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In loving memory of

Jeanette A. Thomas,

A pioneer of animal bioacoustics,
A role model, mentor, colleague,
And dear friend to many of us.
We miss you, Jeanette.



The idea for this textbook on Animal Bioacoustics was Jeanette’s. She reached
out to bioacousticians working on the different animal taxa and received great
interest in this book. Experts from around the globe joined her effort, devel-
oping chapters on bioacoustic studies on the diverse animal taxa, from
invertebrates and insects, to amphibians, reptiles, fishes, birds, and mammals.
It soon became obvious that the developing chapters relied on common
background knowledge, techniques, and terminology. The need for a volume
on methods to precede the volume on taxon-specific bioacoustic studies was
identified and this is when I came onboard.

In this volume, Chapter 1 presents a brief history to bioacoustic recording
and equipment. Chapter 2 provides guidance on choosing and calibrating
equipment. Chapter 3 explains how to collect bioacoustic data in the field
and laboratory, and what metadata are important to document. Chapter 4
introduces basic acoustic concepts, standard terminology, quantities and units,
and basic signal processing methods. Chapter 5 delves into the source—path—
receiver model, applied to terrestrial bioacoustic studies, with a comprehen-
sive treatise of sound propagation in terrestrial environments. Chapter 6 is
devoted to the intricacies of sound propagation under water. Chapter 7
explores terrestrial and aquatic soundscapes and introduces basic analysis
tools. Chapter 8 gives an overview of software algorithms for automated
detection and classification of animal sounds. Chapter 9 unravels analytical
and statistical methods for analyzing bioacoustic data. Chapter 10 presents
behavioral and physiological methods for studying animal hearing. The final
three chapters apply the tools presented in the first ten chapters to taxon-
overarching topics. Chapter 11 explores animal acoustic and vibrational
communication. Chapter 12 provides an overview of echolocation in bats,
dolphins, birds, and shrews. And Chap. 13 gives examples of the effects of
noise on animals.

The intended audience includes students and researchers of animal ecology
and, specifically, animal behavior, who wish to add acoustics to their toolbox.
Environmental managers in industry and government, members of
non-governmental organizations concerned with animal conservation, and
regulators of noise might equally find the book useful. The book will
empower its readers to understand and apply the bioacoustic research litera-
ture, design their own studies in the field and laboratory, avoid common
pitfalls and mistakes, choose appropriate equipment, apply different data
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analysis methods, correctly interpret their data, adequately archive data for
future applications, and apply their results to management and conservation.

I would like to thank Keith Attenborough, Jay Barlow, Ross Chapman,
Russ Charif, Kurt Fristrup, Karl-Heinz Frommolt, Bob Gisiner, Alan Grinnell,
Shane Guan, Shizuko Hiryu, Dorian Houser, Vincent Janik, Colleen LePrell,
Peter Narins, Eric Rexstad, James Simmons, Hans Slabbekoorn, and Meta
Virant-Doberlet for reviewing one or more chapters in this volume.

A special thank-you goes to Lars Koerner at Springer Verlag in Heidelberg
for his emotional, technical, and editorial support throughout the years, in
particular the final year.

Open access to this book was mostly funded by the Richard Lounsbery
Foundation, as a contribution to the International Quiet Ocean Experiment.
The remainder of fees was covered by the Centre for Marine Science and
Technology at Curtin University, the Cornell Lab of Ornithology, and
I’Université de Toulon. Thank you!

Jeanette A. Thomas was a pioneer of animal bioacoustics. She successfully
straddled both terrestrial and aquatic worlds, studying animals from the
tropics to the poles. This book is a testament to her legacy.

Perth, WA Christine Erbe
September 2021
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Gianni Pavan, Gregory Budney, Holger Klinck, Hervé Glotin,
Dena J. Clink, and Jeanette A. Thomas

1.1 Introduction

For centuries, scientists have recognized the
importance of documenting human, animal, and
environmental sounds. However, in recent
decades, the field of bioacoustics has experienced
an exceptional period of growth, primarily
boosted by the rapid development of new
technologies and methods to record and analyze
acoustic signals. The most significant revolution
in the field was the introduction of digital record-
ing, data storage, and analysis technologies that
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reached the consumer market around 1980 with
the introduction of the compact disc (CD). In the
“analog days,” researchers had to carry bulky and
heavy equipment and batteries to field locations;
recording duration was often limited by excessive
tape and battery consumption.

Researchers produced hardcopies of sound
displays using a Kay Sona-Graph™ machine
and spliced together sonograms to generate
figures for publication. Initially, frequency and
time measurements were taken from these
hardcopies using a regular ruler, and signals or
sound events of interest were identified manually
by listening human observers. As a result, studies
using bioacoustics-based approaches were sparse.
Now, researchers struggle to keep up with the
ever-increasing number of studies using bio-
acoustics made possible by the accessibility,
affordability, and extended recording capabilities
of current equipment.

This chapter is a compilation of the authors’
collective experiences in the field of bioacoustics,
with each author having considerable experience
studying the sounds of vocal animals across a
myriad of terrestrial and aquatic environments.
Even considering the drawbacks of the “good
old days” of bioacoustics research, the authors
concur they were incredibly fortunate to have a
career studying fascinating animal sounds. As
recording and analysis technologies improved,
the types of information that could be extracted
from recordings of animal sounds increased. Pres-
ently, species-level identification is possible in
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most cases, and depending on the focal animals
the age, sex, reproductive status, behavior, activ-
ity patterns, and even health of an individual may
be estimated from acoustic recordings. Acoustic
data can be used to estimate the population den-
sity of vocal animals, and dialects can indicate the
geographic boundaries of a population. However,
density estimation by acoustics is still in its
infancy, and will require further advancement in
the spatial analysis of the acoustic environment
by using multiple sensors to become reliable and
widely applicable. At the community level, the
entire acoustic environment or soundscape can be
used to estimate species abundance and biodiver-
sity. Changes in vocal behavior can be indicative
of environmental stressors, such as anthropogenic
noise or habitat degradation (Pavan 2017).

Originally, sounds of terrestrial animals were
studied with equipment and methods developed
for military needs, human speech analysis, and
music processing (Koenig et al. 1946; Potter et al.
1947; Marler 1955). Later, scientists became
interested in the sounds of aquatic animals, and
underwater research was facilitated by
technologies used by the navies to monitor the
noise made by ships and submarines. Because of
the frequency limitations of transducers (i.e.,
microphones and hydrophones), recorders, and
analysis equipment, most initial bioacoustic
research was conducted in the sonic range (i.e.,
the frequency range audible to humans: 20 Hz—
20 kHz). Even in the early stages of the digital
revolution, both recorders and analysis equipment
were generally limited to audible frequencies.

A major hurdle for collecting field recordings
was the large size and weight of early analog
equipment, along with high power consumption,
which resulted in limited recording time. The
development of smaller, lightweight recording
devices made the collection of acoustic data sig-
nificantly easier. Currently, with the advent of
small digital recorders with large solid-state
memories, anyone including researchers,
professionals, and amateurs can collect large
amounts of high-quality acoustic data continu-
ously over extended periods. However, when
using handheld recorders, the potential influence
of the human observer on the animals’ acoustic
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behavior is a concern. Through the development
and use of autonomous recorders, video cameras,
and acoustic animal tags, human observer effects
can be minimized, and unsupervised data collec-
tion over extended periods (days to months) and
in remote locations is now possible.

In this chapter, we describe the history of the
development of transducers, recorders, and sound
analyzers, along with the advances that these
developments facilitated in the field of bioacous-
tics. Recording equipment can now capture a
wide range of frequencies, from infrasounds to
ultrasounds (sounds below and above the range of
human hearing, respectively), and are used in a
wide range of applications, from the study of
individuals and  populations to  entire
soundscapes. The digital revolution in sound
recording and analysis allowed for significant
advances in the field of bioacoustics (Obrist
et al. 2010) and resulted in the development of
new disciplines, such as computational bioacous-
tics (Frommolt et al. 2008), acoustic ecology,
soundscape ecology (Pijanowski et al. 2011a, b;
Farina 2014), and ecoacoustics (Farina and Gage
2017). An overview of acoustic principles and the
evolution of sound recording systems for musical
applications is given in Rumsey and McCormick
(2009) and in Rossing (2007).

1.2  Advances in Recorders

The most significant advancement in recording
technology was the switch from analog-to-digital
devices. A reduction in size and weight of the
recorder, extended battery life, rechargeable
batteries, more stable and larger capacity storage
media, broader frequency range, and accessibility
of a computer interface accompanied this transi-
tion. Together, these advances provided
bioacousticians with an adaptable system for
recording a variety of species, greater field porta-
bility, and generally more affordable high-quality
equipment.

To understand the basic differences between
analog and digital recorders, a clear explanation
of the terms is necessary. Humans perceive the
world in analog; this means that everything is
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seen and heard as a continuous flow of informa-
tion. In contrast, digital information estimates
analog data by taking samples at discrete intervals
and describing the sample values as a finite num-
ber represented by binary coding (Pohlmann
1995). For instance, while a vinyl record player
(phonograph) is analog, a CD player is digital. A
phonograph converts groove modulation from a
vinyl record into a continuous electrical signal,
whereas a CD player reads a pit structure that is
interpreted as a series of ones and zeros (bits) that
is typical of binary coding. Likewise, a video
cassette recorder (VCR) is analog, yet a digital
videodisc (DVD) player is digital. A VCR reads
audio and video data from a tape as a continuous
variation of magnetic information, whereas a
DVD player reads ones and zeros from a disc
similar to a CD.

Digital devices can approximate analog audio
or video signals with an accuracy level that is
dependent on both sampling rate and bit depth
(or the number of bits in each sample). The
Shannon-Nyquist sampling theorem proves that,
for a given frequency range, a sampling rate at
least twice that of the highest frequency can cap-
ture all information in that frequency band,
enabling perfect reconstruction of the analog
waveform.

With proper sampling, analog signals can be
transformed in the digital domain at a level that
makes them indistinguishable from the original.
A significant advantage of digital data is that it
can be stored and manipulated more easily than
analog recordings. With analog recorders, each
copy produces a little degradation that
accumulates through multiple successive copies.
Analog tapes are also prone to degradation with
time. Digital copies are a perfect duplication that
is indistinguishable from the original, unless spe-
cific data codes are added to identify them. More
importantly, digital recordings can be directly
transferred to a computer for processing or trans-
ferred through the Internet to be shared among
different laboratories. If researchers want to trans-
fer audio or video files from old analog tapes so
they can be recognized and processed by a com-
puter, they must use a sound interface based on an
analog-to-digital converter (AD-converter) to

digitize the analog signal and transform it into a
sequence of numbers.' For playing back sounds
from a computer, a sound interface with a digital-
to-analog converter (DA-converter) is required.
Next, we outline a brief history of the evolution
of analog and digital recording devices. For more
detail on digital recording technologies, see
Pohlmann 1995.

1.2.1  Analog Recorders

The first purported sound recording was made by
Edouard-Léon Scott de Martinville and dates
back to 1860. The recording was just a few
seconds in duration and was made using a
phonautograph. The phonautograph has a vibrat-
ing stylus, which moves on soot-covered paper to
draw the sound waveform.” It was invented in
1857, and although it could record sounds, it
never evolved to allow reproduction of the
recorded sound.

In the 1870s, Thomas Edison invented the
wax-cylinder recorder (Figs. 1.1 and 1.2), which
had a vibrating diaphragm that was mechanically
linked to a needle that sculpted grooves. It was
initially recorded on aluminum foil and then on a
wax layer covering the cylinder, as it was slowly
rotated and translated on a screw axis. This device
encoded the sound vibrations into modulations of
the groove and then allowed playback of the
recorded vibrations through the same needle-
membrane system.

According to Ranft (2001), the first known
recordings of animal sounds (a caged Indian
bird, the Common Shama) were made in
Germany in 1889 on an Edison wax-cylinder.
One of the first known scientific studies of animal
sounds occurred in 1892 when Richard Lynch
Garner recorded primates on vax cylinders at a
zoo in the USA (Garner 1892). Garner also

! Analog Definition and Meaning: www.webopedia.com/
TERM/A/analog.html; accessed 24 Oct 2021.

2 The Phonautograms of Edouard-Léon Scott de
Martinville: http:/www.firstsounds.org/sounds/scott.php;
accessed 24 Oct 2021.
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Fig. 1.1 Thomas Alva Edison and his phonograph.
Image source: https://commons.wikimedia.org/wiki/File:
Edison_and_phonograph_edit2.jpg, by Levin C. Handy

experimented with the playback of the recordings
to observe the primates’ reactions.

The first flat disc was invented in the late
1870s, which provided an advantage over previ-
ous technology as the discs could be easily
replicated. Then in 1887, Emile Berliner patented
a variant of the phonograph, named the gramo-
phone, which used flat discs instead of spinning
cylinders (Fig. 1.3). Sounds were recorded on
a disc as modulated grooves, with a system
similar to the one developed by Edison for
wax-cylinders. The first published recording of a

http://loc.gov/pictures/resource/cwpbh.04044/),

(per
public domain, Wikimedia Commons

bird sound was issued in 1910 in Germany, and
the first radio broadcast of a singing bird was in
Britain in 1927 (Ranft 2001).

Lademar Poulsen, a Danish engineer, invented
the telegraphone or wire recorder in 1898
(Poulsen 1900). Wire recorders were the first
magnetic recording devices, and they utilized a
thin metallic wire, which passed across an elec-
tromagnetic recording head. Each point along the
wire was magnetized based on the intensity and
polarity of the signal in the recording head. Wire
recorders often had problems with kinks in the
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Fig. 1.2 Photographs of an Edison’s wax-cylinder player
(left) and a wax-cylinder recording (right). Image sources:
(left) https://commons.wikimedia.org/wiki/File:
EdisonPhonograph.jpg, by Norman Bruderhofer, www.
cylinder.de, CC BY-SA 3.0 http://creativecommons.org/

wires, but editing was relatively easy as sections
of wire could simply be cut out.

In the early 1900s, RCA Victor developed the
Victrola, which played records or albums that
were readily available to the general public.
Sounds were recorded as modulated grooves on
a disc, and this disc was used to produce a master
metallic plate where the grooves appeared as
ridges. Albums were then produced for distribu-
tion by molding copies using the master plate and
Bakelite (or synthetic plastic) material. In 1920,
AT&T invented the Vitaphone, which recorded
and reproduced sounds as optical soundtracks on
photographic film; the film impression was made
with a thin beam of light modulated by the sound.

Arthur Allen, the founder of Cornell
University’s Laboratory of Ornithology, and
Peter Kellogg made the first recordings of wild
birds in 1929 at a city park in Ithaca, NY, USA.
Albert R. Brand (a graduate student of Allen) and
M. Peter Keane built the first equipment for
recording in the field. Together, they recorded
over 40 bird species within the first two years.
With World War I parabola molds available from
the Physics Department, Keane and True McLean
(a professor in Electrical Engineering at Cornell)
constructed a parabolic reflector to improve

licenses/by-sa/3.0/, via Wikimedia Commons; (right)
https://commons.wikimedia.org/wiki/File:Bettini_1890s_
brown_wax_cylinder.jpg, by Jalal Gerald Aro, CCBY-SA
2.0 https://creativecommons.org/licenses/by-sa/2.0, via
Wikimedia Commons

recording of bird songs in the field® (Ranft
2001). In those years, Theodore Case of Fox
Case Corporation approached Arthur Allen to
record singing wild birds and demonstrate the
sound-synchronized film technology. Under the
guidance of Allen, a Fox Case Corporation crew
filmed and recorded the songs of wild birds in
North America (Little 2003). Today, two of those
recordings can be heard on the Macaulay Library
website.* After a successful campaign with the
Fox Case film crew, Allen and his colleague Peter
Paul Kellogg recorded the sounds of wildlife for
research and education purposes. The Library of
Natural Sounds (now known as the Macaulay
Library) began in 1930 at the Cornell Laboratory
of Ornithology. In 1932, Allen and Kellogg used
visual and audio recordings to demonstrate to the
American Ornithological Union that the ruffed
grouse (Bonasa umbellus) produced drumming
sounds (Little 2003). In 1935, Cornell biologists

3 Macaulay Library: Early milestones (1920-1950):
https://www.macaulaylibrary.org/about/history/early-
milestones/; accessed 24 Oct 2021.

4 Macaulay Library: listen to recordings of Rose-breasted
Grosbeak https://macaulaylibrary.org/asset/16968 and a
Song Sparrow https://macaulaylibrary.org/asset/16737;
accessed 11 Oct 2021.
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Fig. 1.3 Emile Berliner with disc record gramophone —
between 1910 and 1929. Image source: https://commons.
wikimedia.org/wiki/File:Emile_Berliner_with_disc_

carried out an expedition to record the sounds of
vanishing bird species, including the ivory-billed
woodpecker (Campephilus  principalis), for
which they used a mule-drawn wagon to transport
recording equipment into the field (Fig. 1.4).
Even with limited space and harsh conditions,
Alton Lindsay, in 1934, took a phonograph
recorder on the Little America Expedition to
Antarctica and made recordings of airborne
sounds from Weddell seals (Leptonychotes
weddellii), available today at the Smithsonian
Institution.

