are all based on
this computation. In Doppler demodulation, the phase and
amplitude of the echo at any depth can be represented as
a vector on a phase diagram. These vectors can be rep-
resented as complex numbers if the vertical direction is
represented as the “imaginary” (

√−1) direction and the
horizontal direction represents the “real” direction

but the pitch (w= center to center spacing of the el-
ements) must be λ/4 in order that, at the maximum
deflection angle, a single beam pattern is defined when
ultrasound intersects the array at angle θ

w <
λ

4 sin θ
= c

4 fus sin θ
. (21.13)

A 3 MHz scan head tilting the ultrasound beam 30◦
to the left and to the right requires a transducer element
pitch of 0.3 mm.

Pulsed Doppler [21.57]
The series of echoes from a single ultrasound transmit
pulse provides information about the echogenicity of
the tissue along the ultrasound beam pattern at various
depths. The echogenicity of the tissue at each depth is de-
termined by amplitude demodulation (Fig. 21.45). The
measurement of the velocity of blood or tissue requires
pairs of echoes from two (or more) ultrasound transmit
pulses along the same beam pattern line, separated by
a short time (0.1 ms). By comparing a second echo se-
ries from the same transducer beam pattern from a later
time to the echo series from the first pulse, motion of the
echogenic tissue along the beam pattern can be detected
and measured. If the second echo series is identical to the
first echo series, then none of the tissue along the ultra-
sound beam pattern has moved or changed during the pe-
riod. However, if the second echo series is different, then
the tissue has moved or changed. Motion in the direction
of ultrasound propagation causes a simple time shift in
the echo series, lateral motion or a change in tissue prop-
erties results in a loss of coherence between the echoes.

If the tissue has moved toward the ultrasound trans-
ducer, then the second echo pattern will arrive earlier
after the transmit pulse compared to the first (Fig. 21.46).
If the difference is detected by Doppler processing, then
the echoes from each region of tissue are characterized
by a vector in a complex plane (Fig. 21.46). One rota-
tion of the vector is equivalent to the reflector moving
toward the transducer to shorten the round-trip path by
one wavelength of the ultrasound. If the ultrasound is
5 MHz, then the wavelength is 320 µm so one rotation
represents a shortening of the round trip ultrasound travel
distance of 320 µm, or 160 µm each way. A phase rota-
tion of one quarter of a cycle (π/2 rad) represents 40 µm
of motion. Doppler processing cannot tell the difference
between 20 and 180 µm of motion because the vector
is pointed in the same direction after the 160 µm dis-
placement. This is called aliasing and is responsible for
a waveform with the highest forward velocities incor-
rectly shown as reverse velocities (Fig. 21.47). Doppler
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systems cannot tell the difference between displace-
ments of 100 µm toward the transducer and 60 µm away
from the transducer, because both are represented by
the same phase shift. A motion of 20 µm will result
in a rotation of the phase vector by 45◦ (π/4 rad). Of-
ten the interval between the first echo and the second
echo is 0.1 ms. The velocity of the tissue in this case is
20/0.1 µm/ms= 200 mm/s= 20 cm/s= 0.2 m/s.

The Doppler frequency is the phase change of
the echo in cycles during the pulse interval di-
vided by the pulse interval. In this case the phase
change is 1/8 cycle, so the Doppler frequency is
0.125/0.1 ms= 1250 cy/s= 1.25 kHz.

Usually, pulsed Doppler systems are used to mea-
sure blood velocity. Unfortunately, it is rarely convenient
to align the ultrasound beam pattern along the axis of
a blood vessel so typically the angle between the ul-
trasound beam pattern and the vessel axis is 60◦. This
is called the Doppler angle. The ultrasound system can
only measure the projection of the blood velocity vector
along the ultrasound beam. That projection is the cosine
of the angle between the velocity vector and the ultra-
sound beam. The Doppler equation relating velocity to
the ultrasound echo is:

f = 2vf fus cos θD

c
or vf = c

f
fus

2 cos θD
. (21.14)

where f is the Doppler frequency that you hear, the
factor of 2 accounts for the round-trip of the ultrasound,
vf is the velocity of the blood, fus is the ultrasound
frequency, θD is the angle between the blood velocity
and the ultrasound beam, and c is the speed of ultrasound
in tissue. The form

vf

c
=

f
fus

2 cos θD
(21.15)

emphasizes the relationship between the ratio of the
blood velocity to the ultrasound velocity and the Doppler
frequency to the ultrasound frequency. Since the ultra-
sound wavelength λ= c/ fus,

vf = f λ

2 cos θD
. (21.16)

