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4.1 What Is Sound?

Most people think of sound as something they can
hear, such as speech, music, bird song, or noise
from an overflying airplane. There has to be a
source of sound, such as another person, an ani-
mal, or a train. The sound then travels from the
source through the air to our ears. Acoustics is the
science of sound and includes the generation,
propagation, reception, and effects of sound.
The more scientific definition of sound refers to
an oscillation in pressure and particle displace-
ment that propagates through an acoustic medium
(American National Standards Institute 2013;
International Organization for Standardization
2017). Sound can also be defined as an auditory
sensation that is evoked by such oscillation
(American National Standards Institute 2013),
however, more general definitions do not require
a human listener, do allow for an animal receiver,
or don’t require a receiver at all.

Not all sounds produce an auditory sensation
in humans. For example, ultrasound refers to
sound at frequencies above 20 kHz, while
infrasound refers to frequencies below 20 Hz.
These definitions are based on the human hearing
range of 20 Hz – 20 kHz (American National
Standards Institute 2013). While sound outside
of the human hearing range is inaudible to
humans, it may be audible to certain animals.
For example, dolphins hear well into high ultra-
sonic frequencies above 100 kHz. Also, inaudible
doesn’t mean that the sound cannot cause an
effect. For example, infrasound from wind
turbines has been linked to nausea and other
symptoms in humans (Tonin 2018). As well, the
effects of ultrasound on humans have been of
concern (Parrack 1966; Acton 1974; Leighton
2018).

Noise is also sound, but typically considered
unwanted. It therefore requires a listener and
includes an aspect of perception. Whether a
sound is perceived as noise depends on the lis-
tener, the situation, as well as acquired cognitive
and emotional experiences with that sound. Dif-
ferent listeners might perceive sound differently
and classify different sound as noise. One
person’s music is another person’s noise.
Noise could be the sound near an airport that
has the potential to mask speech. It could be the
ambient noise at a recording site and encompass
sound from a multitude of sources near and far.
It could be the recorder’s electric self-noise
(see also American National Standards
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Institute 2013; International Organization for
Standardization 2017). In contrast to noise, a sig-
nal is wanted, because it conveys information.

There are many ways to describe, quantify,
and classify sounds. One way is to label sounds
according to the medium in which they have
traveled: air-borne, water-borne, or structure-
borne (also called substrate-borne or ground-
borne). For example, scientists studying bat echo-
location work with air-borne sound. Those
looking at the effects of marine seismic survey
noise on baleen whales work with water-borne
sounds. Some of the sound may have traveled as
a structural vibration through the ground and is
therefore referred to as structure-borne. Just as
earthquakes can be felt on land, submarine
earthquakes can be sensed by benthic organisms
on the seafloor. In both cases, the sound is
structure-borne (Dziak et al. 2004). Sound can
cross from one medium into another. The sound
of airplanes is generated and heard in air but also
transmits into water where it may be detected by
aquatic fauna (e.g., Erbe et al. 2017b; Kuehne
et al. 2020).

Another way of grouping sounds is by their
sources: geophysical, biological, or anthropo-
genic. Geophysical sources of sound are wind,
rain, hail, breaking waves, polar ice, earthquakes,
and volcanoes. Biological sounds are made by
animals on land, such as insects, birds, and bats,
or by animals in water, such as invertebrates,
fishes, and whales. Anthropogenic sounds are
made by humans and stem from airplanes, cars,

trains, ships, and construction sites. The distinc-
tion by source type is common in the study of
soundscapes. These comprise a geophony,
biophony, and anthropophony.

The following sections explain some of the phys-
ical measurements by which sounds can be
characterized and quantified. The terminology is
based on international standards (including, Interna-
tional Organization for Standardization 2007, 2017;
American National Standards Institute 2013).

4.2 Terms and Definitions

4.2.1 Units

A wide (and confusing) collection of units can be
found in early books and papers on acoustics, but
the units now used for all scientific work are
based on the International System of Units, better
known as the SI system (Taylor and Thompson
2008). In this system, a unit is specified by a
standard symbol representing the unit itself, and
a multiplier prefix representing a power of
10 multiples of that unit. For example, the symbol
μPa (pronounced micro pascal) is made up of the
multiplier prefix μ (micro), representing a factor
of 10�6 (one one-millionth) and the symbol Pa
(pascal), which is the SI unit of pressure. So, a
measured pressure given as 1.4 μPa corresponds
to 1.4 times 10�6 Pa or 0.0000014 Pa. The SI base
units are listed in Table 4.1. Other quantities and
their units result from quantity equations that are

Table 4.1 SI base units (length, mass, time, electric current, temperature, luminous intensity, and amount of substance)
and example derived units (frequency, pressure, energy, and power)

Quantity Unit name Unit symbol Expressed in terms of base units

Length meter m
Mass kilogram kg
Time second s
Electric current ampere A
Temperature kelvin K
Luminous intensity candela cd
Amount of substance mole mol
Frequency hertz Hz 1 / s
Pressure pascal Pa kg / (m s2)
Energy joule J kg m2 / s2

Power watt W kg m2 / s3
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based on these base quantities. The SI multiplier
prefixes that go along with these units are listed in
Table 4.2. Note that unit names are always written
in lowercase. However, if the unit is named after a
person, then the symbol is capitalized, otherwise
the symbol is also lowercase. Examples for units
named in honor of a person are kelvin [K], pascal
[Pa], and hertz [Hz].

4.2.2 Sound

Sound refers to a mechanical wave that creates a
local disturbance in pressure, stress, particle dis-
placement, and other quantities, and that
propagates through a compressible medium by
oscillation of its particles. These particles are
acted upon by internal elastic forces. Air and
water are both fluid acoustic media and sound in
these media travels as longitudinal waves (also
called pressure or P-waves). A common miscon-
ception is that the air or water particles travel with
the sound wave from the source to a receiver. This
is not the case. Instead, individual particles oscil-
late back and forth about their equilibrium posi-
tion. These oscillations are coupled across
individual particles, which creates alternating
regions of compressions and rarefactions and
which allows the sound wave to propagate
(Fig. 4.11). The line along which the particles

oscillate is parallel (or longitudinal) to the direc-
tion of propagation of the sound wave in the case
of longitudinal waves.

Rock is a solid medium and here, vibration
travels as both longitudinal (also called pressure
or P-waves) and transverse waves (also called
shear or S-waves). In S-waves, the particles oscil-
late perpendicular to the direction of propagation.
It is again because of the coupling of particles,
that the wave propagates. P-waves travel faster
than S-waves so that P-waves arrive before
S-waves. The P therefore also stands for “pri-
mary” and S for “secondary.”

4.2.3 Frequency

Frequency refers to the rate of oscillation. Specif-
ically, it is the rate of change of the phase of a sine
wave over time, divided by 2π. Here, phase refers
to the argument of a sine (or cosine) function.
It denotes a particular point in the cycle of a
waveform. Phase changes with time. Phase is
measured as an angle in radians or degrees.
Phase is a very important factor in the interaction
of one wave with another. Phase is not normally
an audible characteristic of a sound wave, though
it can be in the case of very-low-frequency
sounds.

A simpler concept of frequency of a sine wave,
as shown in Fig. 4.1, is the number of cycles per
second. A full cycle lasts from one positive peak
to the next positive peak. To determine the fre-
quency, count how many full cycles and fractions
thereof occur in 1 s. Note that pitch is an attribute
of auditory sensation and while it is related to
frequency, it is used in human auditory perception
as a means to order sounds on a musical scale. As

Table 4.2 SI multiplier prefixes

Prefix Symbol Factor Prefix Symbol Factor

deci d 10�1 deka da 101

centi c 10–2 hecto h 102

milli m 10–3 kilo k 103

micro μ 10–6 mega M 106

nano n 10–9 giga G 109

pico p 10–12 tera T 1012

1 Dan Russell’s animations of particle motion during
acoustic wave propagation: https://www.acs.psu.edu/
drussell/Demos/waves-intro/waves-intro.html, of the
amplitude at a fixed location: https://www.acs.psu.edu/
drussell/Demos/wave-x-t/wave-x-t.html, and of longitudi-
nal and transverse waves: https://www.acs.psu.edu/
drussell/Demos/waves/wavemotion.html; accessed
12 October 2020.
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we know very little about auditory perception in
animals, the term pitch is not normally used in
animal bioacoustics.

The symbol for frequency is f and the unit is
hertz [Hz] in honor of Heinrich Rudolf Hertz, a
German physicist who proved the existence of
electromagnetic waves. Expressed in SI units,
1 Hz ¼ 1/s.

The fundamental frequency (symbol: f0; unit:
Hz) of an oscillation is the reciprocal of the
period. The period (symbol: τ; unit: s) is the
duration of one cycle and is related to the funda-
mental frequency as (see Fig. 4.1):

τ ¼ 1
f 0

The wavelength (symbol: λ; unit: m) of a sine
wave measures the spatial distance between two
successive “peaks” or other identifiable points on
the wave.

A sound that consists of only one frequency is
commonly called a pure tone. Very often, sounds
contain not only the fundamental frequency

but also harmonically related overtones. The
frequencies of overtones are integer multiples of
the fundamental: 2 f0, 3 f0, 4 f0, ... Beware that
there are two schemes for naming these tones: f0
can be called either the fundamental or the first
harmonic. In the former case, 2 f0 becomes the
first overtone, 3 f0 the second overtone, etc. In the
latter case, 2 f0 becomes the second harmonic, 3 f0
the third harmonic, etc.

Musical instruments produce harmonics,
which determine the characteristic timbre of the
sounds they produce. For example, it is the
differences in harmonics that make a flute sound
unmistakably different from a clarinet, even when
they are playing the same note. Animal sounds
also often have harmonics as they use similar
basic mechanisms to musical instruments. Most
mammals have string-like vocal cords and birds
have string-like syrinxes. Fish have muscles that
contract around a swim bladder to produce
percussive-type sounds. Insects and invertebrates
stridulate or rub body parts together to produce a
percussive sound.

Fig. 4.1 A sinusoidal sound wave having a peak pressure
of 1 Pa, a peak-to-peak pressure of 2 Pa, a root-mean-
square pressure of 0.7 Pa, a period of 0.25 s, and a
frequency of 4 Hz. The top plot indicates the motion of
the particles of the medium; they undergo coupled
oscillations back and forth, so that the sound wave

propagates to the right. At regions of compression, the
pressure is high; at regions of rarefaction, it is low. The
bottom plot shows the change in pressure over time at a
fixed location. While the plots are lined up, the horizontal
axes of the top and bottom plots are space and time,
respectively
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The frequency or frequencies of a sound may
change over time, so that frequency is a function
of time: f(t). This is called frequency modulation
(abbreviation: FM). If the frequency increases
over time, the sound is called an upsweep. If
the frequency decreases over time, the sound is
called a downsweep. Sounds without frequency
modulation are called continuous wave. The
sound of jet skis under water is frequency-
modulated due to frequent speed changes (Erbe
2013). Whistles of animals such as birds or
dolphins (e.g., Ward et al. 2016) are commonly
frequency-modulated and often exhibit overtones
(Fig. 4.2).

The acoustic features of frequency-modulated
sounds such as whistles can identify the species,
population, and sometimes individual animal that
made them (e.g., Caldwell and Caldwell 1965).
Such characteristic features include the start fre-
quency, end frequency, minimum frequency,
maximum frequency, duration, number of local
extrema, number of inflection points, and number
of steps (e.g., Marley et al. 2017). The start fre-
quency is the frequency at the beginning of the
fundamental contour, the end frequency is the
frequency at the end of the fundamental contour
(Fig. 4.3). The minimum frequency is the lowest
frequency of the fundamental contour and the
maximum frequency is the highest. Duration
measures how long the whistle lasts. Extrema
are points of local minima or maxima in the
contour. At a local minimum, the contour changes
from downsweep to upsweep; at a local maxi-
mum, it changes from upsweep to downsweep.
Mathematically, the first derivative of the whistle

contour with respect to time is zero at a local
extremum, and the second derivate is a positive
number in the case of a minimum or a negative
number in the case of a maximum. At an inflec-
tion point, the curvature of the contour changes
from clockwise to counter-clockwise or vice
versa. Mathematically, the first derivative of the
whistle contour with respect to time exhibits a
local extremum and the second derivative is zero
at an inflection point. Steps in the contour are
discontinuities in frequency. There is no temporal
gap but the contour jumps in frequency. The
frequency measurements are taken from the fun-
damental contour. The duration, number of local
extrema, number of inflection points, and number
of steps are the same in fundamental and
overtones and can therefore be measured from
any harmonic contour. This is beneficial if the
fundamental is partly masked by noise.

Fig. 4.2 Spectrograms of
(a) a jet ski recorded under
water Erbe 2013 and (b) a
Carnaby’s Cockatoo
(Calyptorhynchus
latirostris) whistle, both
displaying frequency
modulation

Fig. 4.3 Spectrogram of a frequency-modulated sound,
identifying characteristic features
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4.2.4 Pressure

Atmospheric pressure is the static pressure at a
specified height above ground and is due to the
weight of the atmosphere above. Similarly,
hydrostatic pressure is the static pressure at a
specified depth below the sea surface and is due
to the weight of the water above plus the weight
of the atmosphere.