In the late 1930s, a German company invented
the Magnetaphone, which was based on the same

5 Macaulay Library: listen to the ivory-billed woodpecker
recording made with an optical film recorder https:/
macaulaylibrary.org/asset/6784; accessed 11 Oct 2021.

record_gramophone_-_between_1910_and_1929.jpg,
National Photo Company Collection (Library of
Congress), public domain, via Wikimedia Commons

principle as the magnetic wire recorder, but
instead of wire, it had long, thin strips of paper
impregnated with fine particles of iron oxide that
were drawn across an electromagnetic head. After
World War II, the American company Ampex
perfected the German technology by replacing
paper with a thin plastic film. For almost
50 years, reel-to-reel magnetic tape was the stan-
dard media for use on recorder/playback devices
(Fig. 1.5). Reel-to-reel recorders (or open-reel
recorders) used variable tape speeds to record
different frequency ranges, with faster recording
speeds providing higher-frequency recordings.
Another American company, a contemporary of
Ampex, the Amplifier Corporation of America,
was one of the first companies to develop a truly
portable reel-to-reel recorder, the Magnemite
610, which was introduced in 1951 and was


https://commons.wikimedia.org/wiki/File:Emile_Berliner_with_disc_record_gramophone_-_between_1910_and_1929.jpg
https://commons.wikimedia.org/wiki/File:Emile_Berliner_with_disc_record_gramophone_-_between_1910_and_1929.jpg
https://commons.wikimedia.org/wiki/File:Emile_Berliner_with_disc_record_gramophone_-_between_1910_and_1929.jpg
https://macaulaylibrary.org/asset/6784
https://macaulaylibrary.org/asset/6784

1 History of Sound Recording and Analysis Equipment 7

) Sk
. WTR IS

Fig. 1.4 Photograph of ornithologist Peter Paul Kellogg  Tract, Madison Parish, Louisiana. Image by Arthur
in 1935 in a mule-drawn wagon used to haul an amplifier =~ A. Allen courtesy of the Cornell Laboratory of
(center) and optical film recorder (on the right) to capture ~ Ornithology

the sounds of ivory-billed woodpeckers in the Singer

Fig. 1.5 Open-reel recorder made by AEG (1939). Image BY-SA 3.0 https://creativecommons.org/licenses/by-sa/
source: https://commons.wikimedia.org/wiki/File:AEG_ 3.0, via Wikimedia Commons
Magnetophon_K4_1939.jpg, by Friedrich Engel, CC
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Fig. 1.6 Photograph of an
early 1950s field recording
system. Peter Paul Kellogg
with an Amplifier
Corporation of America
Magnemite 610 reel-to-reel
tape recorder and a Western
Electric 633 microphone
mounted in a parabolic
reflector. Courtesy of the
Cornell Laboratory of
Ornithology

used by many pioneers in the field of bioacous-
tics. Figure 1.6 shows Peter Paul Kellogg using a
1950s Magnemite 610 recorder with a Western
Electric 633 microphone mounted in a parabolic
reflector.

Initially, tape recordings were mono
recordings with one soundtrack on the tape. Ste-
reo recording techniques (providing two record/
playback channels) were developed in the 1960s.
Initially, these recorders were bulky and not field
portable. Then, portable open-reel recorders were
developed for the rapidly developing outdoor
recording needs of the radio, music, and film
industries. Stereophonic recorders allowed the
recording of two synchronous signals on parallel
tracks onto one tape. In bioacoustics applications,
often one track was used by the recordist for
comments and the second track for recording
animal sounds.

In the 1970s and 1980s, the most common
reel-to-reel recorders used by bioacousticians
were the Nagra III and IV series and the Uher
4000 series. They offered multiple recording and
playback speeds (depending on the models, 3.75,
7.5, 15, or 30 inches per second), were relatively
lightweight, ruggedized, and battery powered,

which meant they were better suited for field
studies. Eventually, recorders had even more
channels (as many as 24 in some music-recording
studios), which enabled scientists to record and
playback signals simultaneously from more than
one acoustic sensor.

Recorders were also developed to record a
wide range of frequencies. Studies by Griffin
(1944), Sales and Pye (1974), and Au (1993),
provided evidence that animals (bats and
dolphins) produce a wide range of ultrasonic
signals. The first recordings of ultrasonic echolo-
cation signals from bats and dolphins were made
on expensive dedicated tape recorders at very fast
tape speed (60 and 120 inches per second).
Among them, the RACAL Store4DS recorder
was used in the 1980s and 1990s, and it provided
tape speed up to 60 inches per second to record
frequencies up to 300 kHz. It was battery
powered and reasonably portable. However, the
limited data storage capacity of these magnetic
reels meant that the recordings lasted only a few
minutes.

In 1964, Philips introduced the compact cas-
sette tape, which was comprised of a small plastic
case holding two small reels with 1/8-inch wide
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Fig. 1.7 Left: Photograph of a semi-professional stereo
cassette recorder Marantz CP430 used by nature recordists
until the last decade of the twentieth century. Right: Pho-
tograph of a mono cassette recorder (Philips K7, 1968)
with microphone and cassette inside. Image source:

magnetic tape running at 4.75 cm/s (1.875 inches
per second). In the 1970s, analog cassette
recorders, which could easily record and playback
sounds, became available at affordable prices, but
were used primarily for music and human speech,
and were thus limited in frequency to the human
hearing range. These recorders (Fig. 1.7) were
much smaller and less expensive than reel-to-
reel devices. Cassette tapes could record up to
one hour on each side of the cassette (typical
total recording duration was either 60, 90, or
120 min), but tapes were very thin and fragile,
which made them prone to print-through (the
magnetic transfer of a recorded signal to adjacent
layers of tape). In 1976, Sony introduced, with
little success, the Elcaset, a bigger cassette with
1/4-inch tape running at 9.5 cm/s. Today, how-
ever, it is almost impossible to find new reel-to-
reel or cassette tapes as there are very few
manufacturers of these media.

One of the advantages of tape recording was
the possibility to play back the tapes at a speed
lower or higher than the original recording speed.
This way it was possible to lower the frequency
of recorded ultrasonic signals to the human
hearing range, thus making them audible (and
longer in duration); conversely, recordings of
infrasounds were played at higher speed to
make them audible (and shorter in duration).

https://commons.wikimedia.org/wiki/File:Philips_
EL3302.jpg, by mib18 at German Wikipedia, CC BY-SA

3.0 http://creativecommons.org/licenses/by-sa/3.0/, via

Wikimedia Commons

The same trick can now be done easily with
digital systems. Playbacks are a commonly used
experimental approach in bioacoustics, wherein
previously recorded sounds are broadcast to the
animals of interest. Many playback studies used
magnetic tape recordings containing animal
sounds as the stimuli.

Researchers could easily play the sound back-
ward (by reversing the reading direction of a
spliced tape) or insert a section of tape containing
sounds of another species, individual, or noise as
a control stimulus. Magnetic tape was also used
to record live video images. The first practical
video tape recorder (VTR) was built in 1956 by
Ampex Corporation. The first VTRs were
reel-to-reel recorders used in television studios,
which made recording for television cheaper and
easier.

VHS tape recorders, introduced in the 1970s,
were the first compact analog devices to record
both audio and video signals simultaneously on
the same tape. Commercial video cameras
quickly became available for home use. Battery
power for cassette recorders and VHS cameras/
recorders made this equipment popular for field
studies of animal behavior and sounds.

Many magnetic analog recordings had problems
because the media deteriorated when tapes were
not stored under properly climate-controlled
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conditions. Unfortunately, some older analog
recordings have been lost, or, in some cases, the
players are not available to retrieve the recorded
sounds. In the last decades, a great effort was made
by major sound libraries to preserve old recordings
(on wax-cylinders, discs, magnetic tapes, and
cassettes) and to transfer them to safer digital stor-
age (Ranft 1997, 2001, 2004). This was often not
an easy task because magnetic tape recordings used
a large variety of tape types, speeds, and track
format arrangements. Unfortunately, many valu-
able tape recordings have yet to be converted to a
digital format and archived. Without a long-term
preservation strategy and support, it is possible that
these media may be lost forever.

1.2.2 Digital Recorders
The introduction of the CD by the music industry
in 1983 brought digital audio to the consumer
market and started a new audio recording age
(Pohlmann 1995). The ability to store sound in a
digital format greatly improved acoustic data col-
lection. It allowed easy and perfect replication of
recordings, enabled accurate digital editing, and
provided the means of more permanent data stor-
age with direct access for processing and analysis
by a computer.

In 1987, Rotary Digital Audio Tape (R-DAT
or DAT) recorders were the first widely available
digital recorders (Fig. 1.8). However, these

devices still recorded on a thin magnetic tape

encapsulated in a small cassette using a rotating
helical-scanning magnetic head, which allowed
for much faster head-tape speed and data density.
Many R-DAT recorders allowed recording at dif-
ferent sampling rates of 32.0, 44.1, or 48.0 kHz
and 16-bit resolution (the CD standard is
44.1 kHz, 16 bit) (Pohlmann 1995). The R-DAT
format had little success in the consumer market
because of the high cost but was used widely by
professional recordists as a replacement for
expensive and bulky open-reel recorders.

Some specialized R-DAT models allowed
recording up to 100 kHz on a single channel
(i.e., by using a 204.8 kHz sampling frequency
and doubled tape speed). R-DAT offered record-
ing quality that was comparable to open-reel
recorders, however, the helical-scanning head
proved problematic in humid conditions, and the
thin tape used in R-DAT cassettes was easily
damaged. An alternative to R-DAT was the digi-
tal compact cassette (DCC) introduced by Philips
in 1992. DCC was compatible with the already
existing analog cassette tapes but failed to gain
commercial success.

Digital recorders with optical discs (CD-R and
DVD-R) never gained popularity for field
applications because the equipment had to remain
stationary while recording. Also, at the same
time, magnetic discs (hard drives) quickly
became the state-of-the-art data storage media.
In contrast, the MiniDisc (MD), a small optical
disc developed and marketed by Sony in 1992,
had more success among nature recordists,

Fig. 1.8 (a) Photograph of a portable R-DAT recorder Sony TCD-D7 (1992) with a DAT cassette and the optical able to
provide digital data transfer to a PC. (b) a MiniDisc recorder and disc (1997)
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because the MD portable recorders were smaller,
lighter weight, and much cheaper than DAT
recorders. MD offered random access to the
recordings (DAT and analog tape recorders
allowed only sequential access), which made it
much easier to find and listen to specific sections
of a recording. These devices used the same sam-
pling mode as the CD (44.1 kHz, 16 bit). The
main disadvantage of the MD was the lossy signal
compression based on Adaptive Transform
Acoustic Coding (ATRAC), similar to the MP3
codec developed by the Moving Picture Expert
Group (Budney and Grotke 1997). The compres-
sion fit 74 minutes of acoustic data onto a small
digital disc with a nominal capacity of
140 megabytes (MB) with a compression rate of
5:1. The precision of some measurements of the
acoustic structure of animal sounds can be signif-
icantly affected by lossy data compression
schemes (Araya-Salas et al. 2017).

With hard drive recorders and the subsequent
development of solid-state memory recorders, a
new generation of high-quality equipment with
unparalleled capacity became available in the
early 2000s (Figs. 1.9 and 1.10). Solid-state mem-
ory recorders do not require mechanical moving
parts for the storage and retrieval of digital infor-
mation and instead use memory cards, such as
Compact Flash (CF) or Secure Digital (SD and
microSD) cards also used in the digital photogra-
phy market.

The subsequent development of pocket digital
recorders for the consumer market allowed
scientists and amateurs to record many hours of
sounds with high quality. Portability and storage
space increased while cost decreased. Today, tape
recorders have been completely replaced by
solid-state digital recorders with either external
(Fig. 1.9a) or built-in microphones (Fig. 1.9c).
Attempts to develop portable digital recorders
based on handheld portable computers or pocket
PCs never gained much popularity because of the
rapid development of pocket recorders. Profes-
sional and  semi-professional  recorders
(Fig. 1.9a) provide phantom powering at 48 V
(P48) for professional condenser microphones,

1

have quiet microphone preamplifiers, several
types of powering options and can have up
to 8 channels. Most pocket recorders lack the
phantom powering required for professional
microphones, but can power external
microphones at low voltage (Plug-In-Power, or
PIP; see Sect. 1.3.1).

Most digital recorders can sample at different
sampling frequencies (e.g., 44.1, 48, 96, and
192 kHz) with either 16 or 24 bits of resolution,
yielding very high sound quality. Some models
can sample up to 192 kHz, but some of these have
input electronics that limit the bandwidth to less
than 60 kHz, well beyond human hearing limits,
but not enough for recording animal ultrasounds.
In the music industry, other standards have been
developed to allow even higher acoustic quality
(Melchior 2019), up to 384 kHz sampling with
32-bit depth, but they are not yet available in
low-cost consumer recorders.

1.2.3 Recording to a Computer

In the 1990s, the first sound-acquisition boards
for personal computers became available, which
revolutionized the way scientists collect and ana-
lyze acoustic data. Once a sound was recorded in
a digital format, recordings could easily and with-
out degradation be transferred to a computer,
stored, edited, copied, distributed, played,
processed, and analyzed with different
algorithms. Software (either freeware or commer-
cial) that can be used on a laptop provides
scientists with “a bioacoustics laboratory in a
bag.” The consumer and professional market
offer a large number of sound interfaces, to be
connected by USB or other standards to a PC,
which can offer very high audio quality and mul-
tiple input/output channels. Smaller versions of
such a setup, or compact single-board computers
costing few tens of US dollars, are being used in
autonomous stationary and mobile recording
systems, which allow data collection and real-
time data processing in remote areas for months
at a time (e.g., Klinck et al. 2012).
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Fig. 1.9 (a) Photograph of a professional portable high-
quality recorder (Sound Devices, SD722) with both hard
disc and solid-state memory recording capabilities,
connected to two low noise microphones (Rode NT1A)
for soundscape recording. (b) Photograph of SONY

TC-510 open-reel recorder (1982) and a SONY
PCM-M10 digital recorder with its microSD memory

1.24  Autonomous Programmable

Recorders

Researchers soon realized that their presence dur-
ing recordings could influence the animal’s
behavior, and that a remote system, which could
be used in the absence of human observers, was
needed. There was also an increasing interest in
collecting samples of the acoustic environment
over long periods of time. To address these new

card. (c) Photograph of five widely used digital recorders
lined-up for comparative testing. From left: Sony
PCM-M10, Sony PCM-D50, Olympus LS-3, Roland
ROS5, and Zoom HI. They feature internal microphones,
but also can connect to external Plug-In-Power (PIP)
microphones or hydrophones. Courtesy of M Pesente
(2016)

interests, off-the-shelf recorders were modified
and connected to timers, enabling recording at a
defined schedule. The use of portable computers
also allowed scheduled recording in the field
(Fig. 1.10). However, the main limitation was
the need of external batteries, which allowed
only a few days of operation. In addition, long-
term recording required protection of the equip-
ment in waterproof cases and additional batteries.
Defense and research laboratories alike have
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Fig. 1.10 Left:
Photograph of a portable
digital recording and
analysis system composed
of a pair of microphones, an
AD-converter with USB
interface (Edirol UA25), a
low-power notebook, and
an additional battery
(2004). Right: Photograph
of an autonomous terrestrial
recorder by Wildlife
Acoustics (model SM3,
2014) with external battery
deployed in a nature reserve
in Italy

interesting stories to tell about the evolution of
their autonomous recording equipment (e.g.,
McCauley et al. 2017).

The first commercially available, programma-
ble autonomous recorder, SongMeter 1 (SM1),
was sold by Wildlife Acoustics in late 2007
and opened a rapidly developing market. Since
then, new products have been proposed by
companies and research groups, with increasing
performances and autonomy. These can be
programmed to record at defined intervals (e.g.,
every day across the dawn and dusk periods) or
more regular sampling schedules (e.g., 1 minute
every 10 minutes, or 10 minutes every half-hour)
to sample temporal patterns of variation in a
soundscape. This way, the acoustic behavior of
animals of interest can be recorded without dis-
turbance by the recordist and for extended
periods, both day and night. These recorders
need to be rugged and reliable to be deployed in
harsh environments. The period of time that
recorders can collect data depends on the combi-
nation of available battery power and memory.
Depending on these factors, terrestrial recorders
can operate for weeks to months. A grid of auton-
omous recorders can be used for monitoring bio-
diversity over a large area (e.g., entire countries;
Obrist et al. 2010), even in the ultrasonic range.
Figure 1.10b illustrates one type of autonomous

recording system made by Wildlife Acoustics. A
few different types of autonomous recorders are
currently available. However, as interest in con-
tinuous, long-term acoustic monitoring of remote
areas (Pavan et al. 2015; Righini and Pavan 2019)
increases, new devices will continue to appear on
the market and in the open-source arena. In some
cases, audio recorders can be coupled with photo-
and video traps to get images of the animals if
they are at a close enough range.

Recent open-source autonomous recorders are
built around the Raspberry Pi and similar small
board computers. However, these devices often
have inefficient power optimization and require
large batteries to supply power over long periods.
The Solo acoustic monitoring platform®
(consisting of Raspberry Pi plus external micro-
phone) needs a 12-V car battery to record for
40 days. Autonomous recorders need to be
low-power to allow for extended periods of
recording time with a manageable battery supply.
The AudioMoth’ is an open-source device that
also can be purchased assembled, and it employs
a low-power microcontroller with an onboard
Micro Electro-Mechanical System (MEMS)

© Project website: https://solo-system.github.io/home.
html; accessed 1 Oct 2021.

7 https://www.openacousticdevices.info/audiomoth;
accessed 22 Jun 2022.
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Fig. 1.11 The JASON
Qualilife also hosts a high
dynamic luxmeter in four
different wavelengths and
direct USB HDD or micro
SD storage

microphone (Hill et al. 2018). MEMS are very
small and cheap and allow for production of
autonomous recording devices at very low cost.
Autonomous recorders can also be built around a
wireless interface to send raw or processed data in
real-time, in near real-time, or at scheduled
intervals. However, data transmission requires
power and the creation or use of a suitable wire-
less network (Sethi et al. 2018).

Smartphones with an external battery supply
are another option used to explore animal sounds
and soundscapes. The Automated Remote Biodi-
versity Monitoring Network (RFCx ARBIMON)
can receive acoustic data from a remote recorder
based on a cellphone that, if coverage is available,
directly sends data to the central server with
online access.® This system, coupled with Artifi-
cial Intelligence recognition algorithms, can iden-
tify sound categories to generate alerts to prevent
poaching and deforestation. More information on
autonomous recorders is available in Chap. 2.

1.2.5  Multi-Channel Recorders

Collecting multiple channels of acoustic data
allows for acoustic localization of the sound
source. Multi-channel recordings can help miti-
gate the Lloyd’s mirror effect, a phenomenon in
which low-frequency sounds near the ground
may not be recorded correctly because of the
interference of direct and surface reflected
sound. Increased interest in collecting multiple
channels of acoustic data coupled with

8 Project website: https://rfcx.org/ & https://arbimon.rfcx.
org; accessed 1 Oct 2021.
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environmental information has driven the devel-
opment of new multi-channel, multi-parametric
instrumentation. Multi-channel portable recorders
and computer interfaces developed primarily for
professional music recording can be used for bio-
acoustics  applications, however, dedicated
recorders with very high sampling rates are also
being developed for specific study systems.