To provide a measurement of blood velocity, ul-
trasound instruments have a cursor on the screen to
align with the axis of the vessel under examination
(Fig. 21.48). The associated Doppler data, here repre-
sented as a spectral waveform, is provided with a scale
showing the angle-adjusted velocity based on the pro-
jection of the measured velocity onto the vessel axis.
Although this adjustment is theoretically justified by the

Fig. 21.47 Aliasing. Blood velocities that cause high phase shifts
(greater than 180◦ or π radians) between pairs of pulsed Doppler
echoes cause the Doppler system to mistake high-velocity forward
flow for reverse flow. Continuity in blood flow allows the examiner
to detect this error

geometry, unfortunately, it does not provide a useful ve-
locity value. If a Doppler angle of zero degrees is used,
then the value is correct, however, if other angles be-
tween the ultrasound beam and the presumed velocity
vector are used, then the value of the velocity is not cor-
rect. The reason is that blood velocity vectors are rarely
aligned with the axis of the artery. Instead, blood veloc-
ities form helical patterns along the artery [21.58–60].
Angle-adjusted Doppler velocity measurements are sys-
tematically higher as the Doppler angle increases from
zero to 70 degrees or more. Although at a Doppler angle
of zero, velocities are accurately used to determine both
the volume flow rate and the Bernoulli pressure drop,
neither result is correct when Doppler angles other than
zero are used [21.61–63].

Pulsed Doppler Range of Measurement. The high-
est Doppler frequency shift that can be measured with
pulsed Doppler occurs when the phase change of the
echoes during the interval between echo acquisitions
[pulse repetition interval (PRI)] is 180◦ (half a cycle).
The Doppler frequency at that condition is half of the
pulse repetition frequency (PRF, the Doppler sampling
frequency). This is called the Nyquist limit, after Harry
Nyquist. This establishes the highest velocity that the
Doppler can detect, although since the signal is ana-
lyzed as a complex number with twice the data (half
as a “real” number and half as an “imaginary” number)
Doppler frequencies between+ 0.5 PRF and− 0.5 PRF
are reported. As long as there is no reverse flow the range
of Doppler frequencies available is equal to the PRF. If
the phase vector is characterized by a 2 bit complex
number into four values, then the smallest phase change
that can be classified is 1/4 cycle. So, a 5 MHz Doppler
system with the data recorded as 2 bits, and a PRF of
10 kHz, can only report four Doppler frequency ranges,
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Fig. 21.48 Duplex Doppler image and waveform of a carotid artery. The axis of the ultrasound beam pattern used for
Doppler is shown crossing the artery at an angle of 60◦ to the vessel axis. A cursor is aligned parallel to the vessel axis
to provide θD for the Doppler equation. The Doppler frequency, which is produced by the speakers of the instrument, is
shown by a scale drawn on the left. The scale showing the speed at which the blood is approaching the transducer is drawn
adjacent to the frequency scale. The instrument computes the scale on the screen by dividing the cosine of the Doppler
angle into the approach speed. Along the lower edge of the image is the electrocardiograph tracing (ECG) showing the
“QRS complex” (small up and down) indicating the onset of ventricular contraction in each cardiac cycle. The lump in
the trace 200 ms later is the T wave indication the end of ventricular contraction. The fourth beat is too early and the QRS
has an odd shape. This is a premature ventricular contraction (PVC) originating from an abnormal spot on the ventricle.
The PVC causes the ventricle to contract before filling is complete, producing a low-volume contraction, and low systolic
blood velocities. The ventricle overfills before the next normal contraction, causing elevated systolic velocities