Sound pressure (or acoustic pressure) is caused
by a sound wave. Sound pressure (symbol:
p; unit: Pa) is dynamic pressure; it varies with
time t (i.e., p is a function of t: p(t)). It is a
deviation from the static pressure and defined as
the difference between the instantaneous pressure
and the static pressure. Air-borne sound pressure
is measured with a microphone, water-borne
sound pressure with a hydrophone. The unit of
pressure is pascal [Pa] in honor of Blaise Pascal, a
French mathematician and physicist. Some of the
superseded units of pressure are bar and dynes per
square centimeter, which can be converted to
pascal: 1 bar ¼ 106 dyn/cm2 ¼ 105 Pa. Mathe-
matically, pressure is defined as force per area.
Pascal in SI units is

1 Pa ¼ 1 N=m2 ¼ 1 J=m3 ¼ 1 kg= m s2
� �

where N symbolizes newton, the unit of force,
and J symbolizes joule, the unit of energy.

The pressure in Fig. 4.1 follows a sine wave:
p(t) ¼ A sin (2 πft), where A is the amplitude and
f the frequency. In the example of Fig. 4.1,
A ¼ 1 Pa, f ¼ 4 Hz. In general terms, the ampli-
tude is the magnitude of the largest departure of a
periodically varying quantity (such as sound pres-
sure or particle velocity, see Sect. 4.2.8) from its
equilibrium value. The magnitude is always posi-
tive and commonly symbolized by two
vertical bars: |p(t)|. These are the same values as
p(t), but without the sign (i.e., the magnitude is
always positive). The amplitude may not always
be a constant. When it changes as a function of
time A(t), the signal undergoes amplitude modu-
lation (abbreviation: AM).

The signal in Fig. 4.4 is both amplitude- and
frequency-modulated:

p tð Þ ¼ A tð Þ sin 2 πf tð Þ � tð Þ
The amplitude function changes exponentially

with time:
A tð Þ ¼ e� t�t0ð Þ2=2σ2 , where the peak occurs at

t0 ¼ 1 ms, and σ is the standard deviation of the
Gaussian envelope. Such signals (sine waves that
are amplitude-modulated by a Gaussian function)
are called Gabor signals. Echolocation clicks are
commonly of Gabor shape (e.g., Kamminga and
Beitsma 1990; Holland et al. 2004). In several
species of beaked whales, the sine wave is
frequency-modulated (Baumann-Pickering et al.
2013) as in the example in Fig. 4.4, where the
frequency changes linearly with time, sweeping
up from 10 to 50 kHz.

The peak-to-peak sound pressure (symbol: ppk-
pk; unit: Pa) is the difference between the maxi-
mum pressure and the minimum pressure of a
sound wave:

Fig. 4.4 Gabor click similar to a beaked whale click. The
signal is based on a sine wave; the amplitude is modulated
by a Gaussian function, and the frequency is swept up with
time. The corresponding spectrogram is shown in the
bottom panel
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ppk�pk ¼ max p tð Þð Þ � min p tð Þð Þ

In other words, it is the sum of the greatest
magnitude during compression and the greatest
magnitude during rarefaction.

The peak sound pressure (symbol: ppk; unit:
Pa) is also called zero-to-peak sound pressure and
is the greatest deviation of the sound pressure
from the static pressure; it is the greatest magni-
tude of p(t):

ppk ¼ max jp tð Þjð Þ

This can occur during compression and/or
rarefaction. In other words, ppk is the greater
of the greatest magnitude during compression
and the greatest magnitude during rarefaction
(Fig. 4.1).

The root-mean-square (rms) is a useful mea-
sure for signals (like sound pressure) that aren’t
simple oscillatory functions. The rms of any sig-
nal can be calculated, no matter how complicated
it is. To do so, square each sample of the signal,
average all the squared samples, and then take the
square root of the result. It turns out that the rms
of a sine wave is 0.707 times its amplitude, but
this is only true for sinusoidal (sine or cosine)
waves. The units for rms are the same as those
for amplitude (e.g., Pa if the signal is pressure or
m/s if the signal is particle velocity). The root-
mean-square sound pressure (symbol: prms; unit:
Pa) is computed as its name dictates, as the root of
the mean over time of the squared pressure:

prms ¼

ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiZ t2

t1

p2 tð Þdt
t2 � t1

vuuut
, or in discrete form :

prms ¼
ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiPN

i¼1 p
2
i

N

s
ð4:1Þ

This computation is practically carried out
over a time interval from t1 to t2.

The mean-square is the mean of the square of
the signal values. The mean-square of a signal is
always equal to the square of the signal’s rms. Its
units are the square of the corresponding ampli-
tude units (e.g., Pa2 if the signal is pressure or

(m/s)2 if the signal is particle velocity). The mean-
square sound pressure formula is similar to
(Eq. 4.1) but without the root.

The sound pressure level (abbreviation: SPL;
symbol: Lp) is the level of the root-mean-square
sound pressure and computed as

Lp ¼ 20 log 10
prms
p0

� �

expressed in dB relative to (abbreviated: re) a
reference value p0. The standard reference value
is 20 μPa in air and 1 μPa in water.

The peak sound pressure level (also called
zero-to-peak sound pressure level; abbreviation:
SPLpk; symbol: Lp,pk) is the level of the peak
sound pressure and computed as

Lp,pk ¼ 20 log 10

ppk
p0

� �

It is expressed in dB relative to a reference
value p0 (i.e., 20 μPa in air and 1 μPa in water).
Similarly, the peak-to-peak sound pressure
level is the level of the peak-to-peak sound
pressure:

Lp,pk�pk ¼ 20 log 10

ppk�pk

p0

� �

Example sound pressure levels in air and water
are given in Tables 4.3 and 4.4. Sources can have
a large range of levels and only one example is
given for each source. Animal sounds and
their levels may vary with species, sex, age,
behavioral context, etc. Animals in captivity
may produce lower levels than animals in
the wild. Ship noise depends on the type of ves-
sel, its propulsion system, speed, load, etc. The
tables are intended to give an overview of the
dynamic range of source levels across the differ-
ent sources.

Loudness is an attribute of auditory sensation.
While it is related to sound pressure, loudness
measures how loud or soft a sound seems to
us. Given that very little is known about auditory
perception in animals, the term loudness is rarely
used in animal bioacoustics.
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4.2.5 Sound Exposure

Sound exposure (symbol: Ep,T; unit: Pa
2s) is the

integral over time of the squared pressure:

Ep,T ¼
Z t2

t1

p2 tð Þdt

Sound exposure increases with time. The lon-
ger the sound lasts, the greater the exposure. The

sound exposure level (abbreviation: SEL; sym-
bol: LE,p) is computed as:

LE,p ¼ 10 log 10
Ep,T

Ep,0

� �

It is expressed in dB relative to Ep,0 ¼ 400
μPa2s in air, and Ep,0 ¼ 1 μPa2s in water. Sound
exposure is proportional to the total energy of a
sound wave.

Table 4.3 Examples of sound pressure levels in air. All
levels are broadband; the hearing thresholds are single-
frequency. Nominal ranges from the source are given in

meters. Note that the different sources listed can have a
range of levels and only one example is given

Pa dB re 20 μPa
Explosion at 1 m 63,246 190
Airplane take-off at 25 m 632 150
Human pain threshold at 1 kHz 200 140
Lion roar at 1 m 13 116
Human discomfort threshold at 1 kHz 10 114
Diesel lawn mower at 1 m 1 94
Truck at city speed at 20 m 0.2 80
Old vacuum cleaner at 1 m 0.1 70
Bird song at 1 m 0.02 60
Cricket chorus at 1 m 0.02 60
Human speech at 1 m 0.01 55
Buzzing mosquito 0.002 40
Human whisper at 1 m 0.001 30
Fluttering leaves 0.0002 20
Human breathing at 1 m 0.0001 10
Human hearing threshold at 1 kHz 0.00002 0

Table 4.4 Examples of sound pressure levels in water.
All levels are broadband; the hearing thresholds are single-
frequency. Nominal ranges from the source are given in

meters. Note that the different sources listed can have a
range of levels and only one example is given

Pa dB re 1 μPa
Subsea earthquake 316,228 230
Seismic survey airgun at 1 m 10,000 200
Container ship at 1 m 5623 195
Humpback whale song at 1 m 1778 185
Zodiac at high speed at 1 m 178 165
Dolphin whistle at 1 m 32 150
Geotechnical drilling at 1 m 18 145
Jet ski 10 140
Toadfish at 1 m 10 140
Damsel fish at 1 m 1 120
Open ocean ambient noise at sea state 4 0.1 100
Open ocean ambient noise at sea state 0.5 0.01 80
California Sea lion hearing threshold at 10 kHz 0.001 60
Killer whale hearing threshold at 20 kHz 0.0001 40
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4.2.6 When to Use SPL and SEL?

Sound pressure and sound exposure are closely
related, and in fact, the sound exposure level can
be computed from the sound pressure level as:

LE,p ¼ Lp þ 10 log 10 t2 � t1ð Þ

Conceptually, the difference is that the SPL is a
time-average and therefore useful for sounds that
don’t change significantly over time, or that last for
a long time, or that, for the assessments of noise
impacts, can be considered continuous. Examples
are workplace noise or ship noise. The SEL, how-
ever, increases with time and critically depends on
the time window over which it is computed. It is
therefore most useful for short-duration, transient
sounds, such as pulses from explosions, pile
driving, or seismic surveys. The SEL is then
computed over the duration of the pulse.

It can be difficult to determine the actual pulse
length as the exact start and end points are often
not clearly visible, in particular in background
noise. Therefore, in praxis, SEL is commonly
computed over the 90% energy signal duration.
This is the time during which 90% of the sound
exposure occurs. Sound exposure is computed
symmetrically about the 50% mark; i.e., from
the 5% to the 95% points on the cumulative
squared-pressure curve. SEL becomes (Fig. 4.5):

LE,p ¼ 10 log 10

Z t95%

t5%

p2 tð Þdt
Ep,0

0
BBB@

1
CCCA

In the presence of significant background
noise pn(t), the noise exposure needs to be
subtracted from the overall sound exposure in
order to yield the sound exposure due to the signal
alone. In praxis, the noise exposure is computed
over an equally long time window (from t1 to t2)
preceding or succeeding the signal of interest:

LE,p ¼ 10 log 10

Z t95%

t5%

p2 tð Þdt �
Z t2

t1

p2n tð Þdt
Ep,0

0
BBB@

1
CCCA

4.2.7 Acoustic Energy, Intensity,
and Power

Apart from sound pressure and sound exposure,
other physical quantities appear in the bioacous-
tics literature, but are often wrongly used. Acous-
tic energy refers to the total energy contained in
an acoustic wave. This is the sum of kinetic
energy (contained in the movement of the
particles of the medium) and potential energy
(i.e., work done by elastic forces in the medium).
Acoustic energy E is proportional to squared pres-
sure p and time interval Δt (i.e., to sound expo-
sure) only in the case of a free plane wave or a
spherical wave at a large distance from its source:

E ¼ S
Z
p2Δt
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Fig. 4.5 Pressure pulse recorded from pile driving under
water (top) and cumulative squared-pressure curve (bot-
tom). The horizontal lines indicate the 5% and 95% cumu-
lative squared-pressure points on the y-axis. The vertical
lines identify the corresponding times on the x-axis. The
time between the 5% and 95% marks is the 90% energy
signal duration. Recording from Erbe 2009
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The proportionality constant is the ratio of
surface area S through which the energy flows
and acoustic impedance Z. Acoustic energy
increases with time; i.e., the longer the sound
lasts or the longer it is measured, the greater the
transmitted energy. The unit of energy is joule
[J] in honor of English physicist James Prescott
Joule. In SI units:

1 J ¼ 1 kg m2=s2

Acoustic power P is the amount of acoustic
energy E radiated within a time interval Δt:

P ¼ E=Δt

The unit of power is watt [W]. In SI units:

1 W ¼ 1 J=s ¼ 1 kg m2=s3

Acoustic intensity I is the amount of acoustic
energy E flowing through a surface area
S perpendicular to the direction of propagation,
per time Δt:

I ¼ E= SΔtð Þ ¼ P=S

For a free plane wave or a spherical wave at a
large distance from its source, this becomes:

I ¼ p2=Z ð4:2Þ
The unit of intensity is W/m2. A conceptually

different definition equates the instantaneous
acoustic intensity with the product of sound pres-
sure and particle velocity u:

I tð Þ ¼ p tð Þ u tð Þ
The two concepts are mathematically equiva-

lent for free plane and spherical waves and the
unit of intensity is always W/m2.

The above quantities (energy, power, and
intensity) are sometimes used interchangeably.
That’s wrong. They are not the same, but they
are related. With E, P, I, S, and t denoting energy,
power, intensity, surface area, and time,
respectively:

P ¼ E=Δt ¼ I S

More information and definitions can be found in
acoustic standards (including American National
Standards Institute 2013; International Organiza-
tion for Standardization 2017).