The recently developed JASON Qualilife’ can
record up to 5 data channels, with the maximum
sampling frequency up to 800 kHz per channel,
all featuring 16-bit resolution, a sharp filter to
prevent aliasing, and an adjustable analog gain
for a large range of uses (Fig. 1.11).

Although already designed for low-power con-
sumption (12 V, 100 mA), to further reduce
power consumption and achieve extended long-
term recording, an extension board (Qualilife
Wake-Up Detector; Fourniol et al. 2018; Glotin
et al. 2018), can be used to trigger the recorder
when it receives a signal at a specified frequency.
This allows for a reduction in power consumption
and data storage, also reducing unnecessary post-
processing work. Moreover, it includes a high
dynamic luxmeter (which works from sun zenith
to lunar eclipse) that is synchronized with the
acoustic recorder.

1.3  Advances in Microphones

There were several early attempts in the mid- to
late-1800s by Johann Philipp Reis and Elisha

° Project website: https://www.univ-tln.fr/SMIoT.html;
accessed 20 Jun 2022.
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Fig. 1.12 Left: Drawing of a carbon-button microphone
(1916). Image source: https://commons.wikimedia.org/
wiki/File:Carbon_button_microphone_1916.png;
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Gray to develop the precursor to a microphone.
Reis developed the sound transmitter, which
contained a metallic strip that rested on a mem-
brane that caused intermittent contact between a
metal point on the strip and an electrical circuit
when it vibrated. Elisha Gray developed the lig-
uid transmitter, consisting of a diaphragm
connected to a moveable conductive rod, which
was immersed in an acidic solution. In 1876,
Alexander Graham Bell invented the magnetic
transmitter, and Edison and Berliner developed a
loosely-packed carbon granules microphone
(Fig. 1.12). David Edward Hughes coined the
term “microphone” in 1878 for his microphone
system based on carbon granules, which
performed poorly by today’s standards (due to
high self-noise and distortion). However, it was
an important step forward, enabling technology
for long-distance voice communication or tele-
phony (for more details see Robjohns 2010)"°

In 1886, Thomas Alva Edison refined the car-
bon granule microphone and developed the
carbon-button transmitter. This transmitter
consisted of a compartment filled with granules

!9 A Brief History of Microphones: http://microphone-
data.com/media/filestore/articles/History-10.pdf; accessed
11 Oct 2021.

microphone used for bioacoustics research; https://
commons.wikimedia.org/wiki/File:Sennheiser_ MKH416.
jpg by Galak76, CC BY-SA 3.0 http://creativecommons.
org/licenses/by-sa/3.0/, via Wikimedia Commons

of carbonized anthracite coal, which were con-
fined between two electrodes. One electrode was
connected to an iron diaphragm. Edison’s trans-
mitter was durable, efficient, simple, and cheap to
build. His transmitter became the basis for
millions of telephone transmitters used around
the world.

1.3.1 Microphones Used

in Bioacoustics Research

At the beginning of the twentieth century, most
microphones were carbon granule sensors. These
early microphones were noisy and had limited
sensitivity and frequency response. This meant
these early microphones were suited only for
recording human voices. In those early stages,
dynamic microphones based on a membrane
with a coil immersed in a magnetic field were
difficult to produce because they required small
but strong magnets.

In 1917, Edward Wente made a great stride
forward by inventing the condenser microphone,
which is still used in a wide variety of
applications today. In the 1920s, with the signifi-
cant increase in broadcast radio, there was a high
demand for better quality microphones. The
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Fig. 1.13 Photograph of the PRIMO EM172 microphone capsule (left) used by many nature sound recordists for their
custom-made microphones (center and right). Courtesy of M Pesente

piezoelectric microphone was created based on
piezoelectric crystals, which are sensitive to pres-
sure changes and generate a voltage when com-
pressed/decompressed; conversely, they vibrate
and produce sound waves if excited by an electric
signal. Originally, they used quartz or Rochelle
salt crystals, but the sound quality was poor. With
the development of strong magnets, dynamic
microphones were then used for decades because
of their simplicity and reliability. However, for
bioacoustics studies, they were not sensitive
enough, and their frequency response generally
did not extend beyond the human hearing range.
Today, almost 90% of the microphones
manufactured annually are electret condenser
microphones (Rossing 2007) because of their
many advantages when compared with dynamic
microphones, including higher sensitivity, higher
fidelity, and wider frequency response. Piezoelec-
tric transducers are now mainly used in
hydrophones that have specialized ceramics that
provide high sound quality. Robjohns (2010)
provides a history of microphone evolution and
outlines how advances in broadcast radio,
telephones, television, and music industry, along
with the need for directional and ultrasonic
recordings, drove the design of several new
types of microphones (e.g., the condenser-,
dynamic-, ribbon-, and carbon-microphones).

The widely used condenser microphones are
fairly sensitive, compared with dynamic
microphones, and feature an extended frequency
response, but they require external power. Profes-
sional condenser microphones are often powered
through the signal cables with 48 V (phantom
power, P48) provided by the recording device,
by a preamplifier, or by a power unit. Consumer
microphones usually use electret condenser
capsules that require 3-5 Vdc powering (plug-in
power, PIP) provided by the recorder via the
microphone plug. Microphones well-suited for
bioacoustics studies can be built with electret
condenser capsules costing only a few US dollars
(Fig. 1.13). For a detailed discussion of features
and operation of microphones, see Chap. 2, sec-
tion on selecting a microphone.

Many animals including insects, frogs, bats,
and other terrestrial and marine mammals emit
ultrasonic sounds (Sales and Pye 1974). Studies
of ultrasonic signals require a broadband micro-
phone capable of responding to signals at very
high frequencies. In contrast, some animals, such
as elephants, produce very low-frequency sounds
and require infrasonic microphones capable of
detecting signals at or below 20 Hz (Payne et al.
1986). Previously, ultrasonic and infrasonic
recording required very expensive and complex
transducers, recorders, and analyzers. With the
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advent of broadband AD-converters in laptops
and smartphones, ultrasonic and infrasonic ani-
mal sounds can now be recorded at a reasonable
cost. Ultrasonic microphones may use small elec-
tret condenser capsules or MEMS, which are
primarily used in smartphones. MEMS are small
and inexpensive, feature an extended frequency
response (including the ultrasonic frequency
range), can include an AD-converter, and can be
directly integrated into digital systems. Some
microphones also incorporate a high-speed
AD-converter and USB interface to be directly
connected to a computer, a smartphone, or a tablet
for recording and real-time display. The
Dodotronic Ultramic series offers a range of
USB ultrasonic microphones with sampling
frequencies ranging from 192 kHz to 384 kHz
(Buzzetti et al. 2020); the most advanced models
also include the ability to record on an internal
microSD memory card."!

In cases where researchers want to separate
sounds coming from different directions, or target
an individual animal for recording, a directional
microphone, a parabolic reflector, or a micro-
phone array can be used. One of the first
documented attempts was in 1932, when Peter
Paul Kellogg and Arthur Allen used a micro-
phone installed in the focus of a parabolic reflec-
tor to record bird sounds (Wahlstrom 1985; Ranft
2001). Parabolic reflectors have been widely used
to record animal sounds, capture distant speech,
and detect the noise of incoming vehicles and
airplanes during the first and second world wars
(i.e., before the invention of radar; see Chap. 2 for
a discussion of use and features of parabolic
reflectors). As an alternative to parabolic
reflectors, ultra-directional microphones, or
so-called shotgun microphones, were developed.
The design of shotgun microphones is based on
the interference tube principle to attenuate off-
axis sounds; these microphones were developed
to have a narrow angle of forward reception. The
shotgun was initially designed for use in a studio
setting (as opposed to recording long-distance

' Dodotronic webpage:
accessed 20 Jun 2022.

http://www.dodotronic.com;
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sounds) to minimize off-axis sounds (e.g., noise
from the public and room reflections).

Single  microphone (i.e., monophonic)
recordings cannot provide any spatial informa-
tion. These recordings are made with a single
microphone that can be an omnidirectional micro-
phone to capture all sounds around or a direc-
tional one to capture sounds from a specific
source or direction. However, microphones can
be paired to record sounds in stereo to provide
a spatial sound image wherein listeners can iden-
tify the perceived spatial location of the sound
source. Many different types of microphone
configurations have been developed, mainly
for recording music, but also for recording
soundscapes.

A further development, mainly conceived for
cinema and videogames, is the surround system
that is based on multi-microphone (i.e., micro-
phone array) recordings and speakers placed
around the listener to create a more immersive
acoustic experience (Streicher and Everest 1998;
Rayburn 2011). With 3D audio, a whole acoustic
space is recorded with a microphone array. From
this, it is possible to extract sound information to
build a stereophonic or binaural or surround pro-
gram. Today 3D audio is mainly used for 3D
Virtual Reality, with either video game, cinema
or scientific uses, that allows the user to be placed
in a 3D audio and video environment (with spe-
cial visors and headphones, or in special VR
rooms) and to move inside it to look and listen
in any direction. The currently most used 3D
audio system is Ambisonics (Fig. 1.14) that is
based on 4 (first order), 8 (second order),
16 (third order) or more channels (Zotter and
Frank 2019).

Specific microphone array applications in bio-
acoustics include localizing sound sources, either
static or moving, such as flying bats (Blumstein
et al. 2011). Using specific algorithms, signals
can be extracted from the microphone array, and
the direction and intensity of sound sources can
be identified by superimposing a sound map on
top of an image taken by a video camera. This
type of application is called an acoustic camera
and is largely employed by the automotive indus-
try to locate sources of noise in a vehicle.
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Fig. 1.14 Ambisonic recorder with 4 microphones (first
order) Zoom H3VR

Acoustic cameras help visualize patterns of both
indoor and outdoor noise (e.g., of a passing car,
train, airplane, or around a wind turbine). Acous-
tic cameras have the potential to help in localizing
biotic sound sources; however, they are expen-
sive and have been rarely used for bioacoustics
studies; an example is given by Stoeger et al.
(2012) to identify the sound sources in elephants.

1.3.2 Measurement Microphones

Measurement microphones are a special class of
microphones designed to make accurate ampli-
tude measures of sounds, ranging from
infrasound to ultrasound. Although measurement
microphones can be used for recording, they are
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generally used to characterize the acoustic
properties of a signal or of a location. Usually,
measurement  microphones are condenser
microphones optimized for a specific frequency
range and used to characterize a sound field or a
sound level when connected to a sound level
meter (or phonometer); see Chap. 2 for a discus-
sion of measurement microphone features and
operation. This microphone technology has not
changed much over time; however, the measuring
equipment to which microphones are connected
has evolved within a few decades from bulky and
expensive analog devices to small, powerful, and
flexible digital devices also able to provide spec-
tral analysis.

1.3.3  Accelerometers

An accelerometer measures the acceleration (i.e.,
the rate of change of velocity) of an object. Sin-
gle- and multi-axis accelerometers can detect both
the magnitude and the direction of the accelera-
tion, as a vector quantity. They can thus measure
the movements of an animal (e.g., mounted in a
collar) or to sense the vibration of a body part.
Tiny accelerometers are used to detect vibrations
generated by insects and other animals for com-
munication. The recently defined science of
biotremology uses accelerometers and laser
vibrometers to study vibrational communication
in insects and other zoological groups (Hill et al.
2019) by either detecting their movements or the
vibrations transmitted through the substrate.
MEMS accelerometers are now very tiny and
largely used in electronic devices, such as
smartphones and game controllers, to sense their
movement in space.

1.3.4 Laser and Optical Microphones
Laser microphones, also known as laser
interferometers, laser  accelerometers or
vibrometers, are designed to detect vibrations on
a surface without any contact with the sound
source. These microphones can detect vibrations
over large distances, from few centimeters to tens
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Fig. 1.15 Left: Photograph of an early ultrasonic bat
detector from the laboratory of Donald Griffin. Image
courtesy of the Cornell Laboratory of Ornithology.
Right: Photograph of an ultrasonic USB microphone

and hundreds of meters. For example, laser
microphones can measure the vibration of a
glass window to capture the sounds produced
inside a room. These devices were developed for
spying purposes and are now mostly used in
industry to record vibration of machinery. In bio-
acoustics research, and biotremology studies in
particular (Hill et al. 2019), this technology is
used to record the vibration of animal body parts
(e.g., wings or abdomen of insects producing
sounds) or vibration of the substrates (e.g., plant
stem, tree trunk, spider-web, and burrow-wall),
which could indicate the presence of an animal.
Current instruments are lightweight and easy to
use; however, they require that the target being
recorded is not moving and on a stable platform.
These devices should not be confused with opti-
cal microphones and hydrophones, which are
being developed and have a completely optical
chain, where the transducer directly produces an
optical signal to be sent on an optical fiber cable,
either analog or digital, from the transducer to the
recorder.

1.3.5 Bat Detectors

In the eighteenth century, the Italian scientist
Lazzaro Spallanzani recognized that bats were
capable of navigating and capturing their prey in
the dark. While Spallanzani hypothesized that this

UltraMic250k, based on
Dodotronic in 2010, connected to a tablet computer that
allows recording and display of ultrasounds in real-time

MEMS, developed by

was related to their hearing, it was not until the
development of ultrasonic recorders and
microphones in the early 1940s (Fig. 1.15) that
scientists were able to study the ultrasonic sounds
produced by bats for echolocation (Griffin 1944).
Donald Griffin was working with piezoelectric
transducers connected to an oscilloscope when
he observed high-frequency signals produced by
bats flying outside his open laboratory window.
This discovery opened an entirely new field of bat
echolocation research.

Early bat detectors were based on the hetero-
dyne principle and on frequency-division
counters (Obrist et al. 2010), which produced
audible but highly distorted sounds when receiv-
ing ultrasonic calls. Heterodyne detectors allowed
only a narrow frequency range up to a few kHz, to
be shifted down to the audible range. The user
then tuned the detector to the frequency of interest
and listened to and recorded signals only around
the tuned frequency. Information outside that fre-
quency range was discarded.

Frequency division (or count-down) detectors
cover a broad frequency range. They are based on
zero-crossing detection. They count how many
times the signal waveform crosses zero pressure
and they produce a synthetic wave every
n incoming waves. The output signal frequency
is a fraction of the original frequency (i.e., 1/n),
and advanced systems retain the amplitude enve-
lope of the original signal. The frequency division
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method is much better than the heterodyne; how-
ever, both produce a distorted signal often not
useful for scientific investigation. The first digital
models, called time-expansion detectors, digitally
recorded the incoming bat calls at a high sampling
rate, and played them back at a reduced sampling
rate, which allowed for human observers to hear
the calls and record them on a conventional
recorder (Obrist et al. 2010). This method
preserves all acoustic features so that recordings
can be used for scientific analysis.

Digital bat detectors include a built-in ultra-
sonic microphone, onboard signal sampling and
processing, memory for digital data storage, a
graphical display to show a spectrogram with
related settings, and a speaker for monitoring
incoming ultrasounds by either slowing down or
shifting them in frequency. Current models are
completely digital, they record and store data
continuously, and can transpose ultrasounds into
audible sounds in real-time by spectral shifting
(or spectral compression), using a Fast Fourier
Transform (FFT) algorithm (see Chap. 4 on signal
processing). Some bat detectors can be used as
autonomous recorders which can selectively
record ultrasounds from echolocating bats for
many consecutive nights, with a programmable

Fig. 1.16 Experimental
setup to determine the
speed of sound underwater.
Image Source: J. D.
Colladon, Souvenirs et
Memoires, Albert-
Schuchardt, Geneva, 1893

timer to start at sunset and stop at sunrise. Some
also have analysis software that identifies the
species, of course with variable margin of error
depending on the species (see Chap. 2, section on
bat detectors). Given the computing and storage
capabilities of current tablets and smartphones,
dedicated ultrasonic microphones with an
integrated AD interface also are available to
record bat calls and display their features on the
device screen (Fig. 1.15).

1.4  Advances in Hydrophones

In 1826, Jean-Daniel Colladon and Charles-
Francois Sturm made an experiment in Lake
Geneva, Switzerland, to determine the speed of
sound in water (Colladon 1893). They used two
small boats on opposite sides of the lake, ~14 km
apart. On one boat, there was an underwater bell,
which was struck at the same time that gunpow-
der was ignited, which resulted in a paired under-
water sound and above-water gunpowder flash.
The operator of the second boat used an under-
water listening horn to detect the sound of the bell
(Fig. 1.16). The time difference between seeing
the gunpowder flash and hearing the bell allowed

ey Sl
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the scientists to compute the speed of sound in
water. Their measurements were fairly accurate
and indicated that the speed of sound in water is
approximately five times greater than the speed of
sound in air.

Until the advent of hydrophones, it was
assumed that oceans, rivers, and streams were
quiet environments. Much of hydrophone devel-
opment was driven by military needs during
World Wars I and II, when the use of
hydrophones and sonar projectors facilitated the
detection of enemy vessels, particularly
submarines, by listening to their sound (i.e., pas-
sive sonar) or by listening for the reflection of
emitted sound pulses (i.e., active sonar). Sonar
operators were some of the earliest
bioacousticians who were able to distinguish
sonar signals from marine animal sounds (Fish
and Mowbray 1970). Today, hydrophones are
used in a large variety of biological research
applications to monitor population dynamics and
behavior of marine invertebrates, fish, and
mammals (Au and Hastings 2008; Tremblay
et al. 2009). Hydrophones are also largely used
to monitor the underwater noise produced by ship
traffic and other invasive activities, such as seis-
mic surveys with airguns and naval sonar (Pavan
et al. 2004).