−1.25 to +1.25 kHz, +1.25 to +3.75 kHz, +3.75 to
+6.25 kHz, and +6.25 to +8.75 kHz. −1.25 kHz is
equal to+8.75 kHz. Such a Doppler system would prob-
ably classify −1.25 to +1.25 kHz as no motion. By
increasing the number of bits in the digitizers represent-
ing the phase vector, the resolution of the phase shift is
increased, and the number of possible measured veloci-
ties is increased. This does not increase the Nyquist limit.

Another way to increase the number of velocities that
can be measured is to increase the number of pulse-echo
cycles or Doppler phase samples that are gathered. The
number of samples used to resolve the velocity is called
the ensemble length or packet length. In a typical spectral
waveform pulsed Doppler system, Doppler samples will
be gathered from a voxel at a PRF of 12.8 kHz for 10 ms
to provide 128 Doppler samples for frequency analysis.
The Nyquist limit (upper frequency limit) is 6.4 kHz.
The lowest frequency that can be detected is 100 Hz,
one full Doppler cycle in the 10 ms acquisition period.
If the signals are digitized into 2 bit complex numbers,

then each of the 128 possible frequencies can be tested to
see whether each is present or absent, but no information
is available about the strength of each frequency signal.
To determine the strength of each frequency, the signals
must be digitized into numbers with more binary bits.
Spectral waveform analysis assumes that there are many
Doppler frequencies present in the Doppler signal from
the voxel of interest.

Pulsed Doppler Pulse-Pair analysis. The Doppler fre-
quency shift can be measured from just two echo samples
separated by a known time. The assumption is that
only a single Doppler frequency is present in the sig-
nal. The phase change divided by the sample interval
time provides the Doppler frequency. The upper limit
of the Doppler frequency is the Nyquist limit. To re-
solve the Doppler frequency, the phase angle change
must be resolved. Representing the phase angle by a two
bit complex number only resolves the phase angle into
four divisions. For 5 MHz ultrasound, displacements of
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40 µm can be resolved. For a 10 kHz PRF sample fre-
quency, this allows a velocity of ±40 cm/s (±0.4 m/s)
to be detected. However, if the phases are represented
by 10 bit complex numbers, the phase angles can be
resolved into 1000 divisions and the displacement and
velocities can also be resolved. With 10 bit quadrature
digitizers, velocities between plus and minus 80 cm/s
can be measured with a resolution of 0.8 cm/s, equiva-
lent to displacements of 80 nm during the pulse interval.

Pulsed Doppler Wall/Clutter Filtering. The measure-
ment of blood velocity with ultrasound is complicated
by the containment in vascular walls. The echogenicity
of the blood is 60 dB less than the echogenicity of the
walls at 5 MHz. The blood cells are Rayleigh scatter-
ers because they are smaller (7 µm) than the wavelength
of ultrasound (300 µm for 5 MHz). The strength of the
echo from blood increases with the fourth power of
the frequency. However, frequency-dependent attenu-
ation of the ultrasound by overlying tissues limits most
Doppler ultrasound studies to frequencies of 2–6 MHz.
5 MHz produces the strongest echoes for vessels un-
der 2 cm of tissue, deeper vessels, and those behind the
skull require 2 MHz ultrasound waves to penetrate these
tissues [21.64–66].

In many examinations, Doppler measurements from
blood adjacent to the wall are desired, so Doppler echoes
from the voxel next to the wall will include strong wall
echoes as well as weak echoes from the adjacent blood.
Unfortunately, vascular walls move with velocities near
2 mm/10 ms or 0.2 m/s (20 cm/s). The strong echoes
from these moving walls must be rejected to reveal
the adjacent blood velocity, which may be only slightly
higher than 20 cm/s. The strong echoes from the wall
are called clutter. 10 bits of the system dynamic range
are required to handle the clutter and the blood echoes
must be resolved above that, so most ultrasound sys-
tems now utilize a 14–16 bit dynamic range, which is
achieved by combining the outputs of separate digitiz-
ers (one for each transducer) and digitizing faster than
the required four times the ultrasound center frequency,
then filtering the result for processing.