4.2.8 Particle Velocity

Particle velocity (symbol: u; unit: m/s) refers to
the oscillatory movement of the particles of the
acoustic medium (i.e., molecules in air and water,
and atoms in the ground) as a wave passes
through. In the example of Fig. 4.1, the particle
velocity is a sine wave, just like the acoustic
pressure. Each particle oscillates about its equi-
librium position. At this point, its displacement is
zero, but its velocity is greatest (i.e., either maxi-
mally positive or maximally negative, depending
on the direction in which the particle is moving).
At the two turning points, the displacement from
the equilibrium position is maximum and the
velocity passes through zero, changing sign (i.e.,
direction) from positive to negative, or vice versa.
Velocity is a vector, which means it has both
magnitude and direction. Particle displacement
(unit: m) and particle acceleration (unit: m/s2)
are also vector quantities. In fact, particle velocity
is the first derivative of particle displacement with
respect to time, and particle acceleration is the
second derivative of particle displacement with
respect to time. Measurements of particle dis-
placement, velocity, and acceleration created by
snorkeling are shown in Fig. 4.6.

Air molecules also move due to wind, and
water molecules move due to waves and currents.
But these types of movement are not due to
sound. Wind velocity and current velocity are
entirely different from the oscillatory particle
velocity involved in the propagation of sound.

It is equally important to understand that the
speed at which the particles move when a sound
wave passes through is not equal to the speed of
sound at which the sound wave travels through
the medium. The latter is not an oscillatory
quantity.
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4.2.9 Speed of Sound

The speed at which sound travels through an
acoustic medium is called the speed of sound
(symbol: c; unit: m/s). It depends primarily on
temperature and height above ground in air, and
on temperature, salinity, and depth below the sea
surface in water. The speed of sound is computed
as the distance sound travels divided by time. It
can also be computed from measurements of the
waveform (i.e., wavelength, period, and fre-
quency as in Fig. 4.1):

c ¼ λ=τ ¼ λ f

In solid media, such as rock, two types of
waves are supported, P- and S-waves (see Sect.
4.2.2), and the speeds (cP and cS) at which they
travel differ. Table 4.5 gives examples for the
speed of sound in air and water, and for P- and
S-waves in some Earth materials. Example sound
speed profiles (i.e., line graphs of sound speed

versus altitude or water depth) are given in
Fig. 4.7.

4.2.10 Acoustic Impedance

Each acoustic medium has a characteristic
impedance (symbol: Z). It is the product of the
medium’s density (symbol: ρ) and speed of
sound: Z ¼ ρc. In air at 0 �C with a density
ρ ¼ 1.3 kg/m3 and speed of sound c ¼ 330 m/s,
the characteristic impedance is Z¼ 429 kg/(m2s). In
freshwater at 5 �Cwith a density of ρ¼ 1000 kg/m3

and a speed of sound c ¼ 1427 m/s, the character-
istic impedance is Z ¼ 1427,000 kg/(m2s). In sea
water at 20 �C and 1 m depth with 3.4% salinity, a
density of ρ¼ 1035 kg/m3, and a speed of sound of
c ¼ 1520 m/s, the characteristic impedance is
Z ¼ 1,573,200 kg/(m2s). The characteristic imped-
ance relates the sound pressure to particle velocity
via p ¼ Z u for plane waves.
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Fig. 4.6 Spectrograms of mean-square sound pressure
spectral density [dB re 1 μPa2/Hz], mean-square particle
displacement spectral density [dB re 1 pm2/Hz], mean-
square particle velocity spectral density [dB re 1 (nm/s)2/

Hz], and mean-square particle acceleration spectral density
[dB re 1 (μm/s2)2/Hz] recorded under water when a snor-
keler swam above the recorder (Erbe et al. 2016b; Erbe
et al. 2017a)
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4.2.11 The Decibel

Acousticians may deal with very-high-amplitude
signals and very-low-amplitude signals; e.g., the
sound pressure near an explosion might be
60,000 Pa, while the sound pressure from
human breathing is only 0.0001 Pa. This means
that the dynamic range of quantities in acoustics
is large and, in fact, covers seven orders of mag-
nitude (see Tables 4.3 and 4.4). Rather than
handling multiple zeros and decimals, using a
logarithmic scale compresses the dynamic range

into a manageable range of values. This is one of
the reasons why the decibel is so popular in
acoustics. Another reason is that human percep-
tion of the loudness of a sound is approximately
proportional to the logarithm of its amplitude.

When quantities such as sound pressure or
sound exposure are converted to logarithmic
scale, the word “level” is added to the name.
Sound pressure level and sound exposure
level are much more commonly used than their
linear counterparts, sound pressure and sound
exposure.

Fig. 4.7 Example profiles of the speed of sound in (a) air
(data from The Engineering ToolBox; https://www.
engineeringtoolbox.com/elevation-speed-sound-air-d_
1534.html; accessed 16 April 2021) and (b) water in polar
and equatorial regions (These data were collected and
made freely available by the International Argo Program

and the national programs that contribute to it; https://argo.
ucsd.edu, https://www.ocean-ops.org. The Argo Program
is part of the Global Ocean Observing System. Argo float
data and metadata from Global Data Assembly Centre
(Argo GDAC); https://doi.org/10.17882/42182; accessed
16 April 2021). See Chaps. 5 and 6

Table 4.5 P-wave and S-wave speeds of certain acoustic media

Medium cP [m/s] cS [m/s]

Air, 0 �C 330
Air, 20 �C 343
Freshwater, 5 �C 1427
Freshwater, 20 �C 1481
Salt water, 20 �C, salinity 3.4%, 1 m depth 1520
Sand 800–2200
Clay 1000–2500
Sandstone 1400–4300 700–2800
Granite 5500–5900 2800–3000
Limestone 5500–6100 2800–3300

122 C. Erbe et al.

https://www.engineeringtoolbox.com/elevation-speed-sound-air-d_1534.html
https://www.engineeringtoolbox.com/elevation-speed-sound-air-d_1534.html
https://www.engineeringtoolbox.com/elevation-speed-sound-air-d_1534.html
https://argo.ucsd.edu
https://argo.ucsd.edu
https://www.ocean-ops.org
https://doi.org/10.17882/42182
https://doi.org/10.1007/978-3-030-97540-1_5
https://doi.org/10.1007/978-3-030-97540-1_6


By definition, the level LQ of quantity Q is
proportional to the logarithm of the ratio of
Q and a reference value Q0, which has the same
unit. In the case of a field quantity F, such as
sound pressure or particle velocity, or an electri-
cal quantity such as voltage or current, the level
LF is computed as

LF ¼ 20 log 10
F
F0

In the case of a power quantity P, such as
mean-square sound pressure or energy, the level
LP is computed as

LP ¼ 10 log 10
P
P0

Both levels are expressed in decibels (dB).
Note the different factors (20 versus 10) in the
equations. It is critically important to always state
the reference value F0 or P0 when discussing
levels, because reference values differ between
air and water.

4.2.11.1 Conversion from Decibel
to Field or Power Quantities

The relationships for calculating field and power
quantities from their levels are, respectively:

F ¼ 10
LF
20F0, and P ¼ 10

LP
10P0 ð4:3Þ

The units of the calculated quantities corre-
spond to the units of the reference quantity (F0

or P0). For example, an underwater tone at a level
of 120 dB re 1 μPa rms has an rms pressure of
1 Pa. This is worked out as follows:

F ¼ 10120=20 � 1μPa ¼ 106 μPa ¼ 1 Pa

However, a tone of 120 dB re 20 μPa rms in air
has an rms pressure of 20 Pa:

F ¼ 10120=20 � 20 μPa ¼ 106 � 20 μPa ¼ 20 Pa

4.2.11.2 Differences between Levels
of like Quantities

A particular difference between two levels
corresponds to particular ratios between their
field and power quantities. The general
relationships are:

LF1 � LF2 ¼ 20 log 10
F1

F2

LP1 � LP2 ¼ 10 log 10
P1

P2

F1

F2
¼ 10

LF1�LF2
20ð Þ

P1

P2
¼ 10

LP1�LP2
10ð Þ

Some common examples are given in
Table 4.6. Note the inverse relationship between
ratios for corresponding positive and negative
level differences and also that each power

Table 4.6 Level differences and their corresponding field and power quantity ratios

Level difference
(LF1-LF2 or LP1-LP2)
in dB

Field quantity ratio (F1/F2); use for
pressure, particle velocity, voltage,
current, etc.

Power quantity ratio (P1/P2); use for power,
intensity, energy, sound exposure, mean-square
pressure, etc.

�40 1/100 ¼ 0.01 1/10,000 ¼ 0.0001
�20 1/10 ¼ 0.1 1/100 ¼ 0.01
�10 1=

ffiffiffiffiffi
10

p � 0:316 1/10 ¼ 0.1

�6 1/2 ¼ 0.5 1/4 ¼ 0.25
�3 1/

ffiffiffi
2

p � 0.707 1/2 ¼ 0.5

0 1 1
3

ffiffiffi
2

p � 1.41 2

6 2 4
10

ffiffiffiffiffi
10

p � 3.16 10

20 10 100
40 100 10,000
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quantity ratio is the square of the corresponding
field quantity ratio.

For example, a tone at a level of 120 dB re
1 μPa rms is 20 dB stronger than a tone at a
level of 100 dB re 1 μPa rms, so from
Table 4.6, the ratio of the two rms pressures is
p1/p2 ¼ F1/F2 ¼ 10, and the ratio of their
intensities is I1/I2 ¼ P1/P2 ¼ 100.

4.2.11.3 Amplification of Signals
The above formulae and Table 4.6 can also be
used to calculate the effect of amplifying signals.
For example, if an amplifier has a gain of 20 dB,
then the rms voltage at the output of the amplifier
will be 10 times the rms voltage at its input.
Similarly, an amplifier with a 40 dB gain will
increase the rms voltage by a factor of 100. If
several amplifier stages are cascaded, then their
combined gain is the sum of the gains of the
individual stages (in dB).

When calibrating acoustic recordings (see
Chap. 2), the gains of all components of the
recording systems have to be summed. An under-
water recording system (Fig. 4.8), for example,
contains a hydrophone that converts received
acoustic pressure to a time series of voltages at
its output. The sensitivity of the hydrophone
specifies this relationship. For example, a hydro-
phone with a sensitivity NS ¼ �180 dB re
1 V/μPa produces 10–180/20 ¼ 10�9 Volts output
per 1 μPa input. A more sensitive hydrophone has
a less negative sensitivity. The output voltage
might be passed to an amplifier withΔLG¼ 20 dB
gain, after which it is digitized by a data acquisi-
tion board, such as a computer’s soundcard. All

analog-to-digital converters have a digitization
gain expressed in dB re FS/V, which specifies
the input voltage that leads to full scale (FS). If
the digitizer has a digitization gainΔLDG¼ 10 dB
re FS/V, then 1010/20 FS/V ¼ 101/2 FS/V is the
relationship between FS and input voltage,
meaning that FS is reached when the input is
1/101/2 V ¼ 0.32 V. The actual value of FS
depends on the number of bits available. A
16-bit digitizer in bipolar mode (i.e., producing
both positive and negative numbers) has a full-
scale value of 216–1 ¼ 215 ¼ 32,768. And so the
digital values v representing the acoustic pressure
will lie between �32,768 and + 32,767 (with one
of the possible numbers being 0). The final steps
in relating these digital values to the recorded
acoustic pressure entail dividing by FS,
converting to dB, and subtracting all the gains:

Lp ¼ 20 log 10 v=FSð Þ � ΔLDG � ΔLG � NS

¼ 20 log 10 v=FSð Þ þ 150 dB re 1 μPa

4.2.11.4 Superposition of Field
and Power Quantities

If two tones of the same frequency and level
arrive in phase at a listener, then the amplitude
is doubled and the combined level is therefore
6 dB above the level of each tone (see
Table 4.6). If, on the other hand, there is a random
phase difference between the two tones then, on
average, the intensity of the two signals will sum.
In this case (again from Table 4.6) the combined
intensity is 3 dB higher than the level of each
tone. For example, if each tone has a level of
120 dB re 1 μPa rms, then the two tones together
have a level of 126 dB re 1 μPa rms if they are in
phase. Their superposition has an average level of
123 dB re 1 μPa rms if they have a random phase
difference. Summing signals that have the same
phase, or a fixed phase difference, is known as
coherent summation, whereas performing an “on
average” summation of signals assuming a ran-
dom phase is called incoherent summation.

The calculation is more complicated if the two
tones have different levels. It is necessary to use
Eq. (4.3) to convert both levels to corresponding

hydrophone
soundcard

amplifier

Fig. 4.8 Sketch of an example underwater recording
setup. A terrestrial setup would have a microphone instead
of a hydrophone
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field (coherent summation) or power (incoherent
summation) quantities, add these quantities, and
then convert the result back to a level.

The outcome of this process is plotted in
Fig. 4.9 in terms of the increase in the combined
level from that of the higher-level signal as a
function of the difference between the higher
and lower levels. Note that this increase never
exceeds 6 dB for a coherent summation or 3 dB
for an incoherent summation. In the case of a
coherent summation, proper account has to be
taken of the relative phases of the two tones
when adding the field quantities, and this can
have a very large effect. Figure 4.9 shows the
extreme cases: The upper limit occurs when the
two signals are in phase, and the lower limit
occurs when they have a phase difference of
180� (π radians). The latter case gives destructive
interference and the combined level is lower
than that of the highest individual signal. If
the two individual signals have a 180� phase
difference and the same amplitude, then the
destructive interference is complete, the two
signals cancel each other out, and the combined
level is �1!