Fig. 1.17 Simple
piezoelectric hydrophone
(Aquarian Audio HC2a)
with PIP powering
connected to a digital
pocket recorder (SONY
PCM-M10)

1.4.1  Single Hydrophones
Hydrophones are transducers used to receive
underwater sound; they are usually based on pie-
zoelectric materials. Hydrophones are generally
built with a piezoelectric transducer that generates
a voltage when compressed/decompressed; con-
versely, it can vibrate and produce sound waves if
excited by an electric signal. Piezoelectric
transducers can be operated either as a receiver
or as a transmitter. In 1917, Paul Langevin
obtained a large 10 cm x 10 cm x 1.6 cm slice
of a natural quartz crystal and used this to develop
a transmitter capable of emitting sound so power-
ful it killed nearby fish. After World War II, other
materials (potassium dihydrogen phosphate,
ammonium dihydrogen phosphate, and barium
titanate) were used instead of quartz to build
hydrophone transducers (Rossing 2007).

As the Navies of the world began to recognize
the utility of listening underwater, hydrophone
technology developed fairly rapidly, and also
was used for oceanographic and biological
research (Wenz 1962; Munk and Wunsch 1979;
Urick 1983; Naramoto 2000). Most of the early
bioacoustics research on aquatic animals was
conducted using a battery-operated single hydro-
phone (Fig. 1.17) suspended in the water from the
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shore, a small boat, or sea ice, and required the
presence of a researcher.

Traditional hydrophones feature an analog
output (voltage or current) and are available
with or without a front-end preamplifier.
Hydrophones that feature an integrated
AD-converter and digitize the analog signal
directly at the sensor are now commercially avail-
able. Some digital hydrophones also integrate
signal processing and storage capabilities (e.g.,
real-time reporting of noise levels). Because of
the increased power consumption of digital
hydrophones, these are primarily used in cabled
sensor networks, such as seafloor sensors or
sub-surface towed arrays.

1.4.2 Sonobuoys

Navies of the world recognized the need for a
hydrophone that could operate remotely, was
mobile, and could monitor sounds at different
water depths, which led to the development of
sonobuoys. Sonobuoys are individual canisters
that float at the water surface and house a hydro-
phone, dampening cable, battery, recording/trans-
mitting electronics, and a transmitting antenna.
See Chap. 2 for details of features and operation
of sonobuoys. Navies of the world used
sonobuoys for underwater listening to detect
submarines by deploying them from airplanes or
ships. A few labs were able to acquire military
sonobuoys and used them for receiving and
recording marine animals.

1.4.3 Autonomous Underwater

Acoustic Recorders

In recent years, a wide variety of stationary,
autonomous passive acoustic monitoring (PAM)
systems have been developed for the recording of
acoustic activity from naturally occurring
biological and geophysical sources, as well as
from anthropogenic sources in  marine
environments (Figs. 1.19, 1.20, 1.21, and 1.22).
These systems have an advantage over systems
that rely on human observers as they are
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non-invasive and able to collect long-term data
from remote areas independently of weather and
light conditions (Mellinger et al. 2007; Lammers
et al. 2008; Tremblay et al. 2009; Obrist et al.
2010; Sousa-Lima et al. 2013; Jacobson et al.
2016); see Chap. 2.

1.44 Towed Hydrophone Arrays

A towed array contains several hydrophones
housed in an oil-filled plastic sleeve, which are
pulled behind vessels of varying size. Towed
arrays of hydrophones allow beamforming (a
processing technique that combines time-delayed
signals from multiple hydrophones to increase
gain in a given direction) to improve signal-to-
noise ratio and estimate bearings to specific sound
sources. Consecutive bearing estimates allow the
localization of a source and determining its range.
A towed array in effect provides a high-gain,
directional sensor that can be steered in different
directions either in real-time or in the post-
processing of recordings (see Chap. 2 for details
of towed hydrophone arrays). During World
War I, a towed sonar array (the first documented
towed array) known as the Electric Eel was devel-
oped by the US Navy physicist Harvey Hayes
(Naramoto 2000). Bill Watkins and William
Schevill at Woods Hole Oceanographic Institu-
tion were among the first bioacousticians to use
this technology to record and study the sounds of
marine mammals (e.g., Watkins and Schevill
1977; Watkins et al. 1987). The original towed
arrays focused on lower-frequency signals (i.e.,
frequencies typical of foreign vessel noise), but
Schevill and Watkins developed new instruments
to record the higher frequencies emitted by
dolphins. Their recordings are of high scientific
value and are available online in digital format at
the WHOI Watkins Sound Library.'?

In 1983, Thomas et al. (1986, 1987) worked
with a geophysical company to build a modified
towed array specifically for the study of marine
mammal sounds (Fig. 1.18), which was capable

2 WHOI Library: http://cis.whoi.edu/science/B/
whalesounds/index.cfm; accessed 11 Oct 2021.
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Fig. 1.18 Left: Photograph of the topside electronics
required to receive, record, and process data from a
towed array in 1983. Right: Photograph of deploying a
towed array from the deck of a tuna seiner, the MV Queen

of capturing low- and medium-frequency under-
water sounds (20 Hz—15 kHz). Depth and temper-
ature sensors on the array measured the
thermocline and sound propagation conditions in
the area. Self-noise from the moving ship was
present, but filtered out as much as possible.
Many species of marine mammals were heard,
which helped the fishermen find tuna as they
tend to associate with dolphin pods.

In recent years, lightweight towed arrays have
been developed to meet the requirements of
studying marine mammal sounds from small
platforms, such as sailboats (Pavan and Borsani
1997). Deployment of the towed array from a
sailboat minimizes recorded self-noise of the
towing vessel. Current towed arrays can capture
sounds over a large geographic area and cover a
wide frequency range (from infrasound to
ultrasound).

1.4.5 Seafloor Hydrophone Arrays

Arrays of bottom-mounted hydrophones were an
important naval asset for the surveillance of
oceans for the presence and movements of
enemy vessels and submarines. In the 1950s, at

Mary, to listen for underwater sounds of marine mammals
and fish in the Eastern Tropical Pacific. Photos by Jeanette
Thomas

the height of the Cold War, the US Navy
launched a classified project known as the
SOund SUrveillance System (SOSUS). The
SOSUS large-aperture arrays allowed the Navy
to detect signals at ranges of several hundred
kilometers. SOSUS arrays were highly successful
in detecting and tracking Soviet submarines of
that era. The sailors operating the early SOSUS
arrays also detected numerous biological sounds
of unknown origin. An unknown low-frequency
sound was attributed to the “Jezebel Monster,”
yet later found to be from blue (Balaenoptera
musculus) and fin whales (Balaenoptera
physalus). After the end of the Cold War, the
SOSUS system was made available to scientists
(Nishimura and Conlon 1994; Stafford et al.
1998; Watkins et al. 2000), who monitored the
presence of marine mammal sounds and tracked
their long-range seasonal movements across the
oceans. In one case, a blue whale was tracked for
80 days along the eastern seaboard of the USA
using the 20-Hz signal the animal repeatedly
produced.

At present, bottom-mounted arrays of
hydrophones are deployed across oceans world-
wide, with some strictly dedicated to military
applications, and others dedicated to monitoring
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Fig. 1.19 The JASON Qualilife DAQ 3x600 kHz in the custom array by H Glotin, recording sperm whales in the near

field in 2018. Courtesy of V Sarano

earthquakes or nuclear explosions, such as the
array operated by the Comprehensive Nuclear
Test Ban Treaty Organization (CTBTO). Over
the last decade, multidisciplinary seafloor
networks were established: the North-East Pacific
Time-series Undersea Networked Experiments
(NEPTUNE) and the Victoria Experimental Net-
work Under the Sea (VENUS) in Canada'’; the
Controlled, Agile, and Novel Ocean Network
(CANON) run by MBARI in the USA; the
European Multidisciplinary Seafloor Observatory
(EMSO) run by Europe; the Submarine Multidis-
ciplinary Observatory (SMO) managed by Italy;
and the Neutrino Mediterranean Observatory
(NEMO also known as KM3net) operated by the
Neutrino Mediterranean Observatory. Some of
these arrays are equipped with wideband
hydrophones, which allow scientists to monitor
a variety of marine mammal species as well as
ambient noise levels (Nosengo 2009; Favali et al.
2013; Caruso et al. 2015; Sciacca et al. 2015;
Viola et al. 2017). NEPTUNE and VENUS also
provide online public access to recorded data. The
Listening Into the Deep Ocean (LIDO) project
provides real-time streaming of acoustic data
that is a gateway to several underwater data
acquisition systems (André et al. 2011).

13 Canada seafloor networks: http://www.oceannetworks.
ca; accessed 11 Oct 2021.

1.4.6 Small Arrays

Novel hydrophone array configurations have
recently been developed for a team led by
Francois Sarano to conduct a longitudinal study
on the same group of sperm whales since 2013,
under the authority of the Marine Megafauna
Conservation Organization and as part of the
global program Maubydick. In 2017 and 2018,
the team collected a set of audio-visual recordings
using a custom acoustic antenna developed by the
University of Toulon with the JASON Qualilife
DAQ (Data AcQuisition) to record the animals in
the near field at very high frequency (600 kHz
sampling frequency, Fig. 1.19). A similar antenna
has been deployed in Amazonia allowing high-
definition 3D tracking and click analysis of the
Amazon river dolphin (Inia geoffrensis; Glotin
et al. 2018).

1.5  Autonomous Mobile Systems

1.5.1  Aerial Mobile Systems

Autonomous mobile monitoring systems were
developed for terrestrial applications, such as the
Autonomous Aerial Acoustic Recording Systems
(AAARS) developed at the University of
Tennessee (Buehler et al. 2014). This system is
based on an altitude-controlled weather balloon
with an acoustic recorder and a GPS unit with
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radio transmitter. It moves quietly according to
local winds and can be tracked by a radio
receiver. If ground anchored, this system allows
the recording of sounds in a given location.
Mobile systems based on drones, on the contrary,
can be stationary or can be programmed to survey
a given area, however, they are very noisy and
this can severely affect animal behavior and both
the quality and usability of the recordings.

1.5.2 Underwater Mobile Systems
The high cost of visual and acoustic marine
surveys conducted from large research vessels
drove the development of new monitoring
solutions using autonomous vehicles; either
moving on the surface (Unmanned Surface
Vessels, USVs) or underwater (Autonomous
Underwater Vehicles, AUVs). These systems are
remotely operated by an onshore pilot and can
monitor offshore areas for weeks or months at a
time (Klinck et al. 2012, 2015).

The most commonly used autonomous mobile
systems to monitor the marine acoustic environ-
ment are underwater gliders (Baumgartner et al.
2013). These instruments (Fig. 1.20) use small

Hydrophone
(omni-directional)

AM electronics
2 pressure housing

Fig. 1.20 Left: Photograph of the passive acoustic
seaglider™ developed by the Applied Physics Laboratory,
University of Washington. Courtesy of G Shilling. Right:

changes in buoyancy, in conjunction with
wings, to convert vertical motion to horizontal
motion, and thereby propel themselves forward
with very low-power consumption. Gliders
slowly dive (~ 0.25 m/s horizontal speed) in a
saw-tooth pattern through the water. When
surfacing after a dive, the glider communicates
with an onshore base station to exchange data and
commands (e.g., send position, remaining battery
capacity, whale detections, and ambient noise
levels, and receive new waypoints). The maxi-
mum operating depth of current models is about
1000 m. Therefore, these instruments are well-
suited for monitoring of deep-diving odontocetes,
such as beaked whales (Klinck et al. 2012).

Other instruments in this category include
deep-diving (Matsumoto et al. 2013) and surface
drifters (Griffiths and Barlow 2015). These
instruments drift with the ocean current and can-
not be programmed to navigate along a defined
track-line. However, they are much cheaper than
gliders. Recent Autonomous Surface Vehicles
(ASV) can perform surveys along a pre-defined
track; among these, the Sphyrna (Fig. 1.20) has
advanced algorithms to allow 3D passive acoustic
tracking of deep divers with four hydrophones
fixed on the keel (Poupard et al. 2019).

The Sphyrna ASV allows 3D passive acoustic tracking of
diving cetaceans
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Fig. 1.21 The evolution of the DTAG over fifteen years.
Each design comprises electronics, batteries, suction cups,
floatation material, and a VHF transmitter for retrieval
when the tag is floating on the sea surface. The tags all
record sound, depth, and motion to solid-state memory.
However, the size, capabilities, and endurance have
changed over the years. The earliest version developed in

1.5.3  Animal Acoustic Tags

A recent development for studying animals
in-situ is the animal-worn acoustic tag. Such
devices allow detailed observations of the move-
ment and acoustic behavior of tagged animals.
However, for some species, such as cetaceans,
developing a reliable, long-term instrument
attachment has been problematic.

Recorders in collars, similar to those used for
radio tracking, have also been experimented to
record sounds and activity of terrestrial animals
while moving freely, but with few applications.
More successful was using the crittercam devel-
oped and used by National Geographic to primar-
ily provide amazing video'* of wild animals
either on land or in water. Lynch et al. (2013)
attached an inexpensive collar-mounted record-
ing device on ten wild mule deer (Odocoileus
hemionus) over two weeks in Colorado. Recorded

' https://www.nationalgeographic.org/education/
crittercam-education/; accessed 11 Oct 2021.

2000 (a) had 400 MB of memory and could record a single
sound channel at 16 kHz sampling frequency for a few
hours. The most recent version developed in 2009
(b) records stereo sound at up to 500 kHz sampling fre-
quency for almost two days. (c) is an intermediate version
of the tag. Courtesy of P Tyack and M Johnson (2016)

sounds included rumination, which allowed the
researchers to document foraging activities.
Video tags have been attached to whales,
dolphins, sirenians, and penguins, and to docu-
ment the underwater life. Sophisticated acoustic
tags provided an important step forward in marine
mammal bioacoustics. The development of these
tags was primarily driven by the need to docu-
ment and understand the reaction of cetaceans to
underwater sounds such as naval sonars, airguns,
and pile drivers. The D-TAG (Johnson and Tyack
2003), A-Tag (Akamatsu et al. 2007), Acousonde
recorder (Burgess et al. 2011), and other similar
instruments, feature a variety of animal move-
ment detectors (three-axial accelerometer, mag-
netometer, depth-sensor, light sensor, etc.) and
acoustic sensors (hydrophones). These tags are
attached to the animals with non-invasive suction
cups, and usually stay attached for a few hours,
but can stay on the animal for up to a few days.
Once detached, the tag floats to the surface and
transmits a radio signal to aid recovery. This kind
of technology (Fig. 1.21) has enabled important
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research on sound usage and behavioral responses
of animals to anthropogenic sounds, such as naval
sonars (Tyack 2009; Tyack et al. 2011).

Often a variety of sensors can be attached to
the animal to provide additional environmental
or behavioral data to accompany acoustic
recordings. Evans et al. (2004) attached a water-
proof video camera with a hydrophone, VHS
recorder, and depth-sensor to examine vocal
behavior during dives of Weddell seals in
Antarctica. Each time the seal vocalized, the
depth and time of the sound were documented,
audio and video were recorded, and the call type
was later analyzed in the laboratory. Researchers
had to retrieve the VHS tapes, but this species
remains close to a colony during the breeding
season, hauls out on the ice daily, and is easily
(re)captured for recovery of the tag and data.
Current digital video equipment is highly
miniaturized and allows new exciting options
for exploring the life of animals in the wild.

1.6  Advances in Sound Analysis

Hard- and Software

The most important advancements in sound anal-
ysis equipment were the transition from analog-
to-digital systems, along with the transition from
hardware to software signal processing. This
provided lightweight, field portable, battery-
operated units with higher storage capacity,
more stable storage media, and broadband analy-
sis, often at a more affordable price than before.
Now, even a smartphone can produce a spectro-
gram in real-time. Another important break-
through was the ability of scientists to share
digital data using the internet and shared storage
in the cloud.

Initially, the basic analysis of acoustic signals
was done using oscilloscopes. These instruments
provided a visual representation of the waveform
of acoustic signals known as oscillograms, which
are plots with amplitude on the y-axis and time on
the x-axis. Originally, oscilloscopes were large,
heavy, expensive, AC powered, and used vacuum
tubes. To obtain a hardcopy of the waveform, a
camera was used to capture an image from the
display. In some cases, the waveforms were
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traced on paper by an oscillating pen (similar to
a seismometer).

The Kay Electric Company (later to become
Kay Elemetrics) developed the Sona-Graph™
machine, which was a completely analog instru-
ment and one of the first instruments to create an
image of a sound known as a SonaGramTM.
Developed primarily for navy applications and
initially called vibralyzer, this technology was
applied successfully to the study of human speech
and animal sounds (Koenig et al. 1946; Borror
and Reese 1953; Thorpe 1954; Marler 1955:
Fig. 1.22). A SonaGram (sometimes called a
sonogram by biologists) is a visual representation
of the frequencies (on the y-axis) and intensity
(color or shades of gray as the z-axis) in a sound
as they vary with time (on the x-axis). This type of
image visualization is also called spectrogram.
The Sona-Graph™ was very expensive and capa-
ble of analyzing a signal of only a few seconds in
duration up to 8 or 16 kHz. The device offered
two analysis settings, wideband (300 Hz) and
narrowband (45 Hz). The wideband setting
provided better time resolution, while the narrow-
band setting provided better frequency resolution
(Beecher 1988). The sound could be played back
from a reel-to-reel recorder and recorded on an
iron oxide magnetic track, which ran the circum-
ference of a large internal turntable. A special
thermo- sensitive paper was wrapped around a
drum mounted on top of the turntable. The drum
spun synchronously with the turntable as the sig-
nal was played back through a variable band-pass
filter or a filter bank, and a stylus burned the
signal onto the paper on the rotating drum
according to the level of sound at the frequencies
given by the filter (Fig. 1.23).

This was a smelly, smoky process, which
made the procedure unpleasant for researchers.
To analyze a long sound recording, several short
spectrogram sections had to be printed and taped
together. The resulting sheets of paper often
required a lot of wall or table space for review
and further analysis. Because of the large size,
these spectrograms were also difficult to reduce in
size and adapt for inclusion in a publication.