Pulsed Doppler Spectral Analysis. To measure the
Doppler frequency shift, any method of frequency
analysis can be used. Zero-crossing rate meters and
zero-crossing time interval histograms have been re-
placed with real-time spectrum analyzers. Although the
time-compression analyzer produces identical results,
the popular fast Fourier transform (FFT) analyzer is
used to produce spectral waveforms of Doppler signals
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Fig. 21.49a–d Autocorrelation clutter (high-pass) filter. By
representing each pulse-echo from a particular depth as
a point on a phase diagram, the trajectory of the echo phase
in time can be plotted. (a) The Doppler echo comes from
two types of reflectors, strong reflecting stationary struc-
tures (clutter) and weak reflecting moving blood cells. In
each of the five pulse-echo cycles (ensemble or packet of
5), the contribution from the strong reflectors is the same.
The moving blood cells reflect the same amplitude (vector
length) but a different phase during each pulse-echo cycle.
(b) The ultrasound receiver cannot differentiate the clutter
contributed by the stationary structures from the signal con-
tributed by the moving blood cells. High-pass filter. (c) By
taking the difference between successive results, the effect
of the clutter is eliminated. (d) By centering the resultant
vectors on a new phase diagram, the phase angle change
between each pulse-echo cycle can be used to compute the
blood velocity

(Figs. 21.47, 21.48). The FFT analyzer is coupled to
the pulsed Doppler so that the FFT analyzer receives
a quadrature pair of data from the depth of interest
for each pulse-echo cycle. The advantage of the spec-
tral analysis is that if the voxel contains several flow
velocities, the FFT spectrum will display the Doppler
frequency for each velocity. Unfortunately, in blood
flow, eddy oscillation frequencies up to 500 Hz occur;
the typical FFT length of 10 ms (100 spectra per second)
is only capable of resolving eddies of 50 Hz or lower.
When a voxel contains higher-frequency eddies, the re-
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sult appears as spectral broadening or as harmonics on
the spectral waveform.

Pulsed Doppler Autocorrelation. Autocorrelation is
a frequency analysis method which is an extension of
pulse-pair analysis. Autocorrelation analysis assumes
that there is only one valid Doppler frequency in the
blood flow. Autocorrelation analysis identifies that fre-
quency. However, to reject the stationary and slow
moving strong echoes of the wall, a clutter filter must
be applied. Clutter is a stationary echo superimposed on
the changing Doppler echo. The analysis is based on an
ensemble of N echoes, usually eight echoes. The dif-
ference between adjacent pairs of echoes n and n−1
(for n = 2, N) creates a new group of N−1 vectors
(Fig. 21.49). By taking the average of the change in an-
gles, a Doppler velocity can be obtained. Sometimes
two filtering steps are required rather than one. Such fil-
ters are called finite impulse response (FIR) and infinite
impulse response (IIR) filters.

Time-Domain Velocimetry. The Doppler equation con-
tains the Doppler frequency and the phase angle.
Doppler signals are subject to aliasing when the
between-pulse phase angle change (∆φ, a circular vari-
able) has a value greater thanπ. In addition, echoes from
deep tissues have a lower center frequency than echoes
from shallow tissues, causing confusion about the cor-
rect value of the ultrasound frequency fus to use in the
equation.

vf

c
=

∆φ
∆t
fus

2 cos θD
. (21.17)

Of course, the center frequency of deep echoes
is still within the bandwidth of the transmitted ultra-
sound; the center frequency is depressed because of the
greater attenuation of the higher-frequency portions of
the transmitted bandwidth.