Another useful observation from Fig. 4.9 is
that when the difference in level between the
two individual signals is greater than 10 dB, the

incoherent summation is less than 0.5 dB higher
than that of the higher of the two; and for many
practical applications, the lower-level signal can
be ignored.

4.2.11.5 Levels in Air Versus Water
Comparing sound levels in air and water is com-
plicated and has caused much confusion in the
past. For two sound sources of equal intensity Ia
and Iw in air and water, respectively, the sound
pressure level is 62 dB greater in water because of
two factors: the greater acoustic impedance of
water and the different reference pressures used
in the two media.

The effect of the acoustic impedance can be
seen as follows. Assuming Iw ¼ Ia, then from
(Eq. 4.2):

p2w
Zw

¼ p2a
Za

, which is equivalent to
p2w
p2a

¼ Zw

Za
:

This ratio of mean-square pressures in the two
media can be expressed in terms of the density
and speed of sound of the two media:

p2w
p2a

¼ Zw

Za
¼ ρwcw

ρaca
:

Applying 10 log10() to these ratios, the differ-
ence between the mean-square sound pressure
levels in water and air is:

Lpw2 � Lpa2 ¼ 10 log 10
p2w
p20

� 10 log 10
p2a
p20

¼ 10 log 10
p2w
p2a

¼ 10 log 10
ρwcw
ρaca

¼ 36 dB

The difference between the sound pressure
levels is, of course, also 36 dB:

Lpw � Lpa ¼ 20 log 10
pw
p0

� 20 log 10
pa
p0

¼ 20 log 10
pw
pa

¼ 20 log 10

ffiffiffiffiffiffiffiffiffiffi
ρwcw
ρaca

r

¼ 36 dB

In the above two equations, the same reference
pressure p0 is required. However, the convention

Fig. 4.9 Line graphs of the effect on the higher-level
signal of combining two signals by coherent summation
(assuming the signals are in phase or 180� out of phase)
and incoherent summation
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is to use pa0¼20 μPa in air and pw0¼1 μPa in
water. The difference in reference pressures adds
another 26 dB to the sound pressure level in
water, because:

20 log 10
pa0
pw0

¼ 20 log 10
20 μPa
1 μPa ¼ 26 dB

So, if two sound sources emit the same inten-
sity in air and water, then the sound pressure level
in water referenced to 1 μPa is 62 dB (i.e.,
36 dB + 26 dB) greater than the sound pressure
level in air referenced to 20 μPa.

While this might be confusing, there would
hardly be a sensible reason to compare levels in
air and water. Such comparisons have been
attempted in the past to give an analogy to levels
with which humans have experience in air. For
example, humans find 114 dB re 20 μPa annoying
and 140 dB re 20 μPa painful, so what would be a
similarly annoying level under water that might
disturb animals?

But animals perceive sound differently from
humans, hear sound at different frequencies and
levels, and can have rather different auditory
anatomy (see Chap. 10 on audiograms). As a
result, a signal easily heard by a human could be
barely audible to some animals or much louder to
others. Even for divers, sound reception under
water is quite a different process from sound
reception in air, due to different acoustic imped-
ance ratios of the acoustic medium and human
tissues, and different sound propagation paths.
Furthermore, the psychoacoustic effects (emo-
tional impacts) of different types of noise on
animals have not been examined thoroughly.
Even in humans, for example, 110 dB re 20 μPa
of rock music does not provide the same experi-
ence as 110 dB re 20 μPa of traffic noise.

4.2.12 Source Level

The source level (abbreviation: SL; symbol: LS) is
meant to be characteristic of the sound source and
independent of both the environment in which the
source operates and the method by which the
source level is determined. In praxis, the determi-
nation of the source level has numerous problems.

Some sources are large in their physical
dimensions and placing a recorder at short range
(i.e., into the so-called near-field, see Sect. 4.2.13)
will not result in a level that captures the full
output of the source. Also, many sound sources
do not operate in a free-field but rather near a
boundary (e.g., air-ground, air-water, or water-
seafloor). At such boundaries, reflection, scatter-
ing, absorption, and phase changes may occur,
affecting the recorded level. In praxis, a sound
source is recorded at some range in the far-field
and an appropriate (and sometimes sophisticated)
sound propagation model is utilized to account
for the effects of the environment in order to
compute a source level that is independent of
the environment. Such source levels can then be
applied to new situations and different
environments in order to predict received levels
elsewhere. Like other levels, the source level is
expressed in dB relative to a reference value. It is
further referenced to a nominal distance of 1 m
from the source. The source level can be a sound
pressure level or a sound exposure level,
depending on the source and situation.

The radiated noise level (abbreviation: RNL;
symbol LRN) is more easily determined. It is the
level of the product of the sound pressure and the
range r at which the sound pressure is recorded,
and it can be calculated as the received sound
pressure level Lp plus a spherical propagation
loss term:

LRN ¼ 20 log 10
prms rð Þr
p0r0

¼ Lp þ 20 log 10
r
r0

It is expressed in dB relative to a reference
value of p0r0¼ 20 μPam in air and p0r0¼ 1 μPam
in water. The radiated noise level is dependent
upon the environment and is therefore also called
affected source level. Note that it is very common
in the bioacoustic literature to report source levels
and radiated noise levels as dB re 20 μPa @ 1 m
in air and dB re 1 μPa @ 1 m in water. The ISO
definition is mathematically different and the
notation excludes “@ 1 m” (International Organi-
zation for Standardization 2017).

While the source level can be characteristic of
the source, there are many factors that affect the
source level. For example, larger ships typically
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have a higher source level than smaller ships.
Cars going fast have a higher source level than
cars going slowly. Animals can vary the ampli-
tude of the same sound depending on the context
and their motivation. Different sound types can
have different source levels. Territorial defense or
aggressive sounds usually have the highest source
level in a species’ repertoire. Mother-offspring
sounds often have the lowest source level in a
species’ repertoire, because mother and calf are
typically close together and want to avoid detec-
tion by predators.

4.2.13 What Field? Free-Field,
Far-Field, Near-Field

While this might read like the opening of a
Dr. Seuss book, it is quite important to understand
these concepts. The free-field, or free sound field,
exists around a sound source placed in a homoge-
neous and isotropic medium that is free of
boundaries. Homogenous means that the medium
is uniform in all of its parameters; isotropic means
that the parameters do not depend on the direction
of measurement. While the free-field assumption
is commonly applied to estimates of particle
velocity from pressure measurements or estimates
of propagation loss, sound sources and receivers
are rarely in a free-field. More often, sound
sources and receivers are near a boundary. This
is the case for sources such as trains or construc-
tion sites and for receivers such as humans, all of
which are right at the air-ground boundary. This
is also the case for sources such as ships at the
water surface and for receivers such as fishes in
shallow water, where they are near two
boundaries: the air-water and the water-seafloor
boundaries. At boundaries, some of the sound is
transmitted into the other medium, some of it is
reflected, some of it is scattered in various
directions. For more detail on source-path-
receiver models in air and water, see Chaps. 5
and 6.

The far-field is the region that is far enough
from the source so that the particle velocity and
pressure are effectively in phase. The near-field is
the region closer to the source where they become

out of phase either because sound from different
parts of the source arrives at different times (This
is the case of an extended source.) or because the
curvature of the spherical wavefront from the
source is too great to be ignored (This is the case
of a source small enough to be considered a point
source.). These two cases have different frequency
dependence with the near-field to far-field transi-
tion distance increasing with increasing frequency
for an extended source, and decreasing with
increasing frequency for a small source. A single
source may behave as a small source at low
frequencies and as an extended source at high
frequencies, which implies that there is some
non-zero frequency at which it will have a mini-
mum near-field to far-field transition distance.
This has resulted in much confusion.

When is a sound source small versus
extended? A sound source can be considered
small when its physical dimensions are small
compared to the acoustic wavelength. A fin
whale (Balaenoptera physalus) with a head size
of perhaps 6 m produces a characteristic 20-Hz
signal that has a wavelength of about 70 m and so
the whale can be considered small.

When studying the effects of noise on animals,
however, the noise sources one deals with are
mostly extended sources. In the near-field, the
amplitudes of field and power quantities are
affected by the physical dimension of the sound
source. This is because the surface of an extended
sound source can be considered an array of sepa-
rate point sources. Each point source generates an
acoustic wave. At any location, the instantaneous
pressure (as an example of a field quantity) is the
summation of the instantaneous pressures from
all of the point sources. In the near-field, the
various sound waves have traveled various
distances and arrive at various phases. Therefore,
the near-field consists of regions of destructive
and constructive interference and the pressure
amplitude depends greatly on where exactly in
the near-field it is measured. There may be
regions close to a sound source where the pres-
sure amplitude is always zero. The interference
pattern depends on the frequency of the sound,
and the regions of destructive and constructive
interference will be different depending on the
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frequency of the sound. In the far-field of the
extended source, the sound waves from the sepa-
rate point sources have traveled nearly the same
distance and arrive in phase. The pressure ampli-
tude depends only on the range from the source
and decreases monotonically with increasing
range. The amplitudes of field quantities F and
power quantities P decay with range r as:

F rð Þ � 1
r
and P rð Þ � 1

r2
in the far‐field:

The range at which the field transitions from
near to far can be estimated as L2/ λ, where L is the
largest dimension of the source and λ is the wave-
length of interest. (Fig. 4.10).

All sound sources have near- and far-fields.
The source level of a sound source is, in praxis,
determined from measurements in the far-field by
correcting for propagation loss. In the example of
Fig. 4.10, the sound pressure level might be
measured as 126 dB re 1 μPa at 30 m range
from the source. A spherical propagation loss
term (20 log 10

r
r0
¼ 30 dB ; red dashed line in

Fig. 4.10) is then applied to estimate the radiated
noise level: 156 dB re 1 μPa m. This level is

higher than what would be measured with a
receiver in the near-field (blue solid line in
Fig. 4.10).

Radiated noise levels and source levels are
useful to estimate the received level at some
range in the far-field. They will always be higher
than the levels that exist in the near-field. There
has been a lot of confusion about this in the
bioacoustics community, for example in the case
of marine seismic surveys. A seismic airgun array
(i.e., a number of separate seismic airguns
arranged in a 2-dimensional array) might have
physical dimensions of several tens of meters
and a source level (in terms of sound exposure)
of 220 dB re 1 μPa2s m (e.g., Erbe and King
2009). However, in situ measurements near the
array may never exceed 190 dB re 1 μPa2s, except
in the immediate vicinity (<< 1 m) of an individ-
ual airgun. This is because the highest level that
may be recorded is close to an individual airgun
in the array. The other airguns in the array are too
far away to significantly add to the level of any
particular airgun (see Fig. 4.9). At short range
from the array, the sound waves from some
airguns will add constructively and from others
destructively, so that the measured pressure
amplitude is always less than the amplitude from
one airgun multiplied by the number of airguns in
the array. Constructive superposition of sound
waves from all airguns only happens in the
far-field, where the pressure amplitude is reduced
due to propagation loss.

4.2.14 Frequency Weighting

Frequency weightings are mathematical functions
applied to sound measurements to compensate
quantitatively for variations in the auditory sensi-
tivity of humans and non-human animals (see
Chap. 10 on audiometry). These functions
“weight” the contributions of different
frequencies to the overall sound level,
de-emphasizing frequencies where the subject’s
auditory sensitivity is less and emphasizing
frequencies where it is greater. Frequency
weighting essentially applies a band-pass filter
to the sound. Weighting is applied before the
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Fig. 4.10 Graph of sound pressure versus range, perpen-
dicular from a circular piston such as a loudspeaker with
radius 1 m, f ¼ 22 kHz, under water
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calculation of broadband SPLs or SELs. A num-
ber of weighting functions exist for different
purposes: for example, A, B, C, D, Z, FLAT,
and Linear frequency weightings to measure the
effect of noise on humans. However, at present,
only weightings A, C, and Z are standardized
(International Electrotechnical Commission
2013).

4.2.14.1 A, C, and Z Frequency
Weightings

A, C, and Z frequency weightings are derived
from standardized equal-loudness contours.
These are curves which demonstrate SPL
variations over the frequency spectrum for
which constant loudness is perceived (Suzuki
and Takeshima 2004). Loudness is the human
perception of sound pressure. Loudness levels
are measured in units of phons, determined from
referencing the equal-loudness contours. The
number of phons n is equal in intensity to a
1-kHz tone with an SPL of n dB. The equal-
loudness contours were developed from human
loudness perception studies (Fletcher
and Munson 1933; Robinson and Dadson 1956;
Suzuki and Takeshima 2004) and are
standardized (International Organization for
Standardization 2003). Table 4.7 defines the A,
C, and Z-weighting values at frequencies up to
16 kHz. Figure 4.11 displays the contours of the
weightings.

A-weighting is the primary weighting function
for environmental noise assessment. It covers a
broad range of frequencies from 20 Hz to 20 kHz.

The function is tailored to the perception of
low-level sounds and represents an idealized
human 40-phon equal-loudness contour.
Measurements are noted as dB(A) or dBA.

The C-weighting function provides a better
representation of human auditory sensitivity to
high-level sounds. This weighting is useful for
stipulating peak or impact noise levels and is
used for the assessment of instrument and equip-
ment noise.