In the 1970s, a camera using Kodak photo-
graphic paper (the size of 35-mm film) was
attached to the screen of an advanced
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Fig. 1.22 Photograph of
L. Irby Davis using an early
Kay Electric Co. Sona-
Graph Sound Spectrograph
analyzer (the late 1950s).
Notice the sonogram on the
paper wrapped around the
drum on top of the analyzer.
Courtesy of the Cornell
Laboratory of Ornithology

Fig. 1.23 Two
spectrograms by Ken
Norris illustrating the wide-
band (top) and narrow-band
settings (bottom) of the Kay
Sona-Graph 6061A
spectrum analyzer. Note
that the values of the x- and [
y-axes were not printed on

the output. The x-axis is ,H f
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oscilloscope capable of performing real-time FFT
spectrum analysis (Hopkins et al. 1974). As the
sound played, a spectrogram image appeared on
the screen and the camera photographed the
resulting image in real-time. Measurements of

frequency and time could be taken as the
spectrograms were displayed. The photographic
paper had to be developed in a dark room and
produced a roll of 35-mm paper about 4 m long.
One advantage of this system was the ability to
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view the sounds in real-time, which allowed
scientists to study patterns of sounds. This system
produced long-lasting spectrograms that are still
usable 40 years later (see Thomas and Kuechle
1982 for samples of sonogram output).

Once thermal imaging paper (similar to the
paper used in older fax machines) was developed,
Kay, Unigon, and other companies developed
real-time spectrogram imaging units, which had
a continuous output using large rolls (8 inch
wide) of thermal imaging paper. For further anal-
ysis, segments had to be cut with scissors. How-
ever, these data were difficult to analyze, store,
and prepare for publication. Measurements of
frequency and time could be taken as the images
were displayed on the analyzer but were not
provided on the output itself. If exposed to light
or heat, the hardcopies gradually turned brown
and were generally unusable after a few years.

In the mid-1970s, the first attempts were made
to use general-purpose computers to analyze
sounds, mainly for speech analysis. These
attempts used the Fast Fourier Transform (Strong
and Palmer 1975), an algorithm that decomposes
a signal segment into a finite number of sinusoids,
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each one characterized by frequency, amplitude,
and phase. This algorithm was successfully
applied to the human voice and to animal sounds
to produce spectrograms in different formats. The
speed and data-handling capabilities of computers
in subsequent years allowed for the implementa-
tion of more complex mathematical signal
processing algorithms (see Chap. 4 on signal
processing).

A few years later, in 1980, a computer-based
digital spectrographic workstation was developed
at the University of Pavia (Italy) that produced
black-and-white spectrograms of animal sounds
on a computer screen, with a moving cursor to
take measures. The workstation produced and
printed a spectrogram of a 1-s signal in about
40 minutes (Pavan 1983, 1985). The
AD-converter allowed users to acquire and ana-
lyze sounds in the ranges of 5, 10, and 20 kHz
with a sampling frequency of 51.2 kHz.
Hardcopies of displays were made on the
computer’s printer and then joined together
(Fig. 1.24).

Around that same time, in 1984, a group of
acousticians at The Rockefeller University and

\ S

s " —

Fig. 1.24 Black-and-white spectrogram of a 2.4-s bird
song (Thekla lark) produced in 1981 by joining three
printouts of 800 ms each; the spectrogram generation
required 2 hours. The x-axis is time in seconds and y-

—————

axis is the frequency in hertz. Frequency range 0-5 kHz,
sampling frequency 20,480 Hz, and 12-bit resolution
(72-dB dynamic range). From top: spectrogram, envelope,
tracking of dominant frequency, and amplitude plot in dB
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Fig. 1.25 Photograph of
an envelope-plot and color 17

spectrogram generated by
the digital signal processing
workstation based on
HP1000 mainframe in
1985. Recordings were of
calls of a Barbary partridge
(Alectoris barbara)

ETSAR

a
KHz

Pernice sarda

Engineering Design Inc. developed a software
program, called Signal. This software was devel-
oped for computers and was able to control and
communicate with the recording hardware. The
system was able to display spectrograms in real-
time, provide basic time-frequency information
of recorded signals, and store data digitally on
the computer’s hard disc. These developments
revolutionized bioacoustics sound analysis; how-
ever, at the time, these units were expensive,
custom-made, and had very little storage capacity
(the typical storage available in 1985 was 5 MB
on a 15-inch magnetic disc).

In 1985, the spectrographic workstation
was upgraded to produce color spectrograms
(Fig. 1.25; Pavan 1992) on a mainframe computer
(HP 1000) interfaced to an AD-converter and to a
graphic workstation.'> Around this time, the first
personal computers (PC) appeared, and the soft-
ware was rewritten to produce real-time color
spectrograms and signal envelopes using an

15 http://www.unipv.it/cibra/res_dspwstory_uk.html;
accessed 29 Oct 2021.

Intel 8086/8087 processors and a high-quality
Audiologic Duetto sound board produced in
Italy, with sampling frequency up to 48 kHz
with 16-bit resolution, and later with a widely
available and cheap Sound Blaster sound card.
A mouse-driven cursor allowed to take accurate
measures directly on the computer screen, and
printouts were possible in gray scales on standard
matrix-dot printers or on thermal printers. By
storing the recordings in a digital format, it was
also possible to edit the recordings and to play
them back at a different speed or even backward
(e.g., to produce playback tapes for behavioral
experiments).

At the same time, other researchers started
experimenting with digital signal processing.
Aubin (France) and Specht (Germany) developed
similar digital sound analysis systems that
also included the synthesis of sounds for
playback experiments (Bremond and Aubin
1989; Specht 1992; Aubin et al. 2000).
Specialized AD-converters appeared on the mar-
ket to sample analog signals at high rates, which
allowed digital recording and analysis of
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Fig. 1.26 Photograph of the University of Pavia
bioacoustic laboratory equipment in 1989 with a Kay
Sona-Graph DSP 5500, color monitor, thermal printer,

frequencies up to 100 kHz. However, specialized
processors (Digital Signal Processors, DSP) were
required to process ultrasonic signals in real-time
(Pavan 1992, 1994).

In 1987, new commercially available digital
instruments dedicated to sound analysis became
available, among them the Kay Sona-Graph DSP
5500 (Fig. 1.26). This very expensive unit was
able to analyze and display stereo signals in real-
time up to 32 kHz. Either reel-to-reel or cassette
recordings could be used as an input, and the unit
had a thermal-paper printer for printing gray-
shaded spectrograms.

Digital sound storage and analysis became
widespread given the improvements in digital
computer technology and data storage, coupled
with the proliferation of personal computers, and
the development of dedicated sound analysis soft-
ware packages. These advances also fostered the
development of high-quality electro-acoustic and
musical equipment (microphones, recorders, and
AD-converters) for a rapidly expanding consumer
market of musicians and music enthusiasts.
Among the first analysis software dedicated to

portable open-reel stereo recorder, cassette deck recorder,
filter bank, speakers, and headphone

bioacoustics, it is worth to mention Canary,
developed for Macintosh computers at Cornell
University, then replaced by Raven,'® a multi-
platform software developed from the same uni-
versity. For an overview of computer-based bio-
acoustics sound analysis and related algorithms,
see Hopp et al. (1998), Zimmer (2011), and Sueur
(2018). Many academic institutions and
companies started to develop software programs
for PC, Mac, and Linux computers.17

These software programs allowed for easy
recording, manipulation, analysis, and display of
signals. Now, researchers are able to collect huge
acoustic datasets, and computational bioacoustics
faces the Big Data problem. The latest software
programs, either commercial or open source, also
enable the user to run sophisticated detection/

16 Accessed from the K. Lisa Yang Center for Conserva-
tion Bioacoustics https://ravensoundsoftware.com/soft
ware/raven-pro/; accessed 11 Oct 2021.

7 List of available software: http://tcabasa.org/?page_
id=2666; accessed 4 Oct 2021. https://github.com/rhine3/
bioacoustics-software; accessed 20 Jun 2022.
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classification algorithms over long-term data sets
for automated detection of occurrences of a target
sound (see Chap. 8 on detection and classification
methods). This saves much time and avoids hav-
ing to view and listen to the entire recording
manually. Scientists also can use readily available
programming environments (including MATLAB,
Octave, Python, R) to develop their own analyses,
often facilitated by libraries of procedures dedi-
cated to sound processing and bioacoustic analy-
sis (e.g., Sueur et al. 2008; Sueur 2018; Ulloa
et al. 2021).

In the late 1990s, smartphone technology was
developed, along with sound analysis software
for these devices. Smartphones of the twenty-
first century have the same computing power as
a desktop PC. Sound recording and visualization
applications were developed for both Android
and iPhone Operating System (i0S) platforms.
In addition, the development of the Internet of
Things and low-cost computer platforms (e.g.,
Arduino, Raspberry PI, and others) have allowed
scientists to build web-enabled data recording and
analysis systems. These new technologies and
analytical methods can be applied not only to
audible sound but also to infrasonic and ultra-
sonic signals. For example, ultrasonic echoloca-
tion signals produced by bats can now easily be
shifted into the human hearing range, visualized,
and analyzed in real-time with handheld digital
devices, with a smartphone equipped with an
ultrasonic microphone, or remotely monitored
with web-connected recorders.'®

1.7 Summary

Advances in electronic technology over the last
100 years, including the dramatic size reduction
of equipment, increased battery life, increased
data storage capacity, the switch from analog-to-
digital recorders, along with the transition from
analog-to-digital ~ signal  processing, have
facilitated an explosion of research in the field
of bioacoustics. Many of these advances were

18 http://www.bat-pi.eu/; accessed 11 Oct 2021.
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enabled by equipment developed for military
use, professional music applications, human
speech analysis, and for the radio, television,
and film industries. Often an improvement in
one type of equipment led to advancements in
another. Analog devices, which stored data on
magnetic tape, were replaced by digital devices,
such as optical discs, hard drives and solid-state
memory cards. Microphones and hydrophones
are now used in arrays that allow long-term mon-
itoring, localization of the sound-producing
animals, and 3D acoustic recording. Towed
hydrophone arrays allow mobile surveys of
marine sounds, which can be coupled with animal
sightings and environmental data. Autonomous
transducer/recorder units can be deployed for
long-term monitoring of biotic and abiotic sounds
in both air and water in remote habitats. Recently,
smartphone applications have provided an afford-
able and portable bioacoustics laboratory for use
by hobbyists, citizen scientists, and researchers
alike.

The digital revolution in sound recording and
analysis has facilitated significant advances in the
field of bioacoustics and enabled the development
of ecoacoustics, which joins bioacoustics and ecol-
ogy, and computational bioacoustics. Acousticians
are now able to study the sounds from sound-
producing species in a wide variety of locations,
during day and night, year-round, and often
remotely. Many free and commercially available
software packages for recording and analyzing
acoustic data have been developed for computers,
tablets, and smartphones. Artificial Intelligence is
now being applied to big data problems and to
bioacoustic recordings to hopefully classify and
recognize sounds at species level. It has never
been easier or cheaper to study the acoustic world
ranging from infrasounds to ultrasounds. How-
ever, it is always important to know the intrinsic
limitations of each piece of equipment or software,
the constraints given by the environmental context,
and all their potential impact on the final results. It
is also worth considering that bioacoustics and
ecoacoustics are now being widely used to study
and monitor critical and endangered species and to
monitor entire ecosystems to understand climate
change impacts.
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2.1 Introduction

Until a few decades ago, progress in bioacoustic
and then ecoacoustic research was severely limited
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by available equipment. Over time, technological
advances and the availability of user-friendly anal-
ysis software have made bioacoustics research
more commonplace. The advantage of passive
bioacoustic studies (in which sounds are often
remotely recorded) is that the methods are
non-invasive and anyone with a minimal amount
of equipment can record animal sounds. However,
this disadvantage diminishes if a researcher is not
knowledgeable about the characteristics and
limitations of the equipment being used. Given
the rapid advances in digital technology,
bioacousticians are often challenged with keeping
up with these advances. Appropriate selection and
usage of sensors, amplifiers, filters, and recorders,
and proper usage of analysis software are key to
valid studies on animal sounds. This chapter guides
bioacoustics researchers in selecting appropriate
gear for maximizing the outcomes of their research.

To record, store, and play back sounds, there
are two types of devices: analog and digital. Ana-
log recording devices, such as cassette recorders
and reel-to-reel tape recorders, are now obsolete
and almost completely replaced by digital record-
ing devices. However, many researchers over
time have made phonograph, reel-to-reel, or cas-
sette recordings, which provide historical data.
So, when reading an older research article in
bioacoustics, one may have to consider the poten-
tial limitations of the specific equipment used at
the time and their ramifications on the reported
findings. Chapter 1 provides an overview of older
and historic equipment.
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2.2  Basic Concepts of Sound

Recording

The acquisition, storage, and playback of sounds
in digital systems involve the interoperation of a
few independent components (Fig. 2.1). Bio-
acoustics researchers may choose to source the
necessary components and assemble a setup
themselves. The practical considerations for
selecting these components will be covered in
Sect. 2.3. Alternatively, researchers may opt for
pre-assembled equipment. The growing market
has made available a wide variety of programma-
ble, and often customizable, autonomous
recorders. Section 2.4 discusses a few of the
widely used terrestrial and underwater autono-
mous recorders. Organizations developing auton-
omous recorders often invest in the necessary
trial-and-error experimentation for arriving at
optimal combinations of components for different
applications. The use of such pre-assembled
equipment allows bioacoustics researchers to cir-
cumvent the associated efforts (financial and
labor). However, unique demands of specific
studies may not always be addressed by existing
autonomous recorders. Before diving into details
of each component, we provide a quick recap of
the overarching concepts and terminologies.

2.2.1 Sampling Rate and Bandwidth

The sampling rate used when converting analog
electronic signals to digital signals limits the max-
imum frequency that can be recorded. The sam-
pling frequency is measured in hertz, and the
sampling rate (which has the same value but
different unit) is measured in samples/s. The fre-
quency range is limited by the Nyquist frequency,

Fig. 2.1 Signal chain of a
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which is '2 of the sampling frequency (see
Chap. 4). Sampling frequency for the standard
CD is 44.1 kHz (i.e., high enough to match the
full human hearing range). An 8-kHz sampling
frequency suffices to understand the human
voice. Nowadays, digital recorders easily sample
up to 192 kHz and higher, with the flexibility to
choose lower sampling frequencies (32, 44.1,
48, 88.2, and 96 kHz are common). Instrumenta-
tion recorders can have sampling frequencies up
to 1 MHz.

Despite the available sampling frequencies,
the actual recording bandwidth of a recorder is
dictated by the analog electronics before the
analog-to-digital (AD) converter. Because most
commercial recorders are designed for the record-
ing of music or human speech, the upper fre-
quency is often limited to 20 kHz and the
electronics do not have a flat frequency response
beyond this limit, even if selecting a high sam-
pling frequency such as 192 kHz. For profes-
sional recorders, the real frequency response
(i.e., the output amplitude across frequencies as
a function of input amplitude) is usually stated in
the equipment specifications (e.g., flat to within
+3 dB between 10 Hz and 60 kHz). If the fre-
quency response is not specified, it is important to
make some tests using a frequency-generator as a
sound source. It is also important to consider that
the frequencies close to the Nyquist frequency
might be affected by artifacts such as aliasing.

2.2.2 Aliasing

According to sampling theory, to preserve all
information in an analog signal, a sampling fre-
quency at least twice the highest frequency in the
signal (including harmonics) should be used. A
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non-optimal sampling frequency can produce
misrepresentations of components in the original
waveform, which often manifest as artifacts in a
spectrographic display but are not actually pres-
ent in the original signal (see Chap. 4, section on
aliasing). In a spectrogram, the alias is mostly in
the higher frequency region and appears as the
mirror-image of the actual signals beyond the
Nyquist frequency (Fig. 2.2). In digital recording,
anti-aliasing filters (Sect. 2.3.2.2) are required
before the sampling stage to prevent aliasing
from sounds that have components higher than
the Nyquist frequency.

2.2.3  Amplitude Sensitivity

Amplitude sensitivity, expressed as the ratio of
output voltage to input pressure, indicates how
many volts are produced from a sound with a
root-mean-square (rms) sound pressure of 1 Pa
in air and 1 pPa in water. More commonly, sensor
sensitivity is given in decibel: dB re 1 V/Pa for
microphones and dB re 1 V/pPa for hydrophones.
To convert the linear sensitivity to dB, one needs
to take 20 logo. So, a microphone sensitivity of

Aliazing UAS 96kHz

kHz 48 -
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1 mV/Pa (=0.001 V/Pa) can be expressed as
—60 dB re 1 V/Pa. Note that an rms sound pres-
sure of 1 Pa is equal to a sound pressure level
(SPL) of 94 dB re 20 pPa, because

1 Pa = 1,000,000 pPa = 50,000 x 20 pPa;
apply 20 log ;, and get: 20 log ,(50,000) = 94.

The most sensitive sensor is not necessarily the
“best” sensor. When attempting to capture very
loud sound, less sensitive equipment should be
chosen to avoid signal distortion or, in extreme
cases, damaging the equipment. If only a sensor
of low sensitivity is available, then an amplifier
may be used in the recording chain, but self-noise
may become an issue. High sensitivity allows
lower gain settings to promote a good recording.

2.2.4 Bit-Resolution and Dynamic

Range

The dynamic range is the difference between the
highest and lowest sound levels that can be
recorded. Digital recorders usually operate with
16- or 24-bit resolution; 16 bits guarantee a
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Fig. 2.2 Spectrogram (top) and oscillogram (bottom) of
an AD-converter with a sinusoidal frequency sweep from
40 kHz to 100 kHz as input. Sampling frequency 96 kHz,
and thus Nyquist frequency 48 kHz. In an ideal system
with a sharp anti-aliasing filter, the spectrogram would
only go up to 48 kHz and show nothing once the signal
frequency went beyond Nyquist. In this real-world exam-
ple, however, as the signal frequency fexceeds the Nyquist
frequency fy, the alias (appearing as the downsweep) is

created with frequency f—fy. As such, a 50-kHz input
produces a 46-kHz alias and a 52-kHz input produces a
44-kHz alias, etc. The amplitude of the alias depends on
the attenuation of the anti-aliasing filter at the input fre-
quency. An attenuation of —10 dB at 50 kHz produces an
alias at 46 kHz with a level of —10 dB relative to the input
level. Spectrogram generated by SeaPro (http://www.
unipv.it/cibra/seapro.html; accessed 15 Mar. 2021)
software


http://www.unipv.it/cibra/seapro.html
http://www.unipv.it/cibra/seapro.html

40

dynamic range of about 96 dB (unipolar, 90 dB
bipolar) and 24 bits theoretically produce a
dynamic range of 144 dB (unipolar, 138 dB bipo-
lar) thus encompassing the dynamic range of
human hearing. However, even the best analog
circuits rarely exceed 110 dB of dynamic range.
This means that of the available 24 bits, only
20 bits are effectively used to encode the sound
and the others are dominated by noise. In many
conditions, the real dynamic range is limited to
70-80 dB by the noise of the sensor and pream-
plifier. An accurate setting of the recording levels
can allow effective use of 16-bit recorders, with-
out wasting the extra storage space required for
24-bit recording. However, when incoming sound
levels cannot be predicted, the 24-bit setting
allows additional dynamic range for unpredict-
able sound events (e.g., high-intensity impulsive
noises such as from pile driving). The recorded
volume should be set at a particular level to
exploit the dynamic range of the recording
setup: high enough to rise above the equipment
self-noise during quiet times, but not too high to
cause clipping of loud sounds. Recently
introduced recorders allow 32-bit floating-point
recording by combining the output of two 24-bit
converters working with different signal gains.
This simplifies the setting of recording levels but
cannot yet overcome the dynamic range
limitations of the microphones and of associated
preamplifiers.