Since bandwidth is inversely proportional to pulse
duration and pulse duration is related to spatial resolu-
tion, it is desirable to have a short pulse duration so that
spatial resolution is as small as possible. This means
broadband pulses, permitting depression of the center
frequency of the echo. The desire for improved resolu-
tion and the desire to avoid aliasing combine in the use
of time-domain velocimetry as an alternative to Doppler.

vf

c
=

∆τ
∆t

2 cos θD
. (21.18)

In time-domain velocimetry, two successive ultra-
sound echoes are compared to see if a time shift (∆τ)

Echo 2

Echo
comparison

Echo 2
minus

Echo 1

Echo 1

t

Fig. 21.50 Time-domain demodulation removing clutter.
To remove clutter in time-domain demodulation, the RF
echo signal from each pulse-echo cycle is subtracted from
the preceding RF echo signal to yield the residual due to
tissue motion

has occurred in the echo in the intervening time (∆t),
which indicates tissue motion. By measuring the time
shift, the velocity can be calculated. Of course, clutter
from solid tissue in the voxel may provide a substantial
stationary echo superimposed on the small shifted echo.
To remove the clutter echo, subtraction of adjacent pairs

Echo
comparison

Echo 2
minus
Echo 1

and
Echo 3
minus
Echo 2

t

Time shift
∆t

Fig. 21.51 Time-domain demodulation measuring the ve-
locity component. By measuring the time shift between
successive echo pairs, multiplying by half the ultrasound
velocity and dividing by the pulse repetition interval time,
the velocity of the tissue along the ultrasound beam results
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a)

b)

c)

d)

Fig. 21.52a–d Ultrasound images from a conventional
carotid artery Doppler examination in the neck [21.67].
Orientation: a linear array transducer located at the top of
each image acquires the 128 vertical scan lines in sequence
across the 35 mm-wide image. Two of the monochrome
B-mode images (c) and (d) were acquired in 24 ms (42
frames per second) so the scan lines progress across the
image at a speed of (35/24) 1.46 m/s, a speed similar to
blood velocity. The color flow image (a) was acquired at
12 fps; the other monochrome image (b) was acquired at
23 fps. Anatomy: (a) ECA external carotid artery supplying
the face, ICA internal carotid artery supplying the brain,
CCA common carotid artery from the heart via the Bra-
chiocephalic trunk. (a) Color Doppler image of the carotid
bifurcation. The color scale on the left of the image shows
that forward flow is shown as red and reverse flow is shown
as blue. The flow directions are with respect to the trans-
ducer array at the top of the image rather than with respect
to the heart to the right of the image. The blue region at
the origin of the external carotid artery shows that the verti-
cal component of the velocity vector is pointing toward the
ultrasound transducer rather than showing that flow is re-
versed toward the heart. Notice that this region is bounded
by black bands indicating zero velocity toward the trans-
ducer. The blue spots in the lumen of the internal carotid
artery are aliasing (Fig. 21.47). Notice that each of those
regions is surrounded by an orange color indicating high
blood velocity components with respect to the transducer.
Doppler waveform orientation: each of the three Doppler
waveforms is acquired from an ultrasound beam pattern that
is tilted at an angle with respect to the transducer, selected
by the examiner to form an angle of 60◦ with respect to the
artery axis. (b) lower Normal Doppler spectral waveform
from the internal carotid artery with high diastolic flow. Be-
cause the brain continuously requires 10% (10 ml/s) of the
cardiac output (100 ml/s), the peripheral resistance is low
so blood flows to the brain during systole and diastole. (c)
lower Normal Doppler spectral waveform from the exter-
nal carotid artery with low diastolic flow. Because the face
at rest requires little blood flow but when active (chewing,
blushing) requires more blood flow, at rest the arteriolar
sphincters are constricted, only accepting blood flow dur-
ing systole. When the arteriolar resistance decreases, the
external carotid also has flow during diastole. (d) lower Nor-
mal Doppler spectral waveform from the common carotid
artery which has the combined internal and external flow
waveform. A pulsatility index showing the ratio between
the diastolic and systolic velocities is sometimes used to
classify waveforms
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SB