The Z-weighting function (also known as the
zero-weighting function) covers a range of
frequencies from 8 Hz to 20 kHz (within �
1.5 dB), replacing the “FLAT” and “Linear”
weighting functions. It adds no “weight” to
account for the auditory sensitivity of humans
and is commonly used in octave-band
analysis to analyze the sound source rather than
its effect.

Table 4.7 A, C, and Z-weighting values

Frequency [Hz] A-weighting [dB] C-weighting [dB] Z-weighting [dB]

63 �26.2 �0.8 0
125 �16.1 �0.2 0
250 �8.6 0 0
500 �3.2 0 0
1000 0 0 0
2000 1.2 �0.2 0
4000 1 �0.8 0
8000 �1.1 �3 0
16,000 �6.6 �8.5 0
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Fig. 4.11 Graph of A-, C-, and Z-weighting curves
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4.2.14.2 Frequency Weightings
for Non-human Animals

Equal-loudness contours for non-human animals
are very challenging to develop as it is difficult to
obtain the required data. Direct measurements of
equal loudness in non-human animals have only
been achieved for bottlenose dolphins (Tursiops
truncatus; Finneran and Schlundt 2011); how-
ever, equal-response-latency curves have been
generated from reaction-time studies and been
used as proxies for equal-loudness contours
(Kastelein et al. 2011). Several functions applica-
ble to the assessment of noise impact on marine
mammals have also been developed similar to the
A-weighting function with adjustments for the
hearing sensitivity of different marine mammal
groups. Other weighting functions exist for other
species.

4.2.14.3 M-Weighting
The M-weighting function was developed to
account for the auditory sensitivity of five func-
tional hearing groups of marine mammals
(Southall et al. 2007). Development of this func-
tion was restricted by data availability and is
limited in its capacity to capture all complexities
of marine mammal auditory responses (Tougaard
and Beedholm 2019). The function deemphasizes
the frequencies near the upper and lower limits of
the auditory sensitivities of each hearing group,
emphasizing frequencies where exposure to high-
amplitude noise is more likely to affect the focal
species (Houser et al. 2017). M-weighted SEL is
calculated through energy integration over all
frequencies following the application of the
M-weighting function to the noise spectrum.
The M-weighting functions have continued to

evolve, reflecting the advancement in marine
mammal auditory sensitivity and response
research, with the most recent modifications pro-
posed by Southall et al. (2019), including a redef-
inition of marine mammal hearing groups,
function assumptions, and parameters. The
updated functions are based on the following
equation:

W fð Þ¼C

þ10log10

f
f 1

� �2a
1þ f

f 1

� �2	 
a
1þ f

f 2

� �2	 
b !

ð4:4Þ
W( f ) is the weighting function amplitude

[dB] at frequency f [kHz]; f1 and f2 are the
low-frequency and high-frequency cut-off values
[kHz], respectively. Constants a and b are the
low-frequency and high-frequency exponent
values, defining the rate of decline of the
weighting amplitude at low and high frequencies,
and C defines the vertical position of the curve
(maximum weighting function amplitude is 0).
Table 4.8 lists the function constants for each
marine mammal hearing group and Fig. 4.12
plots the weighting curves.

4.2.15 Frequency Bands

Different sound sources emit sound at different
frequencies and cover different frequency bands.
The whistle of a bird is quite tonal, covering a
narrow band of frequencies. An echosounder

Table 4.8 Constants of Eq. 4.4 for the six functional hearing groups of marine mammals (Southall et al. 2019)

Marine mammal hearing group a b f1 [kHz] f2 [kHz] C [dB]

Low-frequency cetaceans (LF) 1 2 0.2 19 0.13
High-frequency cetaceans (HF) 1.6 2 8.8 110 1.20
Very-high-frequency cetaceans (VHF) 1.8 2 12 140 1.36
Sirenians (SI) 1.8 2 4.3 25 2.62
Phocid carnivores in water (PCW)
Phocid carnivores in air (PCA)

1
2

2
2

1.9
0.75

30
8.3

0.75
1.50

Other marine carnivores in water (OCW)
Other marine carnivores in air (OCA)

2
1.4

2
2

0.94
2

25
20

0.64
1.39
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emits a sharp tone, concentrating almost all
acoustic energy in a narrow frequency band cen-
tered on one frequency. These are narrowband
sources, while a ship propeller is a broadband
source generating many octaves in frequency.
The term frequency band refers to the band of
frequencies of a sound. The bandwidth is the
difference between the highest and the lowest
frequency of a sound. The spectrum of a sound
shows which frequencies are contained in the
sound and the amplitude at each frequency.

Peak frequency and 3-dB bandwidth are often
used to describe the spectral characteristics of a
signal. Peak frequency is the frequency of maxi-
mum power of the spectrum. The 3-dB bandwidth
is computed as the difference between the
frequencies (on either side of the peak frequency),
at which the spectrum has dropped 3 dB from its
maximum (Fig. 4.13). Remember that a drop of
3 dB is equal to half power; and so the 3-dB
bandwidth is the bandwidth at the half-power
marks. Similarly, the 10-dB bandwidth is measured
10 dB down from the maximum power (i.e., where
the power has dropped to one tenth of its peak).

For non-Gaussian spectra (e.g., bat or
dolphin echolocation clicks), two other measures
are useful: the center frequency fc, which splits
the power spectrum into two halves of equal

power, and the rms bandwidth BWrms, which
measures the standard deviation about the center
frequency. With H( f ) representing the Fourier
transform, these quantities are computed as
(Fig. 4.14):

f c ¼

Z 1

�1
f H fð Þj j2dfZ 1

�1
H fð Þj j2df

BWrms ¼

ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiZ 1

�1
f � f cð Þ2 H fð Þj j2dfZ 1

�1
H fð Þj j2df

vuuuuut
Broadband sounds are commonly analyzed in

specific frequency bands. In other words, the
energy in a broadband sound can be split into a
series of frequency bands. This splitting is done
by a filter, which can be implemented in hardware
or software. A low-pass filter lets low frequencies
pass and reduces the amplitude of (i.e.,
attenuates) signals above its cut-off frequency.
A high-pass filter lets high frequencies pass and
reduces the amplitude of signals below its cut-off
frequency. A band-pass filter passes signals
within its characteristic pass-band (extending
from a lower edge frequency to an upper edge
frequency) and attenuates signals outside of this
band. It is a common misconception that a filter
removes all energy beyond its cut-off frequency.
Instead, a filter progressively attenuates the
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W( f ) (Eq. 4.4) and constants (Table 4.8), for each marine
mammal hearing group

Frequency [Hz]

A
m

pl
itu

de
 [d

B
]

-3

-10

fpf3l f3uf10l f10u
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energy. At the cut-off frequency, the energy is
typically reduced by 3 dB. Beyond the cut-off
frequency, the attenuation increases; how rapidly
depends on the order of the filter.

Band-pass filtering is very common in the
study of broadband sounds, in particular broad-
band noise such as aircraft or ship noise. A num-
ber of band-pass filters are used that have adjacent
pass-bands such that the sound spectrum is split
into adjacent frequency bands. If these bands all
have the same width, then the filters are said to
have constant bandwidth. In contrast, propor-
tional bandwidth filters split sound into adjacent
bands that have a constant ratio of upper to lower
frequency. These bands become wider with
increasing frequency (e.g., octave bands).

Octave bands are exactly one octave wide,
with an octave corresponding to a doubling of
frequency. The upper edge frequency of an octave
band is twice the lower edge frequency of
the band: fup ¼ 2 flow. Fractional octave bands
are a fraction of an octave wide. One-third octave
bands are common. The center frequencies fc of
adjacent 1/3 octave bands are calculated as
fc(n) ¼ 2n/3, where n counts the 1/3 octave
bands. The lower and upper frequencies of band
n are calculated as:

ƒlow nð Þ ¼ 2�1=6 f c nð Þ and ƒup nð Þ ¼ 21=6 f c nð Þ

Another example for proportional bands are
decidecades. Their center frequencies fc are

Fig. 4.14 Echolocation click from a harbor porpoise
(Phocoena phocoena); (a) waveform and amplitude enve-
lope (determined by Hilbert transform), (b) cumulative
energy, and (c) spectrum. Three different duration
parameters (τ) are shown. The 3-dB duration is the differ-
ence in time between the two points at half power (i.e.,
3 dB down from the maximum of the signal envelope).
The 10-dB duration is the time difference between the

points at one tenth of the peak power (i.e., 10 dB below
the maximum). Computation of the 90% energy signal
duration was explained in Sect. 4.2.6. Three bandwidth
measures are shown. The 3-dB and 10-dB bandwidths are
measured down from the maximum power, which occurs
at the peak frequency fp, and the rms bandwidth is
measured about the center frequency fc. Click recording
courtesy of Whitlow Au
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calculated as fc(n) ¼ 10n/10, where n counts the
decidecades. The lower and upper frequencies of
band n are calculated as:

ƒlow nð Þ ¼ 10�1=20 f c nð Þ
ƒup nð Þ ¼ 101=20 f c nð Þ

Decidecades are a little narrower than 1/3
octaves by about 0.08%. Decidecades are often
erroneously called 1/3 octaves in the literature.
Given this confusion and inconsistencies in
rounding, preferred center frequencies have been
published (Table 4.9).

4.2.16 Power Spectral Density

The spectral density of a power quantity is the
average of that quantity within a specified fre-
quency band, divided by the bandwidth of that
band. Spectral densities are typically computed
for mean-square sound pressure or sound expo-
sure. Furthermore, spectral densities are most
commonly computed in a series of adjacent
constant-bandwidth bands, where each band is
exactly 1 Hz wide. The spectral density then
describes how the power quantity of a sound is
distributed with frequency. The mean-square
sound pressure spectral density level is expressed
in dB:

Lp;f ¼ 10 log 10

p2f
p2f 0

 !

The reference value p2f 0 is 1 μPa2/Hz in

water. In air, it is more common to take the square
root and report spectral density in dB re
20 μPa=

ffiffiffiffiffiffi
Hz

p
.

4.2.17 Band Levels

Band levels are computed over a specified fre-
quency band. Band levels can be computed from
spectral densities by integrating over frequency
before converting to dB.

Consider the sketched mean-square sound
pressure spectral density as a function of fre-
quency (Fig. 4.15). The band level Lp in the
band from flow to fup is the total mean-square
sound pressure in this band:

Lp ¼ 10 log 10

Z f up

f low

p2f df

p2f 0 f 0

0
BBB@

1
CCCA

¼ 10 log 10

p2f f up � f low
� �

p2f 0 f 0

 !

¼ 10 log 10

p2f
p2f 0

 !

þ10 log 10

f up � f low
f 0

� �

where the reference frequency f0 is 1 Hz. The
band level of mean-square sound pressure is
thus equal to the level of the average mean-square
sound pressure spectral density plus 10 log10 of
the bandwidth. The band level is expressed in dB
re 1 μPa2 in water. In the in-air literature, it is
more common to take the square root and report
band levels in dB re 20 μPa. The frequency band
should always be reported as well.

The wider the bands, the higher the band
levels, as illustrated for 1/12, 1/3, and 1 octave
bands in Fig. 4.16.

Table 4.9 Center frequencies of adjacent 1/3 octave bands [Hz]. The table can be extended to lower and higher
frequencies by division and multiplication by 10, respectively

10 12.5 16 20 25 31.5 40 50 63 80
100 125 160 200 250 315 400 500 630 800

1000 1250 1600 2000 2500 3150 4000 5000 6300 8000
10,000 12,500 16,000 20,000 25,000 31,500 40,000 50,000 63,000 80,000
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4.3 Acoustic Signal Processing

4.3.1 Displays of Sounds

A signal can be represented in the time domain
and displayed as a waveform, or in the frequency
domain and displayed as a spectrum. Waveform
plots typically have time on the x-axis and ampli-
tude on the y-axis. Waveform plots are useful
for analysis of short pulses or clicks. Before
the common use of desktop computers, acoustic
waveforms were commonly displayed by
oscilloscopes (or oscillographs). The display of
the waveform was called an oscillogram. Power
spectra are typically displayed with frequency on
the x-axis and amplitude on the y-axis.