2.2,5 Self-Noise

All components of the signal chain suffer from
self-noise, which is additive across the signal
chain. Self-noise and dynamic range are the two
critical specifications that affect amplitude
response. For example, when recording in very
quiet locations or to pick up very low-level
sounds, the self-noise generated by the
components of a signal chain must be taken into
consideration, along with dynamic range. Self-
noise limits the spatial range of bioacoustic sam-
pling. It may also be an issue in playback, when
self-noise is amplified and broadcast in addition
to the intended signal. The circuits inside sensors
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can generate broadband background noise with
various spectral shapes (i.e., not necessarily flat
across the frequency band, like white noise, but
worse at higher frequencies). The level of this
noise is expressed in decibel (e.g., dB(A) after
frequency weighting, dB re 20 pPa unweighted in
air, or dB re 1 pPa unweighted in water) to indi-
cate the equivalent sound level of noise as if
generated by the environment. The self-noise of
a sensor is almost always declared in its technical
specifications; the same is true for professional
recorders. On the contrary, for many consumer
recorders, even of high quality, the self-noise
measures are rarely available. A useful compari-
son of the self-noise of consumer recorders avail-
able on the market is presented on the website of
Avisoft Bioacoustics.'

The noisiest component of the chain
determines the quality of the recording. This is
particularly important when recording low-level
sounds (Fig. 2.3). The input self-noise is
expressed as the Equivalent Input Noise (EIN)
measured in an open or unloaded circuit and
expressed in dBU (the “U” stands for
“unloaded”). Very good values range from
—130 dBU to —120 dBU, and poor recorders
have a —100 dBU EIN.

23 Instrumentation of Signal

Chain Components

To ensure that proper equipment is used for
recording, analysis, and playback, researchers
must consult manuals for each piece of equipment
in the signal chain before conducting research. In
some cases, laboratory tests may be required to
verify the real performance or to calibrate equip-
ment (Sect. 2.6). While recording, researchers
must ensure that the frequency response (and, in
turn, bandwidth), self-noise, and dynamic range
(in particular, the maximum recording level) of
the overall recording system do not end up delet-
ing or significantly distorting a portion of the
signal. Otherwise, a researcher can miss part of

! http://www.avisoft.com/recorder-tests/; accessed

1 Feb. 2021.
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Fig. 2.3 Spectrogram depicting high self-noise versus
low self-noise output by three microphone/recorder
combinations. In the left section, a low-noise system was
used and the signal clearly emerged from the environment

an animal’s sound that is outside the recording
system’s sensitivity or frequency range. This
might especially happen, if the sound is above
or below the human hearing range. For example,
elephants communicate with conspecifics using
infrasounds (Payne et al. 1986), and rodents and
bats produce ultrasounds for communication and
foraging (see Chap. 12 on echolocation).

Other features to consider when purchasing
equipment for fieldwork are the construction
quality, weather proofing, reliability, visibility of
the display, and ease of use in harsh conditions
(see Chap. 3 on practical considerations).
Powering the instruments might be a major issue
with regard to practicality, cost, and safety. For
example, low-noise preamplifiers generally
require higher operating currents. Large-capacity
batteries increase the risk of fire. During long field
trips, internal rechargeable batteries may be diffi-
cult to recharge; replaceable batteries may be
easier to manage, and external powering options
could become a necessity (e.g., to power a
recorder with a standard 5 V USB source or
with a 6- or 12-V battery pack). For extended
autonomous deployments, the cost of the power
source might end up exceeding the cost of the
recording equipment.

background. In the following sections, nosier systems
were used; the sounds appear unclear and listening was
unpleasant

2.3.1 Sensors

Microphones and hydrophones convert sound
pressure signals into electrical signals. The elec-
trical signal, which is representative of the origi-
nal sound waveform, can be amplified, filtered,
recorded, visualized, and further analyzed or
converted back to sound for playback or projec-
tion. Speakers work in the reverse and convert the
electrical signal into sound for broadcast. A trans-
ducer converts a signal from one form (of energy)
to another. So microphones, hydrophones, and
speakers are all  transducers.  Usually,
microphones and hydrophones, as long as they
do not have a built-in preamplifier, can be used as
both sound sensors and sound projectors. But
their receiving and projecting amplitude
sensitivities, frequency  responses, and
directionalities may differ.

Each microphone and hydrophone has a
unique amplitude sensitivity, frequency response,
and directivity pattern. These are specified in the
specification sheets of high-quality sound
sensors. A flat frequency response gives the
least distorted audio-signal; however, during sig-
nal calibration, a non-flat response can be
accounted for. The sensor size influences ampli-
tude sensitivity, frequency response, and
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Dynamic Microphone

/

Fig. 2.4 Schematic of a dynamic microphone (left) and a
condenser microphone (right) showing the conversion of
sound waves into electrical audio-signal outputs.

directionality. A sound sensor, to be omnidirec-
tional, should be smaller than the minimum wave-
length of the signal to be received. Large sensors
are more sensitive but tend to limit responses at
high frequencies. Large sensors become direc-
tional at lower frequencies than small sensors do.

2.3.1.1 Microphones

Microphones convert sound energy (from sound
waves) into an electrical audio-signal using a
moving diaphragm or membrane. Two main
types of microphones are common: dynamic
microphones and electrostatic microphones (con-
denser and electret microphones) (Briiel and Kjer
1982). Some microphones are sensitive to particle
motion, as well as sound pressure, which results
in them being very sensitive to sounds very close
to the microphone (i.e., in the near-field). This
often exaggerates the low-frequency components
of the received sound.

In dynamic microphones, a coil on the back of
the diaphragm is immersed in a magnetic field
and generates a current by electromagnetic induc-
tion when the membrane moves (Fig. 2.4). Such
microphones do not require external power, but
they have limited sensitivity, making them most
useful for loud signals or at close range to the
sound source. The delicate mechanical suspen-
sion in dynamic microphones may warrant gentle
handling.

Electrostatic microphones are based on a con-
denser with a thin moving diaphragm (Fig. 2.4).
Movement of the diaphragm changes capacitance
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Condenser Microphone

4 5 6

/

Microphone schematic components: 1. vibrating dia-
phragm, 2. coil attached to the diaphragm, 3. magnet,
4. backplate, 5. battery, 6. resistor, 7. output

in the condenser. Capacitance changes are then
converted to voltage. Condenser microphones
need a high voltage to polarize the condenser. In
contrast, electret microphones are permanently
polarized as their diaphragms are made of
metallic-coated, pre-polarized, plastic membrane.
Both condenser and electret microphones need
power for their integrated preamplifier, with con-
denser microphones requiring additional power to
polarize the condenser. This power may be sup-
plied by an internal 3-5 V battery, 48-V phantom
power (P48), or a Power-In-Plug (PIP) unit. P48
is a standard means of feeding power to a con-
denser microphone with 48 Vdc and is commonly
used in professional recorders. Modern pocket
digital recorders use PIP units for powering their
microphones. The membranes in electrostatic
microphones are delicate and sensitive to humid-
ity, which can be problematic in humid
environments. The lower mass of electrostatic
elements generally yields superior high-
frequency response. However, electrostatic
sensors may be noisier than dynamic sensors.
For studies involving low-frequency sounds,
dynamic sensors may be a better choice.

A radio-frequency microphone is a special
type of condenser microphone, developed by
Sennheiser” in its MKH series. With this type of
microphone, variations of the capacitor modulate
the frequency of a radio-frequency oscillator, and
then a demodulator extracts the audio-signal to be

2 http://www.sennheiser.com/; accessed 15 Mar. 2021.
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transmitted over a cable. The radio-frequency
oscillator and the demodulator are both housed
inside the microphone, and these microphones are
less prone to problems of interference and
humidity.

The more recently developed Micro-Electri-
cal-Mechanical System (MEMS) microphones
have pressure-sensitive elements integrated
directly into a silicon chip (as found in most cell
phones) with similar fabrication technologies
used to make semi-conductor devices. Some inte-
grate an AD-converter to produce a digital output.
Their development resulted from the need for tiny
microphones for cell phones. Because of the
small size and low inertia of their sensors,
MEMS microphones are sensitive to high
frequencies and consequently are used in ultra-
sonic microphones, such as in bat detectors.
Because of their low cost, they are the perfect
candidates for array applications, including
“acoustic cameras” that overlay the image taken
by a video-camera with a map of the sound
sources generated by a matrix of tens or hundreds
of MEMS microphones.

Most condenser microphones have a self-noise
lower than 20 dB(A), which is sufficient to record
music or speech at a close distance, but not suited
to record faint animal sounds and noises in a quiet
environment. The quietest studio microphones
have a self-noise below 10 dB(A); among these
microphones is the Rode NT1A, a cardioid micro-
phone that has an excellent self-noise of only
5.5 dB(A). Even quieter microphones are avail-
able in the category of instrumentation
microphones, but few very expensive models are
available. Lynch et al. (2011) and Pavan (2017)
used very quiet instruments to show that noise in
natural environments can be as low as 10 dB re
20 pPa and even go below 0 dB re 20 pPa below
1 kHz. Of course, a quiet microphone must be
connected to a quiet recorder!

Sometimes, microphone specifications are dif-
ficult to read or self-noise is not provided. One
must examine the parameters that are given, such
as amplitude sensitivity and the signal-to-noise
ratio (SNR). If not differently declared, the SNR
is relative to 94 dB re 20 pPa (i.e., 1 Pa) at 1 kHz
and thus the self-noise can be obtained by
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subtracting the given SNR from 94. If properly
measured and reported, an SNR of 80 dB
(A) means a self-noise of 14 dB(A), which is
pretty good. In other cases, the sensitivity, the
maximum allowed SPL, and the dynamic range
are presented. In this case, the self-noise can be
obtained by subtracting the dynamic range from
the maximum allowed SPL.

Ultrasonic and Infrasonic Microphones
Microphones for ultrasounds are typically small,
with a small membrane with very low inertia.
Ultrasonic microphones are usually condenser
microphones  developed for measurement
purposes, not for recording music; however, the
increasing interest in ultrasonic communication
and echolocation in animals (mainly bats and
rodents, but also insects) has fostered the devel-
opment of a wide range of sensors for
ultrasounds. Ultrasonic microphones for mea-
surement purpose need to have a flat frequency
response; usually they also have high self-noise
and are very expensive. If the flatness of the
frequency response is not a necessity, other,
lower-cost microphones can be used instead
(e.g., low-cost small condenser microphones and
tiny MEMS microphones). Considering that
ultrasonic microphones need high sampling
rates, often beyond those available in consumer
digital recorders or AD-converters (see Sect.
2.3.4), ultrasonic sensors with integrated
AD-converter and USB interface have been
developed. In bioacoustic studies, these are
mainly used for detecting and recording bats
(Sect. 2.3.5), insects (Buzzetti et al. 2020), and
rodents either in the wild or in etho-
pharmacological studies (Buck et al. 2014).
Infrasonic microphones are specially designed
for low-frequency recording, down to 1 Hz or
even 0.1 Hz. Until a few decades ago, Sennheiser
produced the MKH 110, a condenser microphone
with 12-V powering. Now discontinued, it is still
appreciated in the used equipment market. These
microphones have been widely used to record
elephant communication (Payne et al. 1986;
Poole et al. 1988). Currently, microphones
designed for infrasonic applications are largely
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limited to measurement (instrumentation)
microphones.

Measurement and Specialty Microphones
Measurement microphones (or, instrumentation
microphones) are a special class of microphones
designed to make accurate measurements of
sound amplitude within a specified frequency
range, which could be infrasound to ultrasound,
to accurately characterize a sound field or a sound
source. These microphones comply with specific
and rigid requirements. They need to have a well-
defined and stable frequency response to sound
(ideally flat). They usually appear as cylinders
with diameters ranging from 1/8 inch for very
high frequencies (but with low sensitivity) to
2 inches for high sensitivity and low noise (but
limited extension to high frequencies). Normally
based on condenser sensors, these microphones
are often powered at 200 V. Measurement
microphones are usually connected to specific
digital recorders and analyzers, or integrated into
a sound level meter (also known as phonometer).
Usually dedicated to noise measurement, these
microphones are also used to calibrate other
types of instruments (see Sect. 2.6) and to record
sounds for analysis and listening with great accu-
racy. Briiel & Kjaer® are well known for their
measurement microphones; however, other
manufacturers exist as well, providing a wide
range of sensors for applications of sound record-
ing, acoustic measurements, noise monitoring,
building acoustics, cinema calibration, occupa-
tional health, and live sound broadcasts.

Optical microphones are a very special cate-
gory of measurement microphones. A laser beam
is reflected by a very tiny low-inertia sound-sens-
ing membrane, and the reflected beam is then
detected by an optical sensor to extract the modu-
lation given by the membrane moved by sound
waves. Their advantage is the direct optical out-
put that is conducive for long-range transmission
over optical cables and their insensitivity to elec-
tric and electromagnetic fields.

3 http://www.bksv.com/en/; accessed 15 Mar. 2021.
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Wireless microphones transmit the received
sound by a radio signal that can be either a stan-
dard AM- or FM-transmission or a digital format
to ensure signal quality and privacy. Wireless
microphones allow the cable-less transmission in
situations where cables are problematic. Wireless
microphones connected to a multi-channel
receiver allow a wide area to be monitored. In
some cases, the wireless microphones used for
television interviews can be used successfully
(e.g., by placing the microphone close to or inside
a nest and then recording from a distance). A
traditional microphone can also be equipped
with a radio transmitter and a battery that powers
both. The limitations include powering the
transmitters (in particular, in field and long-term
deployments), limited  dynamic  range,
compromised self-noise, and radio-frequency
interference during transmission.

Microphone Directionality

Directionality is an important characteristic of a
microphone. Omnidirectional microphones detect
sound from all directions and can be appropri-
ately used for recording a soundscape (i.e., the
combination of all sounds generated in an envi-
ronment; see Chap. 7). Directional microphones
are good for making recordings of a selected
animal in a specific direction (e.g., a particular
individual in a colony) and for attenuating noise
coming from directions other than the signal
direction (e.g., the noise of a nearby river or
road). Directional microphones thus improve the
SNR by reducing background sounds and noise
coming from other directions in the environment.
In indoor applications, directional microphones
are used to focus on a performer and to attenuate
reverberation from the hall. Widely available
types of directional microphones include cardi-
oid, hypercardioid, bidirectional, and unidirec-
tional (Fig. 2.5). Cardioid microphones exhibit a
heart-shaped directivity (i.e., they are less sensi-
tive at 180° from the sound source) and they are
often used with parabolic reflectors. The
hypercardioid microphone is less sensitive at
+120° from the direction to the sound source.
Bidirectional microphones pick up sound in a
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a.
270° 90°
180°
C.
270° 90°

180°

Fig. 2.5 Polar patterns of directionality of different
microphones. With microphones facing the top of the
page, these patterns extend from the axis of the
microphones, and thus present directivity in the vertical

figure-of-8 pattern equally from two, opposite
directions.

Shotgun microphones (Fig. 2.5d) are the most
directional and commonly used for recording a
specific animal. Their use is desirable when it is
necessary to improve the recording level of a
specific sound source, or to attenuate unwanted
sound coming from other directions. The design
of shotgun microphones (such as the Sennheiser
K6/ME66 or the MKH 8070) is based on the
interference tube principle; usually a cardioid
condenser microphone is placed at the end of a
tube with slits on sides, canceling off-axis signals
(Fig. 2.6). The directivity increases with the
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b.
270° 90°
180°
d.
270° 90°

-15dB
-10 dB
-5 dB

180°

plane. In the horizontal plane, these patterns are symmet-
rical (i.e., they rotate about the vertical axis). (a) omnidi-
rectional, (b) cardioid, (c¢) bidirectional (figure-of-8), and
(d) shotgun (lobar)

length of the interference tube and with the fre-
quency of incoming signals, so that at high fre-
quency (> 4 kHz), the receiving lobe is quite
narrow. For lower frequencies, the directivity
decreases. This also means that off-axis sounds
are not only attenuated, but also have a modified
frequency spectrum, with high frequencies more
attenuated than low frequencies. At wavelengths
longer than tube length, off-axis attenuation is
null. If interested in higher frequencies, such as
bird songs above 1 kHz, a high-pass filter to cut
off low frequencies (e.g., to attenuate wind noise
or traffic noise below 150 Hz) is available in high-
quality microphones.
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Fig. 2.6 Photograph (left) of a modular microphone
(Sennheiser K6/ME66) with the preamplifier body that
hosts a battery to power the microphone in case the P48
powering is not available; the sensing capsule is inter-
changeable (omni ME62, cardioid ME64, short shotgun

Monophonic and Stereophonic Recording
Monaural recordings are made with a single
microphone. Stereo recordings are made with
two microphones and provide a sense of depth
or movement through space in recordings. Stereo
recording offers spatial information, which helps
better discriminate sound sources in the
surrounding space. Three primary setups are
used for stereo recordings (Fig. 2.7): XY, binau-
ral, and MS (middle-side). A common setup for
the XY stereo recording uses two cardioid or
super-cardioid microphones placed at 60° or 90°
angles, nose-to-nose. The two microphones can
be coincident or spaced. In some cases, the left
microphone points in the left direction, in other
cases, the left microphone points in the right
direction and the right one in the left direction.