PS

Fig. 21.53 Stenotic internal carotid artery. Even after 25 years of exploring the meaning of carotid artery spectral
waveforms, there is no agreement on how the data should be interpreted. Although this color Doppler image shows an
interruption in the color flow image of the lumen, the interruption is not due to an arterial occlusion, but to a local region
of high ultrasound attenuation which causes the color Doppler signal to drop out. Thus, the diameter of the color Doppler
streak cannot be used to assess the lumen. In this case, the vessel walls cannot be easily seen. A stenosis is present at
the Doppler sample volume as indicated by the high velocity. The spectral waveform is confusing. The highest Doppler
frequency shift which was measured by the examiner 220 ms after the onset of systole at 497.3 cm/s is probably not
accurate because the measurement is at the time of greatest spectral broadening (SB), indicating eddies in the flow. Use
of the Doppler equation is not appropriate for these eddy velocities because the heading of the vectors is not known.
The true peak systolic (PS) velocity probably occurs 100 ms after the onset of systole where the measurement is near
4 m/s and the Doppler equation is probably accurate if the velocity vector is assumed to be parallel to the artery axis. An
appreciating of the difference between the believed accuracy of 497.3 cm/s versus ‘about 4 m/s’ is important because of
the clinical decisions that result. The PSV is used to decide whether a patient with symptoms of mini-stroke should have
surgery. In this case, the end diastolic velocity (EDV) is measured at 135.2 cm/s. An EDV value exceeding 140 cm/s in
a single measurement would cause a vascular surgeon to schedule the patient for carotid endarterectomy surgery even if
the patient has no symptoms

of echoes (Fig. 21.50) provides the difference wave-
form containing the motion information. Then the time
shift between difference waveforms can be measured
(Fig. 21.51).

A comparison between the time-domain equation
and the Doppler equation shows that ∆τ=∆φ/ fus. This
indicates that it is the demodulator frequency, not the
frequency of the echo, that is relevant for the Doppler
equation; the former must be close (and is usually equal)
to the transmitted center frequency, i. e., the frequency
required in the Doppler equation. There are substan-
tial differences between the Doppler and time-domain
systems. First the time-domain system usually transmits
a broadband, short ultrasound pulse. The signal-to-noise
ratio of the echo is determined by the transmit pulse en-
ergy. To achieve the same energy in a short pulse, the

temporal peak power must be high, leading to a high
acoustic pressure. When analyzing the time shift be-
tween the echoes, it is easiest to test for the time-lagged
correlation by stepping one digitizing interval at a time.
So, if the echo is digitized at a rate of 20 MHz, the
digitizing interval is 50 ns (∆τ), equivalent to a tissue
displacement of 0.0375 mm. If the pulse repetition fre-
quency is 10 kHz, so the inter-pulse interval is 100 µs
(∆t), the velocity resolution is 38 cm/s (0.4 m/s). Time-
domain systems usually digitize at a higher frequency
and usually interpolate the wave between the measure-
ments to improve velocity resolution. For large time
shifts, when noise is present, the time domain system
usually has trouble with peak hopping, associating the
wrong cycles in the wave when determining the time
shift. This results in a measurement error identical to
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Fig. 21.54 Doppler spectral waveform signals from the in-
ferior vena cava showing augmented flow. Doppler spectral
waveforms show velocity (vertical axis) versus time (hori-
zontal axis). In addition to the difference in flow direction,
venous flow is differentiated from cardiac flow because the
venous flow varies with respiration and with manual com-
pressions of the tissues. Here the sudden increase in venous
flow in the distal inferior vena cava was created by releas-
ing an occlusion of the venous outflow from the legs. ECG
tracing (green) shows cardiac timing. The heart beat to the
right of center is due to a premature ventricular contraction,
an abnormal heart rhythm which does not affect the venous
flow

aliasing. So, the advantages of time-domain process-
ing over Doppler processing, while promising, have not
been fulfilled.