A few examples of waveforms and their spec-
tra are shown in Fig. 4.17.2 A constant-wave
sinusoid (a) has a spectrum consisting of a single
spike at the signal’s fundamental frequency, in
this case 1 kHz. The signal shown in (b) has the
same fundamental frequency of 1 kHz, but its
spectrum shows additional overtones at integer
multiples of the fundamental that are due to its
more complicated shape. A pulse (c) has a quite

different spectrum to the previous repetitive
signals, with a maximum at zero frequency and
decaying in a series of ripples (known as
sidelobes) that decrease in amplitude as frequency
increases. It turns out that the shorter the pulse is,
the wider is the initial spectral peak. Also, the
faster the rise and fall times are, the more pro-
nounced the sidelobes are and the slower they
decay. Panel (d) shows the waveform and spec-
trum of a 1-kHz sinusoidal signal that has been
amplitude-modulated by the pulse shown in (c).
The effect of this is to shift the spectrum of the
pulse so that what was at zero frequency is now at
the fundamental frequency of the sinusoid, and to
mirror it around that frequency. Another way of
thinking about this is that the effect of truncating
the sinusoid is to broaden its spectrum from the
spike shown in (a). The effect of changing the
frequency during the burst can be seen in (e). In
this case, the frequency has been swept from
500 Hz to 1500 Hz over the 10-ms burst duration.
This has the effect of broadening the spectrum
and smoothing out the sidelobes that were

Fig. 4.15 Graph of mean-square pressure spectral density

(blue) and its average p2f (red) in the frequency band from
flow to fup
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Fig. 4.16 Illustration of band levels versus spectral den-
sity levels, for the example of wind-driven noise under
water at Sea State 2. Band levels are at least as high as the
underlying spectral density levels. There are twelve 1/12-
octave bands in each octave, and three 1/3-octave bands.
The wider the band, the higher the level, because more
power gets integrated

2 Dan Russell’s animations of the Fourier compositions of
different waveforms: https://www.acs.psu.edu/drussell/
Demos/Fourier/Fourier.html; accessed 12 October 2020.
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apparent in (d). Finally, (f) shows a waveform
consisting of uncorrelated noise and its spectrum.
In this context “uncorrelated” means that knowl-
edge of the noise at one time instant gives no

information about what it will be at any other
time instant. This type of noise is often called
white noise because it has a flat spectrum (like
white light), but as can be seen in this example,

Fig. 4.17 Examples of signal waveforms (left) and their
spectra (right). (a) A sine wave with a frequency of
1000 Hz; (b) a signal consisting of a sine wave with a
fundamental frequency of 1000 Hz and five overtones; (c)
a 10-ms long pulse with 2-ms rise and fall times; (d) a

10-ms long tone burst with a center frequency of 1000 Hz
and 2-ms rise and fall times; (e) a 10-ms long FM sweep
from 500 Hz to 1500 Hz with 2-ms rise and fall times; and
(f) uncorrelated (white) random noise
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the spectrum of any particular white noise signal
is itself quite noisy and it is only flat if one
averages the spectra of many similar signals, or
alternatively the spectra of many segments of the
same signal.

A spectrogram is a plot with, most commonly,
time on the x-axis and frequency on the y-axis. A
quantity proportional to acoustic power is
displayed by different colors or gray levels. If
properly calibrated, a spectrogram will show
mean-square sound pressure spectral density. A
spectrogram is computed as a succession of
Fourier transforms. A window is applied in the
time domain containing a fixed number of
samples of the digital time series. The Fourier
transform is computed over these samples.
Amplitudes are squared to yield power. The
power spectrum is then plotted as a vertical col-
umn with frequency on the y-axis. The window in
the time domain is then moved forward in time
and the next samples of the digital time series are
taken and Fourier-transformed. This second spec-
trum is then plotted next to the first spectrum, as
the second vertical column in the spectrogram.
The window in the time domain is moved again,
the third Fourier transform is computed and
plotted as the third column of the spectrogram,
and so forth (see examples in Fig. 4.2). The spec-
trogram, therefore, shows how the spectrum of a
sound changes over time. With modern signal
processing software, researchers are able to listen
to the sounds in real-time while viewing the spec-
tral patterns.

4.3.2 Fourier Transform

It turns out that any signal can be broken down
into a sum of sine waves with different
amplitudes, frequencies, and phases. This is
done by the Fourier transform, named after
French mathematician and physicist Joseph
Fourier. While the original signal can be
represented as a time series h(t) (e.g., sound pres-
sure p(t)) in the time domain, the Fourier trans-
form transforms the signal into the frequency
domain, where it is represented as a spectrum
H(f). The magnitude of H is the amount of that

frequency in the original signal. H(f) is a complex
function and the argument contains the phase of
that frequency. The inverse Fourier transform
recreates the original signal from its Fourier
components. For a continuous function with
t representing time and f representing frequency,
the Fourier transform is (i is the imaginary unit):

H fð Þ ¼
Z 1

�1
h tð Þe�2πiftdt

and the inverse Fourier transform is:

h tð Þ ¼
Z 1

�1
H fð Þe2πiftdf

While a sound wave might be continuous,
during digital recording or digitization of an ana-
logue recording, its instantaneous pressure is
sampled at equally spaced times over a finite
window in time. This results in a finite and dis-
crete time series. The equations for the discrete
Fourier transform are similar to the above, where
the integrals are replaced by summations. The fast
Fourier transform (FFT) is the most common
mathematical algorithm for computing the dis-
crete Fourier transform. In animal bioacoustics,
the FFT is the most commonly used algorithm to
compute the frequency spectrum of a sound. The
most common display of the frequency spectrum
is as a power spectrum. Here, the amplitudes H(f)
are squared and in this process, the phase infor-
mation is lost and, therefore, the original time
series cannot be recreated. If sufficient care is
taken to properly preserve the phase information,
it is not only possible, but often very convenient,
to transform a signal into the frequency domain
using the FFT, carry out processing (such as
filtering) in this domain, and then use an inverse
FFT to resynthesize the processed signal in the
time domain.

4.3.3 Recording and FFT Settings

Sounds in the various displays can look rather
different depending on the recording and analysis
parameters. There is no set of parameters that will
produce the best display for all sounds. Rather,
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the ideal parameters depend on the question being
asked, and it is important to have a thorough
understanding of each of the parameters or select-
able settings, and how they interact.

4.3.3.1 Sampling Rate
Microphones and hydrophones produce continu-
ous voltages in response to sounds. The voltage
outputs are termed analogue in that they are direct
analogues of the acoustic signal. Analogue-to-
digital converters sample the voltages of the sig-
nal and the level is expressed as a number (a digit)
for each of the samples. The sampling rate is the
number of samples per second and its unit is
1/s. The inverse is called the sampling frequency
(symbol: fs; unit: Hz). Music on commercial CDs
is digitized at 44.1 kHz (i.e., there are 44,100
samples stored every second). At high sampling
rates, the digital sound file becomes very large for
long-duration sound. The rate at which sounds are
sampled by a digital recorder is typically stored in
the header of the sound file. This file is a list of
numbers with each number being the sound pres-
sure at that sample point. Digital sound files are
an incomplete record of the original signal; the
intervals in the original signal between samples
are lost during digitizing. The result is that there is
a maximum frequency (related to the sampling
rate) that can be resolved during Fourier analysis.
Imagine a low-frequency sine wave. Only a few
samples are needed to determine its frequency
and amplitude and to recreate the full sine wave
(by interpolation) from its samples. Those few
samples might not be enough if the frequency is
higher.

4.3.3.2 Aliasing
Aliasing is a phenomenon that occurs due to
sampling. A continuous acoustic wave is digitally
recorded by sampling at a sampling frequency fs
and storing the data as a time series p(t). It turns
out that different signals can produce the identical
time series p(t) and are therefore called aliases of
each other. In Fig. 4.18, pblack(t) has a frequency
fblack ¼ 1 Hz, while pblue(t) has a frequency
fblue ¼ 9 Hz. A recorder that samples at fs ¼ 8 Hz
would measure the pressure as indicated by the
red circles from either the red or the blue time
series. Based on the samples only, it is impossible
to tell which was the original time series. In fact,
there is an infinite number of signals that fit these
samples. If f0 is the lowest frequency that fits
these samples, then the frequency of the nth alias
is fa(n), with n being an integer number:

f a nð Þ
f s

¼ f 0
f s

þ n

The most common problem of aliasing in
animal bioacoustics occurs if a high-frequency
animal sound is recorded at too low a sampling
frequency. After FFT, the spectrum or spectro-
gram displays a sound at an erroneously low
frequency. The Nyquist frequency (named after
Harry Nyquist, a Swedish-born electronic
engineer) is the maximum frequency that
can be determined and is equal to half the
sampling frequency. This requires some a
priori information of the sounds to be recorded
before a recording system is put together. The
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Fig. 4.18 Waveforms of a 1-Hz sine wave (black) and a
9-Hz sine wave (blue), both sampled 8 times per second
(i.e., fs¼ 8 Hz) as indicated by the red circles. Note that the

red samples fit either sine wave. In fact, there is an infinite
number of signals that fit these samples
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higher the sampling frequency is, the higher the
maximum frequency that can be accurately
digitized.

In praxis, in order to avoid higher frequencies
of animal sounds being erroneously displayed
and interpreted as lower frequencies, an anti-
aliasing filter is employed in the recording
system. This is a low-pass filter with a cut-off
frequency below the Nyquist frequency.
Frequencies higher than the Nyquist frequency
are thus attenuated, so that the effect of aliasing
is diminished.

An example of aliasing is given in Fig. 4.19.
Spectrograms of the same killer whale (Orcinus
orca) call are shown sampled at 96 kHz and at

32 kHz. Without an anti-aliasing filter, energy is
mirror-inverted or reflected about the Nyquist
frequency of 16 kHz in the second case.
Conceptually, energy is folded down about the
Nyquist frequency by as much as it was above the
Nyquist frequency.

4.3.3.3 Bit Depth
When a digitizer samples a sound wave (or the
voltage at the end of a microphone), it stores the
pressure measures with a limited accuracy. Bit
depth is the number of bits of information in
each sample. The more bits, the greater the reso-
lution of that measure (i.e., the more accurate the
pressure measure). Inexpensive sound digitizers

Fig. 4.19 Examples of folding (aliasing). Top: A killer
whale sound sampled at 96 kHz (a) and at 32 kHz (b)
(Wellard et al. 2015). If no anti-aliasing filter is applied,
frequencies above the Nyquist frequency (i.e., 16 kHz in
the right panel) will appear reflected downwards;

upsweeps greater than the Nyquist frequency appear as
downsweeps. Bottom: Humpback whale (Megaptera
novaeangliae) notes recorded with a sampling frequency
of 6 kHz, but without an anti-aliasing filter. Contours
above 3 kHz appear mirrored about the 3-kHz edge
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use 12 bits per sample. Commercially available
CDs store each sample with 16 bits of storage,
which allows greater accuracy in records of pres-
sure. Blue-ray discs typically use 24 bits per
sample. The more bits per sample, the larger the
sound file to be stored, but the larger the dynamic
range (ratio of loudest to quietest) of sounds that
can be captured.

4.3.3.4 Audio Coding
Audio coding is used to compress large audio
files to reduce storage needs. A common format
is MP3, which can achieve 75–95% file reduction
compared to the original time series stored on a
CD or computer hard drive. Most audio coding
algorithms aim to reduce the file size while
retaining reasonable quality for human listeners.
The MP3 compression algorithm is based on per-
ceptual coding, optimized for human perception,
ignoring features of sound that are beyond normal
human auditory capabilities. Playing MP3 files
back to animals might result in quite different
perception compared to the playback of the origi-
nal time series. Unfortunately, this is very often
ignored in animal bioacoustic experiments.
Lossless compression does exist (e.g., Free
Lossless Audio Codec, FLAC; see Chap. 2 on
recording equipment). For animal bioacoustics
research, it is best to use lossless compression or
none at all.

4.3.3.5 FFT Window Size (NFFT)
During Fourier analysis of a digitized sound
recording, a fixed number of samples of the origi-
nal time series is read and the FFT is computed on
this window of samples. The number of samples
is a parameter passed to the FFT algorithm and is
typically represented by the variable NFFT. If
NFFT samples are read from the original time
series, then the Fourier transform will produce
amplitude and phase measures at NFFT
frequencies. However, the FFT algorithm
produces a two-sided spectrum that is symmetri-
cal about 0 Hz and contains NFFT/2 positive
frequencies and NFFT/2–1 negative frequencies.
To compute the power spectrum, after FFT, the
amplitudes of all frequencies (positive and nega-
tive) are squared and summed. In the usual case of

a time series consisting of real (i.e., not complex)
numbers, the same result is obtained by doubling
the squared amplitudes of the positive frequencies
and discarding the negative frequencies. This
means that NFFT samples in the time domain
yield NFFT/2 measures in the frequency domain.
The FFT values, and therefore the power spec-
trum calculated from them, are output at a fre-
quency spacing:

Δf ¼ f s
NFFT

For example, if a sound recording was sam-
pled at 44.1 kHz and the FFT was computed over
NFFT ¼ 1024 samples, then the frequency
spacing would be 43.07 Hz and the power spec-
trum would contain 512 frequencies: 43.07 Hz,
86.14 Hz,. . ., 22,050 Hz. A different way of
looking at this is that the FFT produces spectrum
levels in frequency bands of constant bandwidth.
And the center frequencies in this example are
43.07 Hz, 86.14 Hz,. . ., 22,050 Hz. If there were
two tones at 30 Hz and 50 Hz, then the combina-
tion of recording settings ( fs ¼ 44.1 kHz) and
analysis settings (NFFT¼ 1024) would be unable
to separate these tones. Their power would be
added and reported as the single level in the
frequency band centered on 43.07 Hz. To sepa-
rate these two tones, a frequency spacing of no
more than 20 Hz is required. This is achieved by
increasing NFFT. To yield a 1-Hz frequency
spacing, 1 s of recording needs to be read into
the FFT; i.e., NFFT ¼ fs � 1 s.