20 50 100

200 500 1000 2000 5000 10000 20000 Hz

MEG66, shotgun ME67). Polar pattern (top-right) of the
microphone at different frequencies and the frequency
response (bottom-right) on axis and at 90° from the
sound. Reprinted with permission from Sennheiser

In the binaural stereo recording configuration,
two omnidirectional microphones are placed
approximately the distance between the ears of a
typical human head (16-18 cm spacing) through
the use of a mannequin head that simulates a
human head and ears. This presents the idea of
three-dimensional (3D) sound experience as the
listeners with headphones have the sensation “to
be there,” with their ears in the same position of
the microphones. The microphones can also be
separated with nothing in-between, or with just a
generic separation, such as a sphere of foam, or a
Jecklin disk. Another special binaural configura-
tion is called the Stereo Ambient Sampling Sys-
tem (SASS) design that simulates a human head.
Compared with other techniques, with exception
of the true binaural, this type of recording
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Fig. 2.7 XY recording configuration (left) using two
cardioid microphones, and MS recording configuration
(right) which typically combines a cardioid microphone

produces the best spatial image when heard
through headphones. In some setups, cardioid
microphones angled at 60°-90°, like in the XY
configuration, are used to enhance left-right
separation.

In the MS microphone stereo recording setup,
a cardioid microphone is piggy-backed on top of
a bidirectional microphone. The cardioid picks up
frontal information, whereas the bidirectional
microphone gets sounds coming from the sides
only. This type of recording requires specific
electronics, or signal processing to combine the
signals to produce a traditional stereo image. In
essence, the signals from the left and right
capsules are summed out-of-phase before being
combined with the mono-signal. This computa-
tion allows the recordist to control the width of
the stereo spread and make other adjustments in
post-processing. In the early stages of the sound
industry, this helped to maintain the compatibility
among mono and stereo recordings. Several
microphone arrangements have been developed
for stereophonic recording; for a comprehensive
review, see Rayburn (2011) or Streicher and
Everest (1998).

Latest developments, mainly driven by the
film industry to produce an immersive 3D (full-
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in the middle and a bidirectional microphone taking the
sounds coming from the sides (figure-of-8 polar pattern)

sphere, surround-sound) acoustic environment,
capture sound not only in the horizontal plane,
but also above and below the listener. Surround-
sound recording requires several microphones in
a 3D configuration, whose signals (channels) are
electronically or digitally combined to produce
both stereo and multi-channel surround-sound
experiences, or to create specific receiving
beams (e.g., to focus on a sub-space or on a
specific source). The Ambisonics system allows
recording of sound pressure on 3 axes with
4 microphone capsules mounted as a small tetra-
hedron (first order Ambisonics) (Zotter and Frank
2019). Higher-order Ambisonics microphones
can have up to 32 capsules on a small sphere to
achieve higher directional details and to simulate
virtual directional microphones to be oriented in
any direction during post-processing.

Microphone Arrays

Arrays of sound sensors are used to monitor
animals across habitats, locate and track sound
sources (such as individual animals), and study
environmental noise. Arrays may be stationary
(fixed in location), freely drifting (e.g., suspended
from balloons), or towed. Ambisonic
microphones, are a special case of microphone
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arrays. The sensors in an array operate in tandem.
Their signals are combined in digital signal
processing. A number of requirements need to
be met for successful array processing (e.g., to
track a bat by its biosonar). Sensor locations need
to be known accurately. Sensor directionality
needs to be known. Sensor spacing must be such
that the target signal can be detected on multiple
sensors. These sensors need to be matched and
their eccentricities need to be computed. Time
differences of arrival (TDOA) need to be
computed between sensors. An overview of digi-
tal signal processing algorithms to locate and
track sound sources is given in Chap. 4.

While the complexity of meeting the above
requirements has limited the application of micro-
phone arrays for animal localization and tracking
in terrestrial environments, Mennill et al. (2012)
successfully deployed an array of wireless
microphones with integrated Global Positioning
System (GPS) time synchronization to make
accurate measurements of the position of a
sound source by computing TDOAs of the same
sound at different microphones. They discuss
how this system may be implemented to monitor
frogs, birds, and mammals. Jensen and Miller
(1999) used a 13.5-m vertical, linear microphone
array that allowed for simultaneous recordings
of bat signals at three different heights of vegeta-
tion. With this design, they were able to calculate
flight direction, altitude, and distance from the
array.

The literature sometimes presents arrays of
sensors that do not operate in tandem. Rather,
sensors are widely spaced over a potentially
large area, sampling independently without syn-
chronization. The applications are not to locate
and track individual sound sources, but rather to
monitor a soundscape, compare animal presence/
absence across sites, or evaluate environmental
noise over a large area. During digital signal
processing, noise levels might be compared
across sites and perhaps interpolated to produce
a noise map. For example, the Cornell Lab of
Ornithology uses an array of 30 recorders to
monitor animal habitat use on a wide spatial
scale and to assess anthropogenic impacts
(Fig. 2.8).

S. Madhusudhana et al.

Do-it-Yourself (DIY) Microphones
Microphones well-suited for bioacoustic studies
can be built with microphone capsules costing
only a few US dollars. Examples are the omnidi-
rectional electret capsules from  Primo
Microphones Inc. (EM models)4 or the PUI
Audio Inc. AOM-5024 L model.” These capsules
can be powered directly by PIP when connected
to a handheld digital recorder, or powered with a
battery and a simple electronic circuit. Adapters
can be easily built to power PIP microphones with
the P48 powering provided by professional
recorders that do not provide PIP.° DIY
microphones can be easily assembled to experi-
ment with different spatial configurations, even in
the focus of a parabolic reflector, or to have
low-cost expendable microphones for very spe-
cific field tasks.

Deployment Considerations
In open-field environments, wind can affect sig-
nal reception by a microphone by causing
non-acoustic noise, which is an artifact of turbu-
lent pressure fluctuations at the external surface of
the microphone. Such turbulent pressure
fluctuations may be caused by the obstruction
that the microphone itself presents. Turbulent air
flow may also be caused elsewhere and produce
noise artifacts in recordings as the perturbations
travel past the microphone. Even a light breeze
can produce strong low-frequency noise artifacts,
which can overload the internal electronics or the
recorder. Microphones can be fitted with a
windsock to reduce wind noise. A windsock can
be easily made with commercially available open-
cell foam, which limits air flow but allows sound
waves to reach the microphone membrane. For
severe wind conditions, a fur-like cover is prefer-
able (Fig. 2.9).

When aiming to record animals in a specific
direction (e.g., a bird calling from a tree), a direc-
tional microphone should be used and pointed at

4 https://www.primomic.com/; accessed 15 Mar. 2021.
> https://www.puiaudio.com/; accessed 13 Aug. 2021.

® http://tombenedict. wordpress.com/2016/03/05/diy-
microphone-em172-capsule-and-xIr-plug/; accessed
13 Aug. 2021.


https://www.primomic.com
https://www.puiaudio.com/
http://tombenedict.wordpress.com/2016/03/05/diy-microphone-em172-capsule-and-xlr-plug/
http://tombenedict.wordpress.com/2016/03/05/diy-microphone-em172-capsule-and-xlr-plug/
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Fig. 2.9 Photograph of a microphone setup with pistol
grip and elastic suspension, foam windsock, and additional
furry windsock for maximum wind protection. Reprinted
with permission from Sennheiser

the bird. It will focus sound recording in the
direction of the bird and limit background noise
from other directions. An alternative to a highly
directional shotgun microphone is a cardioid
microphone placed in the focus of a parabolic
reflector (Fig. 2.10). The microphone is pointed
toward the parabolic reflector, facing into the
dish, not toward the animal. Ideally, the
microphone’s beam pattern would be matched to
the solid angle subtended by the reflector. The
diameter of the parabolic reflector determines
which frequency range of incoming sounds will
be amplified (Fig. 2.11). To be reflected, the
wavelength of the incoming sound must fit inside

the dish. The lowest frequency a parabola can
reflect, and thus focus on the microphone,
depends on the dish diameter (Wahlstrom 1985).
For a 1-kHz signal, a 30.5 cm diameter dish is
fine, and for a 500-Hz signal, a dish of 61 cm in
diameter is required. The very low frequency of a
lion roar (40-200 Hz) would require a dish about
10 m in diameter.

Compared to shotgun microphones, parabolic
reflectors intercept a much wider quantity (pro-
portional to the diameter and surface of the reflec-
tor) of acoustic energy and concentrate it on the
microphone, thus providing a high gain. How-
ever, this gain is proportional to the frequency
and the parabola diameter, thus producing a
recording with increased high-frequency levels
that requires equalization in post-processing
(some parabolas can have equalization built-in).
As a rule of thumb, the more wavelengths are
contained in the parabola diameter, the higher
the gain and greater the directionality. Because
of these features, parabolas, with the right choice
of microphones, can provide excellent recordings
of very quiet, distant sources. For example, in a
taxonomic and behavioral study of chipmunks
(Neotamias spp.), Gannon and Lawlor (1989)
used a 5l-cm parabolic reflector with a
Sennheiser ME-20 omnidirectional microphone
and K3U preamplifier. Chipmunk calls were in
the range of 4 kHz to 15 kHz, so this size dish was

Fig. 2.10 Diagram of a parabolic dish and microphone used to record a bird on a tree. The parabolic solution gives
added amplification and directivity, which helps in recording a single animal, a quiet animal, or animals at a distance
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Fig. 2.11 Sketch of frequency response and gain of a
generic microphone placed in parabolas of different
diameters. The red lines show the frequency response of
an ideal microphone, with the option of a high-pass filter to
reduce low-frequency noise below 80 Hz. The blue lines

adequate  for detecting this
mid-frequency calls.

To produce a more pleasant recording, it is
possible to record in stereo by using two
microphones in the focus, separated by a thin
plate. This way, sounds coming from the frontal
axis of the parabola reach both microphones with
the same level, while off-axis sounds are focused
more on one side. Another option is to place an
MS microphone combination in the focus of the
parabola. Listening with headphones helps in
pointing the parabola on the source of interest
and gives immediate feedback on the quality of
the sounds being recorded. When analyzing
recordings made with a parabola, it is important
to take into account that the frequency response is
not flat as it increases with frequency (Fig. 2.11).
In some cases, slightly moving the microphone
out of focus reduces the high-frequency emphasis
and produces a more pleasant sound.

range  of

2.3.1.2 Hydrophones

A hydrophone is a piezoelectric transducer that
converts sound waves in water to electrical
signals. Hydrophones can receive sound in air,
but the sound has to be of very high amplitude.
Because the acoustic impedances of the medium
and the sensor match much better in water than in
air, hydrophones have to be less sensitive, or they
would easily overload. The underwater sensor

1000 10 000 20 000

show the theoretical gain of three parabolas of different
sizes. The gain is proportional to frequency and to the
parabola diameter. Actual response may vary depending
on the shape and depth of the parabola and on the response
and positioning of the microphone

usually is sealed in a resin package with a water-
proof connector and needs to be handled with
care. After use in saltwater, a hydrophone should
be rinsed with freshwater or else connections are
likely to corrode.

A piezoelectric transducer can be used as a
sensor or projector; however, when the transducer
has a built-in preamplifier, it can no longer be
used as a projector, but only as a sensor.
Hydrophones are much less sensitive, and a
great deal of power is needed (from an external
amplifier) to drive a hydrophone as a projector.
As a sensor, a hydrophone can have a built-in
preamplifier that matches the frequency response,
dynamic range, and high impedance of the trans-
ducer. A few hydrophones on the market with
built-in preamplifier (Fig. 2.12) can be powered
directly by a recorder, computer, or analysis sys-
tem (e.g., either by P48 or by PIP at 2-5 Vdc).
Most preamplified hydrophones require powering
through dedicated cables and can require single or
dual powering (e.g., +12 V,or —12 Vand +12 V)
to be provided by a battery box (Fig. 2.12). A
popular low-cost hydrophone is the H2c from
Aquarian Audio,” which allows PIP powering.
The DolphinEalr8 is an inexpensive, lightweight,

7 http://www.aquarianaudio.com/; accessed 15 Mar. 2021.

8http://www.dolphinearglobal.com/; accessed 19 Jun.
2022.
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Fig. 2.12 Photographs of an ITC 6050C hydrophone with built-in preamplifier and external battery power (left) and a
Cetacean Research Technology C57 hydrophone with cable and battery box (right; courtesy of J R Olson)

battery-operated hydrophone with an external
amplifier and headset that is good for ecotourism
or classroom use. Other relatively low-cost
hydrophones well suited for marine mammal
studies are produced by Cetacean Research
Technology.’

To record underwater sound in open water
from a distant source, a sensitive hydrophone is
needed. Good sensitivity would be —160 dB re
1 V/pPa. Such a hydrophone produces 1 V when
receiving 160 dB re 1 pPa of acoustic pressure
and 1 mV for a signal of 100 dB re 1 pPa. If used
for recording a signal at 180 dB re 1 pPa, it will
produce a 10-V output and may overload the
connected electronics. To record underwater
sound at close distance (e.g., in front of an
echolocating dolphin which can produce pulses
with source levels above 220 dB re 1 pPa m
pk-pk), a low-sensitivity hydrophone is needed
(e.g., one that has a sensitivity of —210 dB re
1 V/pPa). Very likely, such a hydrophone cannot
be used for recording low-level sounds from a
distant source because it requires high amplifica-
tion and consequently produces high electronic
noise. However, using hydrophones with built-in
preamplifiers when powerful signals can occur
risks overloading of the preamplifier, thus pro-
ducing distorted signals. Erbe (2009) used four
different hydrophone systems (differing in

9 http://www.cetaceanresearch.com/; accessed

15 Mar. 2021.

amplitude sensitivity) to record impulsive pile
driving at ranges from 14 m to 1330 m.

Hydrophones can vary considerably in their
frequency response; some are used specifically
for low-frequency, mid-frequency, or high-
frequency reception. Typically, hydrophones are
smaller than the wavelengths that are being
recorded. But, with the smaller sensor comes a
lower energy input. This results in lowered sensi-
tivity. Generally, the smaller the piezoelectric
element, the broader the frequency range, but
the lower the amplitude sensitivity. Lower sensi-
tivity can require higher amplification, and thus
can produce higher electronic noise. Piezoelectric
hydrophones usually have a resonance peak in the
upper part of their bandwidth, so that optimum
operation of the hydrophone is along the flat
portion of the frequency response curve below
resonance. Reception at other frequencies could
be used, but the difference in response of the
hydrophone needs to be accounted for during
analyses. Some studies require the use of multiple
hydrophones to cover the entire frequency range
of the animal’s sounds.

Hydrophone Directionality

Hydrophones, much like microphones, have
directional receiving and transmitting
characteristics, depending on the size and shape
of the transducer (Fig. 2.13). Spherical
transducers receive and transmit signals uni-
formly in all directions. With a cylindrical
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Fig. 2.13 Specifications and polar plot of directional ITC
3003D transducer (left) and omnidirectional ITC 1007
transducer (right). Reprinted with permission from Gavial

transducer, sounds are received and projected
uniformly in the horizontal plane, assuming the
transducer is suspended vertically. In the vertical
plane, the transducer will have a directivity pat-
tern. If the transducer has a planar shape, it will
have two beams on its opposite faces as shown in
the left polar plot in Fig. 2.13. When used as a
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10dB/div “~__

210 80 150
Directivity Pattern at 10.0 kHz

ITC  (https://www.gavial.com/itc-products;  accessed

22 Aug. 2021)

sensor, a spherical hydrophone is typically omni-
directional (receives sounds equally from all
directions) as shown by the right polar plot of
Fig. 2.13. Used as a projector, the directivity
pattern of a hydrophone changes depending on
the frequency being projected (directivity
increases with frequency).
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Sonobuoys

A sonobuoy is a canister housing a hydrophone,
dampening cable, battery, recording/transmitting
electronics, and a transmitting antenna. Navies of
the world use sonobuoys for underwater listening
by deploying them from aircraft or ships. These
devices also may be used for bioacoustic studies.
Once a sonobuoy is deployed in saltwater, a bat-
tery is activated, which triggers the inflation
(CO,) of a flotation balloon and antenna. The
hydrophone and associated dampening cables
can be set to drop to a pre-selected water depth
(i.e., 30, 60, 120, or 300 m). During operation, the
sonobuoy canister floats at the water surface with
the antenna in the air and transmits acoustic data
in real-time to a receiver onboard a vessel or
aircraft or to a receiver at a station onshore.
After a preset time (e.g., 1, 2, 4, or 8 h), a burn-
wire penetrates the flotation balloon, and the
sonobuoy fills with water and sinks to the
seafloor.

Analog sonobuoys (Fig. 2.14) are available in
two common configurations: omnidirectional
sonobuoys (with a frequency response of up to
20 kHz) and Dlrectional Frequency Analysis and
Recording (DIFAR) sonobuoys, which provide
bearing information on incoming signals. The
latter type has been used to determine source
levels and calling rates in cetaceans (e.g., Miller
et al. 2015). The most recent generation of
sonobuoys features a digital recording system
and is equipped with GPS technology.

Fig. 2.14 Photograph of a sonobuoy deployed from a
ship to monitor whale sounds in the Mediterranean Sea
(SOLMAR Project, http://www.unipv.it/cibra/res_solmar_
uk.html)

Stationary Hydrophone Arrays

Stationary hydrophone array configurations
include moorings (with or without surface
buoy), seafloor packages, or cabled systems.
Arrays of permanent, stationary hydrophones
can be placed on the seafloor and connected via
cables, either electrical or electro-optical, to
processing centers located on shore. Multi-
channel receivers allow listening or recording of
sounds from multiple hydrophones. Typically,
the array is optimized for long-range acoustic
reception by using very-low-frequency sensors.
Some bottom-mounted arrays are equipped with
wideband hydrophones to allow scientists to
monitor a wide variety of marine species, as
well as ambient noise levels (e.g., Caruso et al.
2015; Favali et al. 2013; Nosengo 2009; Sciacca
etal. 2015). Usually, these arrays are installed and
maintained by navies, oceanographic
organizations, or research centers for many years
(see Chap. 1 for a list of past and current bottom-
mounted hydrophone arrays deployed around the
world).