Clinical Applications of Ultrasound Velocimetry
The most common application of pulse Doppler ultra-
sound spectral waveform analysis is the examination
of the carotid arteries [21.68] for stenoses that might

Fig. 21.55 Duplex echocardiogram of a heart with an atrial septal defect. The jet of blood from the left atrium to the
right atrium can easily be seen on the color flow image. The Doppler spectral waveform taken at the center of the jet
orifice at a Doppler angle of 25◦ to the jet shows velocities as high as 1.4 m/s when the inter-atrial pressure difference
is the greatest. Correcting the velocity for the Doppler angle (cos 25= 0.906) increases the velocity value to 1.54 m/s.
Cardiologists usually attempt to orient the Doppler transducer to align the jet with the Doppler ultrasound beam to achieve
a zero Doppler angle. The pressure difference between the chambers can be computed using the Bernoulli equation
for blood velocity ∆p[mmHg] = 4 [mmHg/(m/s)2]V2. The pressure difference here is near 9 mmHg (courtesy Frances
DeRook and Keith Comess)

lead to stroke (Figs. 21.52, 21.53). The measurement
of high systolic (> 125 cm/s) carotid blood veloc-
ity is associated with a 20% chance of stroke in
two years in a patient reporting stroke-like symptoms
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Fig. 21.56 Vibration from the mitral valve. Signals from blood flow are mixed with signals from solid tissue motion. Here,
the signal of solid tissue motion is suppressed by the wall filter, which suppresses clutter at frequencies below 400 Hz.
However, in this case with the Doppler sample volume in the mitral orifice, as the mitral valve closes for the fourth time,
the valve vibrates at a frequency of 2 kHz for a period of 8 ms causing the harmonic (Bessel function) spectral pattern
with seven harmonic terms, indicating that the amplitude of the vibration is high (courtesy Frances DeRook and Keith
Comess)

(TIA = transient ischemic attack, RIND = reversible
ischemic neurological deficit). The measurement of
a high-end diastolic velocity (> 140 cm/s) in any pa-
tient is associated with a 20% chance of stroke in two
years from emboli released from the carotid stenosis.

Fig. 21.57 Duplex echocardiogram tissue Doppler of myocardium. Like velocity measurements from blood flow, velocities
of solid tissues can also be measured. Low velocities of the intra-ventricular septum of the heart indicates abnormal muscle
contraction (courtesy Frances DeRook and Keith Comess)

Such findings, by themselves, can direct a patient to
treatment that will prevent devastating disability.

Examination of the veins of the legs with Doppler
for the detection of deep venous thrombosis (DVT) is
another popular examination that can lead to life sav-
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Fig. 21.58 Tissue strain in calf muscles. During tissue perfusion, different strain waveforms indicate resting perfusion
(red) with high peripheral (arteriolar) resistance or hyperemic perfusion (blue) with low peripheral resistance. In this case,
the calf muscle was imaged at rest, and then at intervals for a period of 5 min following a toe stand exercise. Immediately
after exercise, the peripheral resistance is low to make up for the metabolic oxygen deficit after exercise. Five minutes
after exercise, most of the muscle tissue has returned to the resting state (Courtesy John Kucewicz)

ing therapy. Because venous pressures are near 5 mmHg
in the supine patient, normal venous flow is associated
with respiration and minor local compression rather
than pulsatile with the cardiac cycle (Fig. 21.54). Pul-
monary embolus from venous emboli released from
a DVT may account for one-third of sudden cardiac
death cases [21.69]. A venous Doppler examination
failing to show spontaneous venous flow with respira-
tion indicates a venous obstruction that may be a DVT
that could progress to threaten life if not treated with
anticoagulation.

Cardiac Doppler examinations for blood flow are
perfectly suited to characterize narrow holes between
the cardiovascular structures in the chest (Fig. 21.55).
By measuring the velocity of blood flow jets and apply-
ing the Bernoulli equation, the instantaneous pressure
difference between the associated chambers of the heart
can be measured. This works for all heart valves and wall
defects so the method can be used to identify pulmonary
artery hypertension as well as cardiac valve failure.

Although blood velocity through valves can be meas-
ured (Fig. 21.56), the dynamics of solid structures such
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