As the NFFT increases, the frequency spacing
decreases, but at the cost of the temporal resolution.
This is because an increase in NFFT means that
more samples from the original time series are read
in order to compute one spectrum. More samples
implies that the time window over which the spec-
trum is computed increases. In the above example,
with fs ¼ 44.1 kHz, NFFT ¼ 1024 samples corre-
spond to a time window Δt of 0.023 s:

Δt ¼ NFFT
f s

¼ 1
Δf

While 44,100 samples last 1 s, 1024 samples
only last 0.023 s. The spectrum is computed over
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a time window of 0.023 s length. If the recording
contained dolphin clicks of 100 μs duration, then
the spectrum would be averaging over multiple
clicks and ambient noise. To compute the spec-
trum of one click, a time window of 100 μs is
desired and corresponds to NFFT ¼ fs �
100 μs ¼ 4. This is a very short window. The
resulting frequency spacing would be impracti-
cally coarse:

Δf ¼ f s
NFFT

¼ 44, 100 Hz
4

¼ 10, 000 Hz

There is a trade-off between frequency
spacing and time resolution in Fourier spectrum
analysis. This is often referred to as the Uncer-
tainty Principle (e.g., Beecher 1988):Δf�Δt¼ 1.
In spectrograms, using a large NFFT will result in
sounds looking stretched out in time, while a
small NFFT will result in sounds looking
smudged in frequency. The combination of
recording settings ( fs) and analysis settings

(NFFT) should be optimized for the sounds of
interest.

4.3.3.6 FFT Window Function
The computation of a discrete Fourier transform
over a finite window of samples produces spectral
leakage, where some power appears at
frequencies (called sidelobes) that are not part of
the original time series but rather due to the length
and shape of the window. If a window of samples
is read off the time series and passed straight into
the FFT, then the window is said to have rectan-
gular shape. The rectangular window function has
values of 1 over the length of the window and
values of 0 outside (i.e., before and after). The
window function is multiplied sample by sample
with the original time series so that NFFT values
of unaltered amplitude are passed to the FFT
algorithm. A rectangular window produces a
large number of sidelobes (Fig. 4.20).

Fig. 4.20 Comparison of some window functions (left) and their Fourier transforms (right) for (a) rectangular, (b) Hann,
(c) Hamming, and (d) Blackman-Harris windows
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Spectral leakage can be reduced by using
non-rectangular windows such as Hann, Ham-
ming, or Blackman-Harris windows. These have
values of 1 in the center of the window, but then
taper off toward the edges to values of 0. The
amplitude of the original time series is thus
weighted. The benefits are fewer and weaker
sidelobes, which result in less spectral leakage.

The smallest difference in frequency between
two tones that can be separated in the spectrum is
called the frequency resolution and is determined
by the width of the main lobe of the window
function. There is therefore a trade-off between
the reduction in sidelobes and a wider main lobe,
which results in poorer frequency resolution.

In order to not miss a strong signal or strong
amplitude at the edges of the window where the
amplitude is weighted by values close to
0, overlapping windows are used. Rather than
reading samples in adjacent windows, windows
commonly have 50% overlap. A spectrogram that
was computed with 50% overlapping windows
will have twice the number of spectrum columns
and appear to have finer time resolution. Each
spectrum column still has the same Δt as for a
spectrogram without overlapping windows, but
there will be twice as many spectrum columns
making the spectrogram appear finer in time.

Zeros can be appended to each signal block
(after windowing) to increase NFFT and therefore

reduce the frequency spacing Δf. This so-called
zero-padding produces a smoother spectrum but
does not improve the frequency resolution, which
is still determined by the shape of the window and
the duration of the signal to which the window
was applied.

4.3.4 Power Spectral Density
Percentiles and Probability
Density

When recording soundscapes on land or under
water, sounds fade in and out, from a diversity of
sources and locations. A soundscape is dynamic,
changing on short to long time scales (see
Chap. 7). The variability in sound levels can be
expressed as power spectral density (PSD)
percentiles. The nth percentile gives the level that
is exceeded n% of the time (note: in engineering,
the definition is commonly reversed). The 50th

percentile corresponds to the median level. An
example from the ocean off southern Australia is
shown in Fig. 4.21. The median ambient noise
level is represented by the thin black line and
goes from about 90 dB re 1 μPa2/Hz at 20 Hz to
60 dB re 1 μPa2/Hz at 30 kHz. The lowest thin
gray line corresponds to the 99th percentile. It gets
quieter than this only 1% of the time. Levels at
low frequencies (20–50 Hz) never drop below

Fig. 4.21 Percentiles of
ambient noise power
spectral densities measured
off southern Australia over
a year. Lines from top to
bottom correspond to the
following percentiles: 1, 5,
25, 50 (black), 75, 95,
and 99
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75 dB re 1 μPa2/Hz because of the persistent noise
from distant shipping.

These plots not only give the statistical level
distribution over time, but can also identify the
dominant sources in a soundscape based on the
shapes of the percentile curves. The hump from
100 Hz to lower frequencies is characteristic of
distant shipping. The more leveled curves at
mid-frequencies (200–800 Hz) are characteristic
of wind noise recorded under water. The median
level of about 68 dB re 1 μPa2/Hz corresponds to
a Sea State of 4. The hump at 1.2 kHz is charac-
teristic of chorusing fishes. While there are likely
other sounds in this soundscape at certain times
(e.g., nearby boats or marine mammals), they do
not occur often enough or at a high enough level,
to stand out in PSD percentile plots.

Probability density of PSD identifies the most
common levels. In Fig. 4.21, at 100 Hz, the most
common (probable) level was 75 dB re 1 μPa2/
Hz. This was equal to the median level at this
frequency. The red colors indicate that the median
levels were also the most probable levels. At mid-
to-high frequencies, the levels were more evenly
distributed (i.e., only shades of blue and no red
colors). The most probable levels are not neces-
sarily equal to the median levels. A case where
the most probable level (again from distant
shipping) was below the median (due to strong
pygmy blue whale, Balaenoptera musculus
brevicauda, calling) is shown in Fig. 4.6, and a
case where two different levels were equally
likely (due to two seismic surveys at different
ranges) is shown in Fig. 4.8, both of Erbe et al.
2016a.3 PSD percentile and probability density
plots (as well as other graphs) can be created for
both terrestrial and aquatic environments with the
freely available software suite by Merchant
et al. 2015.

4.4 Localization and Tracking

There are a few simple ways to gain information
about the rough location and movement of a

sound source. By listening in air with two ears,
we can tell the direction to the sound source and
whether it remains at a fixed location or
approaches or departs. From recordings made
over a period of time, the closest point of
approach (CPA) is often taken as the point in
time when mean-square pressure (or some other
acoustic quantity like particle displacement,
velocity, or acceleration) peaked (Fig. 4.22).

Whether a sound source is approaching or
departing can also be told from the Doppler
shift. As a car or a fire engine drives past and as
an airplane flies overhead, the pitch drops. In fact,
as each approaches, the frequency received by a
listener or a recorder is higher than the emitted
frequency, and as each departs, the received fre-
quency is lower than the emitted frequency.4 At
CPA, the received frequency equals the emitted
frequency. The time of CPA can be identified in
spectrograms as the point in time when the
steepest slope in the decreasing frequency
occurred as the sound source passed or as the
point in time when the frequency had decreased
half-way (Fig. 4.23). The Doppler shift Δf can
easily be quantified as

Δf ¼ v
c
f 0

where v is the speed of the source relative to a
fixed receiver, c is the speed of sound, and f0 is the
frequency emitted by the source (i.e., half-way
between the approaching and the departing
frequencies). From a spectrogram, not only the
CPA, but also the speed of the sound source can
be determined.

In the example of Fig. 4.23, one of the engine
harmonics dropped from 96 Hz to 64 Hz. So the
emitted frequency was 80 Hz and the Doppler
shift was 16 Hz. With a speed of sound in air of
343 m/s, the airplane flew at 70 m/s ¼ 250 km/h.
The interesting part of this example is that the
recorder was actually resting on the riverbed, in
1 m of water, and hence in a different acoustic
medium to the source. How this affects the results

3 https://www.acoustics.asn.au/conference_proceedings/
AASNZ2016/papers/p14.pdf; accessed 13 October 2020.

4 Doppler shift animations by Dan Russell: https://www.
acs.psu.edu/drussell/Demos/doppler/doppler.html;
accessed 13 October 2020.
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depends on the depth of the hydrophone relative
to the acoustic wavelength. In this particular
instance, the hydrophone was a small fraction of
an acoustic wavelength below the water surface
and the signal reached it via the evanescent wave
(see Chap. 6 on sound propagation). The evanes-
cent wave traveled horizontally at the in-air sound

speed, so it was the in-air sound speed that deter-
mined the Doppler shift. If the measurement had
been carried out in deeper water with a deeper
hydrophone, the signal would have been
dominated by the air-to-water refracted wave,
and the Doppler shift would have been deter-
mined by the in-water sound speed.

To accurately locate a sound source in space,
signals from multiple simultaneous acoustic
receivers need to be analyzed. These receivers
are placed in specific configurations, known as
arrays. Methods of localization are dependent on
the configuration of the receiver array, the acous-
tic environment, spectral characteristics of the
sound, and behavior of the sound source. There
are three broad classes of these methods:
time difference of arrival, beamforming, and
parametric array processing methods. The follow-
ing sections provide a condensed overview of the
three methods. For a comprehensive treatise,
please refer to the following: Schmidt 1986;
Van Veen and Buckley 1988; Krim and Viberg
1996; Au and Hastings 2008; Zimmer 2011;
Chiariotti et al. 2019.

Tracking is a form of passive acoustic moni-
toring (PAM), where an estimation of the behav-
ior of an active sound source is maintained
over time. Passive acoustic tracking has many
demonstrated applications in the underwater and
terrestrial domains.

Fig. 4.23 Spectrogram of an airplane flying over the
Swan River, Perth, Australia, into Perth Airport.
Recordings were made in the river, under water. The
closest point of approach occurred at about 18 s, when
the frequencies of the engine tone and its overtones
dropped fastest (Erbe et al. 2018)

35 40 45

110

120

130

140

B
ro

ad
ba

nd
 p

ow
er

 [d
B

]
35 40 45

100

110

120

130

140

B
ro

ad
ba

nd
 p

ow
er

 [d
B

]

35 40 45
Time [s]

80

90

100

110

120

B
ro

ad
ba

nd
 p

ow
er

 [d
B

]

35 40 45
Time [s]

75

80

85

90

95

100

105

B
ro

ad
ba

nd
 p

ow
er

 [d
B

]

a) b)

d)c)

Fig. 4.22 Graphs of (a)
square pressure [dB re
1 μPa2], (b) square particle
displacement [dB re 1 pm2],
(c) square particle velocity
[dB re 1 (nm/s)2], and (d)
square particle acceleration
[dB re 1 (μm/s2)2] as a
swimmer swims over a
hydrophone. The closest
point of approach is
identified as the time of
peak levels (i.e., at 42 s)
(Erbe et al. 2017a)
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4.4.1 Time Difference of Arrival

Localization by Time Difference Of Arrival
(TDOA) is a two-step process. The first step is
to measure the difference in time between the
arrivals of the same sound at any pair of acoustic
receivers. The second step is to apply appropriate
geometrical calculations to locate the sound
source. TDOA methods work best for signals
that contain a wide range of frequencies (i.e.,
have a wide bandwidth), which includes short
pulses, FM sweeps, and noise-like signals.

4.4.1.1 Generalized Cross-Correlation
TDOAs are commonly determined by cross-cor-
relation. The time series of recorded sound pres-
sure by two spatially separated receivers are
cross-correlated as a sliding dot product. This
means that each sample from receiver 1 is
multiplied with a corresponding sample from
receiver 2, and the products are summed over
the full length of the overlapping time series.
This yields the first cross-correlation coefficient.
Next, the time series from receiver 1 (red in
Fig. 4.24) is shifted by 1 sample against the time

series from receiver 2 (blue), and the dot product
is computed again (over the overlapping
samples), yielding the second cross-correlation
coefficient. By sliding the two time series against
each other (sample by sample) and computing the
dot product, a time series of cross-correlation
coefficients forms. A peak in cross-correlation
occurs when the time series have been shifted
such that the signal recorded by receiver 1 lines
up with the signal recorded by receiver 2. The
number of samples by which the time series were
shifted, divided by the sampling frequency of the
two receivers, is the TDOA.

Generalized cross-correlation is a common
way of determining TDOA. It is suitable for
localization in air and water in environments
with high noise and reverberation and can be
computed in either the time or frequency domains
(Padois 2018).

4.4.1.2 TDOA Hyperbolas
TDOAs are always computed between two
receivers (from a pair of receivers). Figure 4.25
sketches the arrangement of an animal A (at point
A) and two receivers (R1 and R2) in space. The
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Fig. 4.24 Determining TDOA by cross-correlation. Top:
Two 100-ms time series were recorded by two spatially
separated receivers. A signal of interest arrived 20 ms into
the recording at receiver 1 (red) and 40 ms into the record-
ing at receiver 2 (blue). The dot product (i.e., correlation

coefficient) is low. Bottom: The red time series is shifted
sample by sample against the blue time series and the dot
product computed over the overlapping samples. When
the signals line up, the correlation coefficient is maximum.
In this example, the TDOA was 20 ms
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distances A-R1 (mathematically noted as a line
connecting points A and R1 and then taking the
magnitude of it: j A R1 j ), A-R2, and R1-R2 are
shown as red lines. If A produces a sound that is
recorded by both R1 and R2, then the arrival time
at point R1 is equal to the distance A-R1, divided
by the speed of sound c, and the arrival time at R2

is equal to the distance A-R2, divided by the speed
of sound c. The TDOA is simply the difference
between the two arrival times:

TDOA ¼ j A R1 j � j A R2 j
c

It turns out mathematically that the animal can
be anywhere on the hyperboloid and the TDOA
will be the same. In other words, the TDOA
defines a surface (in the shape of a hyperboloid)
on which the animal may be located. With two
receivers in the free-field, the animal’s position
cannot be specified further. If there are
boundaries near the animal and/or receivers
(e.g., if a bird is tracked with receivers on the
ground), then the possible location of the animal
can be easily limited (i.e., the bird cannot fly
underground, eliminating half of the space).

Reflections off boundaries can also be used to
refine the location estimate. Finally, if one
deploys more than two receivers, TDOAs can be
computed between all possible pairs of receivers,
yielding multiple hyperboloids that will intersect
at the location of the animal.

4.4.1.3 TDOA Localization in 2
Dimensions

Localization in 2D space is, of course, simpler
than in 3D, though it might seem a little
contrived. In Fig. 4.26, the airport arrival flight
path goes straight over a home. TDOA is used to
locate (and perhaps track) each airplane. Two
receivers on the ground will yield the upper half
of the hyperbola in Fig. 4.25b as possible airplane
locations. We know the airplane cannot be under-
ground, but in terms of its altitude and range, two
receivers are unable to resolve these. A third
receiver in line with R1 and R2 is needed. With
three receivers in a line array, three TDOAs can
be computed and three hyperbolas can be drawn.
Any two of these hyperbolas will intersect at two
points: one above and one below the x-axis (i.e.,
above and below ground). Knowing that the

Fig. 4.25 Graphs of localization hyperbolas with two
receivers; (a) 3D hyperboloid and (b) 2D hyperbola (i.e.,
cross-section) in the x-z plane. A marks the animal’s

position; R1 and R2 mark the receiver positions. R2 is
hidden inside the hyperboloid in the 3D image
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airplane is above ground allows its position to be
uniquely determined. If there were no boundary
(i.e., ground in this case), an up-down ambiguity
would remain; the plane could be at either of the
two intersection points. Using more than three
receivers in a line array (and thus adding more
TDOAs and hyperbolas) will not improve the
localization capability as all hyperbolas will inter-
sect in the same two points: one above and one
below the array. The up-down ambiguity can be
resolved by using a 2D rather than 1D (i.e., line)
arrangement. If one microphone is moved away
from the line (as in Fig. 4.26b), the TDOA
hyperbolas will intersect in just one point: the
exact location of the airplane.

4.4.1.4 TDOA Localization in 3
Dimensions

The more common problem is to localize sound
sources in 3-d space; i.e., when the sound source
and the receivers are not in the same plane. Here,
a line array of at least three receivers will result in
hyperboloids that intersect in a circle. No matter
how many receivers are in the line array, all
TDOA hyperboloids will intersect in the same
circle. There is up-down and left-right, in fact,
circular ambiguity about the line of receivers.

This is a common situation with line arrays
towed behind a ship in search of marine fauna.

In order to improve localization, a fourth
receiver is needed that is not in line with the
others. With four receivers, three hyperboloids
can be computed that will intersect in two points:
one above the plane of receivers and one below,
yielding another up-down ambiguity. If the
receiver sits on the ground or seafloor, then one
of the points can be eliminated and the sound
source uniquely localized. Otherwise, a fifth
hydrophone is needed that is not in the same
plane as the other four, allowing general localiza-
tion in 3D space (Fig. 4.27).

The dimensions of an acoustic array used for
TDOA localization are determined by the
expected distance to the sound source and the
likely uncertainty in the TDOA measurements,
which is inversely proportional to the bandwidth
of the sounds being correlated. A rough estimate
of the TDOA uncertainty, δt (s), is δt � 1/BW
where BW is the signal bandwidth (Hz). The
corresponding uncertainty in the difference in
distances from the two hydrophones to the source
is then δd ¼ cδt where c is the sound speed (m/s).
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Fig. 4.26 Sketches of a three-microphone line array (a)
and a triangular array (b)

Fig. 4.27 Sketches of seafloor-mounted arrays with 4 (a)
and 5 (b) hydrophones
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When a sound source is far away from an array
of receivers, the TDOAs can still be used to
determine the direction of the sound source
but any estimate of its distance will become
inaccurate.

4.4.2 Beamforming

TDOA methods give poor results for sources
that emit narrow-bandwidth signals such as con-
tinuous tones (e.g., some sub-species of blue
whale) and can also be confounded in situations
where there are many sources of similar signals in
different directions from the array (e.g., a fish
chorus). However, a properly designed array can
be used to determine the direction of narrowband
sources and can also determine the directional
distribution of sound produced by multiple,
simultaneously emitting sources using a
processing method called beamforming. If two
or more spatially separated arrays can be
deployed, then the directional information they
produce can be combined to obtain a spatial
localization of the source. Alternatively, if the
source is known to be stationary, or moving suf-
ficiently slowly, localization can be achieved by
moving a single array, for example by towing it
behind a ship.

For the convenient, and hence commonly used
case of an array consisting of a line of equally
spaced hydrophones, beamforming requires the
hydrophone spacing to be less than half the
acoustic wavelength of the sound being emitted
by the source. Also, the accuracy of the bearing
estimates improves as the length of the array
increases. These two factors combined mean
that a useful array for beamforming is likely to
require at least eight hydrophones, and even that
would give only modest bearing accuracy. Con-
sequently, 16-element or even 24-element arrays
are commonly deployed in practice. A straight-
line array used for beamforming suffers from the
same ambiguity as a TDOA array in which all the
hydrophones are in a straight line. As in the
TDOA case, this ambiguity can be countered by
offsetting some of the hydrophones from the
straight line, however beamforming requires the

relative positions of all the hydrophones to be
accurately known, so this is not always easy to
achieve in practice.

Beamforming itself is relatively simple
conceptually, but there are many subtleties (for
details, see Van Veen and Buckley 1988; Krim
and Viberg 1996). As for TDOA methods, the
starting point is that when sound from a distant
source arrives at an array of hydrophones, it will
arrive at each hydrophone at a slightly different
time, with the time differences depending on the
direction of the sound source. The simplest type
of beamformer is the delay and sum beamformer
in which the array is “steered” in a particular
direction by calculating the arrival time
differences corresponding to that direction,
delaying the received signals by amounts that
cancel out those time differences, and then adding
them together. This has the effect of reinforcing
signals coming from the desired direction, while
signals from other directions tend to cancel out.
This isn’t a perfect process and the array will still
give some output for signals coming from other
directions. The relative sensitivity of the
beamformer output to signals coming from differ-
ent directions can be calculated and gives the
beam pattern of the array. The beam pattern of a
line array depends on the steering direction, with
the narrowest beams occurring when the array is
steered at right-angles to the axis of the array
(broadside), and the broadest beams when steered
in the axial direction (end-fire). There are a num-
ber of other beamforming algorithms that can
give improved performance in particular
circumstances; see the above references for
details.

4.4.3 Parametric Array Processing

The array requirements for parametric array
processing methods are similar to those for
beamforming, but these methods attempt to cir-
cumvent the direct dependence of the angular
accuracy on the length of the array (in acoustic
wavelengths) that is inherent to beamforming. A
summary of these methods can be found in Krim
and Viberg (1996). One of the earliest and best
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known parametric methods is the multiple signal
classification (MUSIC) algorithm proposed by
Schmidt 1986. These methods can give more
accurate localization than beamforming in
situations where there is a high signal-to-noise
ratio and a limited number of sources, however
they are significantly more complicated to imple-
ment and more time-consuming to compute. They
also rely on more assumptions and are more sen-
sitive to errors in hydrophone positions than
beamforming.

4.4.4 Examples of Sound Localization
in Air and Water

Passive acoustic localization in air poses logisti-
cal challenges with sound attenuating more rap-
idly in air than in water. This is an issue when
localizing sound sources in open environments,
as suitable recordings can only be collected if the
microphone array is positioned closely around the
source with localization error increasing with
distance.

Sound source localization in the terrestrial
domain is generally undertaken using one of
three methods. Firstly, TDOA is perhaps most
commonly applied to wildlife monitoring, includ-
ing birds (McGregor et al. 1997) and bats (e.g.,
Surlykke et al. 2009; Koblitz 2018). Secondly,
beamforming is more often utilized in environ-
mental noise measurement and management (e.g.,
Huang et al. 2012; Prime et al. 2014; Amaral et al.
2018). Thirdly, the perhaps less common MUSIC
approach has been utilized in bird monitoring and
localization in noisy environments (Chen et al.
2006).

Under water, both fixed and towed hydro-
phone arrays are common. TDOA is the most
common approach in the case of localizing
cetaceans (Watkins and Schevill 1972; Janik
et al. 2000) and fishes (Parsons et al. 2009;
Putland et al. 2018). Under specific conditions,
one or two hydrophones may suffice to localize a
sound source by TDOA.

Multi-path propagation in shallow water may
allow localization with just one hydrophone.
TDOAs are computed between the surface-

reflected, seafloor-reflected, and direct sound
propagation paths yielding both range and depth
of the animal (Fig. 4.28), while not being able to
resolve circular symmetry (Cato 1998; Mouy
et al. 2012).

Using TDOAs in addition to differences in
received intensity (when the source is located
much closer to one of two receivers) may allow
localization in free space to a circle between the
two receivers and perpendicular to the line of two
receivers (Cato 1998), see Fig. 4.29.

Beamforming is an established method for
localizing soniferous marine animals (Miller and
Tyack 1998) and anthropogenic sound sources
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Fig. 4.28 Sketch of localization in shallow water using a
single hydrophone (Cato 1998)
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Fig. 4.29 Sketch of two hydrophones localizing a fish in
3D space with circular ambiguity using TDOA and inten-
sity differences (Cato 1998)
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such as vessels (Zhu et al. 2018). A MUSIC
approach to localization also has applications in
the underwater domain, having previously been
used for recovering acoustically-tagged artifacts
by autonomous underwater vehicles (AUVs)
(Vivek and Vadakkepat 2015).

Finally, target motion analysis involves mark-
ing the bearing to a sound source (from direc-
tional sensors or a narrow-aperture array)
successively over time. If the animal calls fre-
quently and moves slowly compared to the obser-
vation platform, successive bearings will intersect
at the animal location (e.g., Norris et al. 2017).

4.4.5 Passive Acoustic Tracking

Passive acoustic tracking is the sequential locali-
zation of an acoustic source, useful for monitor-
ing its behavior. Such behavior includes kinetic
elements (e.g., swim path and speed) and acoustic
elements (such as vocalization rate and type). In
praxis, the process is a bit more complicated than
just connecting TDOA locations over time.
Animals will be arriving and departing; there

may be more than one animal vocalizing; any
one animal will have quiet times between
vocalizations. So, TDOA locations need to be
joined into tracks; tracks need to be continued;
old tracks need to be terminated; new tracks need
to be initiated; tracks may need to be merged or
split. Different algorithms have been developed to
aid this process, with Kalman filtering being com-
mon (Zimmer 2011; Zarchan and Musoff 2013).

While radio telemetry has historically been the
primary approach to terrestrial animal tracking, pas-
sive acoustic telemetry has grown in popularity as
more animals can bemonitored non-invasively (e.g.,
McGregor et al. 1997; Matsuo et al. 2014). Passive
acoustic tracking in water is a well-established
method of monitoring the behavior of aquatic
fauna, including their responses to environmental
and anthropogenic stimuli (e.g., Thode 2005;
Stanistreet et al. 2013). Both towed and moored
arrays are used, with towed arrays providing greater
spatial coverage in the form of line-transect surveys.

4.5 Symbols and Abbreviations
(Table 4.10)

Table 4.10 Most common quantities and abbreviations in this chapter

Quantity Abbreviation Symbol Unit

Frequency f Hz
Sampling frequency fs Hz
Wavelength λ m
Speed of sound c m/s
Particle velocity u m/s
Period of oscillation τ s
Time variable t s
Sound pressure p(t) Pa
Peak sound pressure ppk Pa
Peak-to-peak sound pressure ppk-pk Pa
Root-mean-square sound pressure prms Pa
Sound pressure level SPL Lp dB re 1 μPa or 20 μPa
Peak sound pressure level SPLpk Lp,pk dB re 1 μPa or 20 μPa
Radiated noise level RNL LRN dB re 1 μPa m or 20 μPa m
Sound exposure level SEL LE,p dB re 1 μPa2s or 400 μPa2s
Source level SL LS dB re 1 or 20 μPa m
Number of Fourier components NFFT
Power spectral density level PSD Lp,f dB re 1 μPa2/Hz or 400 μPa2/Hz
Time difference of arrival TDOA s
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4.6 Summary

This chapter presented an introduction to acous-
tics and explained the basic quantities and
concepts relevant to terrestrial and aquatic animal
bioacoustics. Specific terminology that was
introduced includes sound pressure, sound expo-
sure, particle velocity, sound speed, longitudinal
and transverse waves, frequency modulation,
amplitude modulation, decibel, source level,
near-field, far-field, frequency weighting, power
spectral density, and one-third octave band level,
amongst others. The chapter further introduced
basic signal sampling and processing concepts
such as sampling frequency, Nyquist frequency,
aliasing, windowing, and Fourier transform. The
chapter concluded with an introductory treatise of
sound localization and tracking, including time
difference of arrival and beamforming.
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