Towed Hydrophone Arrays

A towed array contains several hydrophones (not
necessarily of the same type), commonly housed
in an oil-filled sleeve (Fig. 2.15), where the oil
matches the acoustic impedance of sea water.
Originally developed for navies and geophysical
survey companies, towed arrays were bulky and
expensive, and mainly received low-frequency

Fig. 2.15 Photograph of a towed array under water,
developed by the University of Pavia (Italy), with the
tow vessel in the background
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sound (<15 kHz). In more recent years, light-
weight, wideband towed arrays sensitive up to
100 kHz and more have been developed to meet
the requirements of researchers aiming to study
marine mammals from small platforms, such as
sailboats (Pavan and Borsani 1997; Pavan et al.
2013). By simultaneously processing sound from
more than one hydrophone (or group of
hydrophones), the bearing (or even location) of
the vocalizing animal maybe be determined (see
Chap. 4, section on sound localization). Towed
arrays are used for line-transect surveys and to
sample animals in their environment over a wide
geographic range.

A straight-line array cannot resolve between
signals arriving from the port or starboard side
without the vessel changing course or using mul-
tiple array deployments (Thode et al. 2010).
Large arrays (sometimes hundreds of sensors,
possibly with different frequency sensitivities
and bandwidths) allow tracking of multiple
sources simultaneously by selective beamforming
(Zimmer 2011). More complex towed systems
use a 3D hydrophone configuration called a volu-
metric array (Zimmer 2013) or vector sensors
(Thode et al. 2010) to locate sound sources in
three dimensions. Acoustic vector sensors are
sensitive to particle velocity rather than to pres-
sure and hence sense the direction of incoming
sound waves and resolve the directional
ambiguities. Thode et al. (2010) attached a vector
sensor module to the end of an 800-m towed array
to detect sperm whale clicks and compute unam-
biguous bearing estimates of whales over time.

Many towed arrays have a depth sensor, so the
operator knows the tow-depth in relation to the
sound velocity profile in the water column. Such
information allows the user to position the array
either in a surface duct or below the thermocline
to listen to sounds coming from deep water (see
Chap. 6 on sound propagation under water).
Additionally, the depth information enables
subsequent array processing to exploit the surface
effects on sound propagation to improve localiza-
tion accuracy.

Array performance is degraded (in particular
below ~1 kHz) by vessel self-noise, hydrody-
namic noise artifacts (flow noise), and
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non-acoustic mechanical vibration, which reduce
the ability to capture low-frequency animal
sounds and which can cause an acoustic overload
of the recording chain. To mitigate these issues,
tow speed should usually not exceed 6 knots. A
long cable with special elastic sections in the
array can dampen vibrations. Flow- and vessel-
noise can be mitigated with a smooth high-pass
filter (e.g., 500 Hz, 12 dB/octave; see Sect. 2.3.2.1).

Deployment Considerations

To operate properly, hydrophones must have little
vertical or horizontal movement. Water flow over
the surface of the hydrophone generates pressure
fluctuations, which appear as noise in
spectrograms but which are not due to an acoustic
wave. This flow noise is an artifact of deployment
(see Chap. 3, section on flow noise). It is typically
of low to mid frequencies (see, for example,
the spectrogram in Fig. 3 in Erbe et al. (2015)
showing flow noise in marine soundscape
recordings) and thus can be filtered out with a
high-pass filter, but this limits the recording of
low-frequency sounds. Large or rapid vertical or
horizontal movement of a hydrophone (e.g., if it
is deployed over the side of a boat) may cause the
system to be saturated with no useable recordings
collected. It is very difficult to make good
recordings in the open ocean; a hydrophone
often needs to have its own flotation system,
rather than be suspended from a boat; otherwise,
the movement of the boat will translate into
movement of the hydrophone. The horizontal
component of water flow past a hydrophone
may be minimized by deploying freely drifting
hydrophone systems (e.g., suspended from a
freely drifting buoy). The vertical component of
water flow past a hydrophone may be minimized
by dampening systems; for example, suspending
the recorder on a bungee with a movement-
dampening drogue, or by using a catenary
floatation line (see Chap. 3 and Fig. 5 in Erbe
et al. 2019). In towed arrays, long towing cables
and  specifically  designed  hydrophones
(acceleration-compensated) are used to avoid sat-
uration of the hydrophones from movement.
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2.3.2  Filters

Filters are used to minimize unwanted noise from
the environment (including other animals) or
electronic self-noise. Filters can be used while
recording or during post-processing. Filtering
during recording facilitates conserving recorder
dynamic range for signals in the frequency band
of interest. A filter can be a stand-alone unit
(some also have an amplifier) or filtering can be
achieved using software, either in real-time or in
post-processing. Note that filters are not a “magic
wand” to make a bad recording clean. While
recording, filters can be wused to suppress
unwanted noise without affecting the sounds of
interest only when the noise and the sounds do
not overlap in frequency. If noise and sounds do
overlap (in frequency, or in time, or both), it is
possible to perform some filtering or noise
removal in post-processing. However, the settings
need to be carefully chosen. Some microphones
and digital recorders (Sect. 2.3.4) have built-in
selectable filters, often with selectable attenuation
rates.

2.3.2.1 Low- and High-Pass Filters
Using a low-pass filter, the recordist can set a
frequency above which signals are attenuated. A
high-pass filter attenuates signals below a selected
frequency. High-pass filters are often used to
reduce low-frequency noise generated by wind
and road traffic in terrestrial recordings and flow
noise in underwater recordings. For example, to
record a bird singing in the 2-5 kHz range, a high-
pass filter set at 1 kHz will suppress traffic noise
(which is typically below 500 Hz). A band-pass
filter combines low-pass and high-pass filters. All
filters have a transition bandwidth at the intersec-
tion of the pass band and the attenuation band,
where there is a roll-off in the attenuation amount
(steepness), which is normally expressed in
dB/octave (e.g., 6 dB/octave in a smooth filter,
or 24 dB/octave for a steeper filter). The greater
the roll-off, the sharper the filter. However,
sharper filters have longer impulse responses
and generate longer artifacts in the output
waveforms.
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2.3.2.2 Anti-Aliasing Filters

Digital recorders and audio interfaces have built-
in anti-aliasing filters with varied performances;
whereas instrumentation recorders and instru-
mentation acquisition boards usually do not
have built-in anti-aliasing filters and require a
separate signal-conditioning device to perform
filtering and adjust the signal level. The avail-
able filters have their specific shape and thus can
influence the frequency response of the
recording.

AD-converters (Sect. 2.3.4) in recording
equipment (either stand-alone recorders or exter-
nal converters connected to a computer) have
relatively smooth anti-aliasing filters that attenu-
ate frequencies starting somewhat below the
Nyquist frequency, but do not completely cut
out the signal at Nyquist. Attenuation at Nyquist
is often in the range of 6-12 dB, and the maxi-
mum attenuation (the FZero of the filter) is
located above the Nyquist frequency.

The anti-aliasing filter shape is rarely reported
in equipment specifications; tests are required to
evaluate the anti-aliasing performances of the
AD-converter, in particular if wideband signals
are to be recorded and analyzed. Concern for
aliased components is required for any type of
signal possibly exceeding the Nyquist frequency,
including external interferences captured by the
electronics and cables, as well as higher
harmonics of the signals to be recorded. A labo-
ratory test with a frequency-generator signal
sweeping across the whole frequency range of
the recorder and beyond the Nyquist frequency
can reveal unexpected and unwanted performance
by the converter.

2.3.3  Amplifiers

A preamplifier conditions the incoming signal
from a transducer and boosts the signal before it
is recorded. A preamplifier converts a weak elec-
trical signal into a stronger, noise-tolerant output
signal for further processing. Without preampli-
fication, the recorded signal could be noisy or
distorted. The preamplifier has a high input-
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impedance (i.e., it requires only a small current to
sense the input signal) and a low output-
impedance (so that when a current is drawn
from the output, the change in the output voltage
is minimal). In other words, a preamplifier
converts a high-impedance input signal from a
transducer to a low-impedance output signal.
Besides lowering impedance, some preamplifiers
also provide amplification (typically 20 to 26 dB).
This is not true for most preamplifiers and hence
they are typically paired with amplifiers.
Preamplification should be constant across the
recording bandwidth so as not to distort the sig-
nal. The frequency range and dynamic range
specifications of the preamplifier and amplifier
need to match other electronics in the recording
system. For recording faint animal sounds or
quiet soundscapes, the quality of the preamplifier
is often an issue and must be considered carefully
relative to the required use and the transducer to
be connected.

An amplifier increases the signal gain after it
is captured to drive the signal along a cable to the
AD-converter without significantly degrading
the SNR. Amplifiers can boost hydrophone
signals as much as 60 dB (1000x). However,
amplifying a signal will also increase ambient
background sounds and self-noise; very high
amplification could inadvertently make the
noise level so high that desired signals cannot
be recorded with good fidelity. Amplifiers for
microphones are battery-powered and have
high- and low-pass filters, which makes them
useful for fieldwork.

Speakers include power amplifiers that drive
a projector to generate high-amplitude acoustic
signals in air or under water. The power ampli-
fier provides the higher current to drive the
speaker. Most power amplifiers used in high-
fidelity home-entertainment systems also can
be used in bioacoustic research. However, in
some cases, more power and bandwidth are
needed so that commercial broadcast power
amplifiers must be used. No matter what class
of amplifier or preamplifier is used, one should
always consult the manufacturer’s manual.
Over-amplification can “blow” a loudspeaker
or underwater projector.
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2.3.4 Analog-to-Digital Converters
and Digital Recorders
Despite declared sampling frequencies and

bit-resolution, AD-converters, either in a stand-
alone recorder or in a computer audio-interface,
are based on diverse technologies and can affect
the quality of a recording. For example, delta-
sigma converters have high noise at high
frequencies, beyond the human hearing limits,
which becomes evident in wide-bandwidth
power spectra and spectrograms. Another prob-
lem is jitter from instability of the clock driving
the AD-converter and the digital stream. Exces-
sive jitter can reduce the quality of recordings and
can be seen easily by analyzing a clean test tone.
Jitter can produce both random artifacts
(Fig. 2.16) and periodic artifacts with well-
defined frequencies. Jitter cannot be minimized
by the user because it is characteristic of a given
device. AD-converters can be divided into two
main categories: for musical use, generally lim-
ited to the standard sampling frequencies of 44.1,
48, 96, and 192 kHz, or for instrumental
measures, with sampling frequencies ranging
from 100 Hz to 1 MHz and more. Converters
for the consumer and prosumer musical market
have smooth anti-aliasing filters included, suit-
able for musical signals, and a high-pass filter
usually set below 10 Hz; instrumentation
converters do not have any filter on their inputs
and will sample any signal starting from 0 Hz
(DC coupling). When using instrumentation
converters, aliasing problems must be considered,
and external anti-aliasing filters must be included
in the recording chain (see Sect. 2.3.2.2).

An inexpensive and very  portable
AD-converter unit is PoScope’s'® Megal sam-
pling at 500 kHz at 12 bit and recording directly
to a PC in PCM files via USB interface. However,
the PoScope, as most industrial data acquisition
systems, including most National Instruments'
devices, has no anti-aliasing filter and the mea-
surement needs to be sampled at a rate much

19 https://www.poscope.com/; accessed 15 Mar. 2021.
1 http://www.ni.com/; accessed 22 Aug. 2021.
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Fig. 2.16 Spectrogram of a sinusoidal tone sampled at
44,100 Hz with a poor AD-converter (top panel). Note the
low-intensity broadband noise (blue components) due to
random jitter around the red line representing the tone’s
central frequency. Spectrogram of the same sinusoidal

higher than the highest frequency contained in the
input signals. If the upper-frequency content of
the signal (including any possible noise or inter-
ference such as those generated by video
monitors, digital networks, and switching power
supplies) is unknown, use a good-quality,
low-pass external filter at the known or presumed
upper cut-off frequency while recording and digi-
tally filter and down-sample the recorded file
thereafter. It is also important to consider that
strong low-frequency sounds below the desired
frequency range can limit the dynamic range at
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tone sampled at 44,100 Hz with a good AD-converter
(middle panel); the broad blue band is absent in this
image. The bottom panel shows the constant amplitude
of the signal waveform

higher frequencies of interest, so using a high-
pass filter at a selected low frequency while
recording is recommended.

AD-converters are more commonly available
in the consumer market as “digital recorders” that
also include the circuitry to save recorded data to
permanent storage (e.g., SD-cards or internal
memory) and an interface for powering the other
components (either from an external source or
through internal batteries). Some digital recorders
also offer built-in selectable high-pass filters,
which can help reduce the low-frequency noises
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produced by handling and suppress wind or flow
noises.

The frequency response of the digital recorder
should be matched to the frequency response of
the sensor—preamplifier—amplifier system as close
as possible and to the needs of the research. The
component with the narrowest frequency
response is the limiting factor in the recording
chain. All AD-converters have a maximum volt-
age range at the input that can be converted with-
out overloading or clipping. The trick is to stay
below the clip-level and still have good dynamic
range and SNRs. Other important features in
selecting the appropriate recorder are: the number
of channels (e.g., 2, 4, 8, or more), durability,
reliability for field-use, battery duration, flexibil-
ity and ease of use, maximum storage, integrated
sensors (unidirectional or directional), inputs for
external sensors, power options for the external
sensors (P48 and/or PIP power), and the capabil-
ity to connect a remote-control or a timer. Some
recorders (especially many analog and digital tape
recorders and video-cameras) use Automatic
Gain Control (AGC) to keep the recorded volume
within the same amplitude range. Other devices
have an Auto Level Control (ALC) setting or a
limiter function designed to avoid overloading or
clipping. Some recorders indicate clipping either
by a level-meter or with a flashing light. Any
AGC, ALC, or limiter options should be disabled
to perform comparisons among different sounds
or different recordings and if true sound level
measurements are needed. The gain level should
remain constant throughout a recording, and
noted; ideally, the sampling rate and gain settings
should remain the same among recordings, at
least for the same subject or context.
2.3.4.1 Recording Ultrasounds
and Infrasounds
Ultrasonic recorders were developed mainly for
bat and dolphin studies; however, other animal
species also produce ultrasonic sounds (e.g.,
insects, frogs, and infant rodents). To record
ultrasound requires a sensor with suitable fre-
quency extension and a recorder or an
AD-converter with a high enough sampling fre-
quency. An affordable solution is available in the
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form of ultrasonic microphones with integrated
high-speed AD-converter and USB interface
(e.g., Dodotronic'? Ultramic family with sam-
pling frequencies ranging from 200 kHz to
384 kHz). Dodotronic microphones do not need
specific drivers and can be used on Windows,
MacOS, and Linux, and also on Android
smartphones. Recent models include support for
internal storage (miniSD card) and powering with
a USB battery box. The internal recorder can be
set by Bluetooth to record on trigger or on a time
schedule. Other similar devices are the Wildlife
Acoustics Echo Meter Touch and Petterson Ultra-
sound Microphone. Another option for recording
at very high sampling frequency is to use an
instrumentation AD-converter like the PoScope
Megal +.

Many recorders are not suited for very-low-
frequency recording. Most have a lower limit of
10-20 Hz; others can record down to 7-10 Hz.
Recording very-low-frequency animal signals is
complicated because this frequency range also
contains environmental and electronic noise,
which typically would be filtered out. For record-
ing infrasounds (e.g., calls of elephants or baleen
whales), it is important to check the specifications
of the recorder and eventually make a bench-test
of the available frequency range using a signal
generator (a tone sweeping through a wide range
of frequencies is a good test signal). An option is
to use an instrumentation AD-converter with DC
coupling.

2.3.4.2 Special Features of Digital
Recorders

Pre-recording buffer memory allows the user to
save the few seconds of sound before pressing the
record button. Auto-start initiates the recording
automatically when a certain input level is
exceeded. Double recording allows a lower-level
backup copy in case some parts of the primary
recording are overloaded. With this method, the
incoming sound is recorded twice, in two differ-
ent files, the second stereo file is stored at some
dB down from the first file. In terrestrial

12 http://www.dodotronic.com/; accessed 15 Mar. 2021.
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applications, a wired remote-control can be useful
when it is required to hide or protect the recorder
(e.g., from rain). A wireless remote-control, by
Bluetooth or by Wi-Fi (wireless fidelity), allows
controlling the functions and levels by a
smartphone application, but this would consume
additional power and could impact energy
budgets. File time-stamping inserts the date and
time of the recording in the file name, rather than
just a sequential number. This is extremely help-
ful when storing and cataloging the recordings.
Some recorders have a computer audio-interface
or the ability to connect a computer to record
directly on a laptop or a tablet. This option allows
the same recording quality while using special
software for managing files (e.g., to tag files
with a time-stamp and GPS position, or to auto-
matically start and stop the recording according to
received signals or according to a user-defined
schedule).

2.3.5 Equipment for Monitoring Bats
Acoustic detection of ultrasonic bat calls has
emerged as the most commonly used method for
monitoring bat presence and activity (Collins and
Jones 2009; Gorresen et al. 2008; Weller and
Baldwin 2012). Observing and recording bats,
other than for scientific research, is a very diffuse
hobby and a common topic of citizen science.
This results in a wide variety of bat detectors
produced by small companies or DIY bat detector
kits. The common types of detectors are hetero-
dyne, frequency-division, time-expansion, zero-
crossing, and full-bandwidth digital recorders
(Obrist et al. 2010). Some bat detectors have
their own specific software, either free or to be
purchased, for  further  processing  of
recorded data.

Heterodyning was the first developed system,
completely analog, to shift one frequency (the
incoming signal) to another by multiplying it
with a second frequency (set by the user). The
user can tune the detector (similar to tuning a
radio) to select a frequency range accessing a
small portion of the available received frequency.
For example, with a bat detector (e.g., Pettersson
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Elektronik'®> D100) tuned to the 40-50 kHz
range, the call of a bat at 45 kHz (such as the
Pipistrelli bat, Pipistrellus spp.) is multiplied
(heterodyned) by a frequency (43 kHz) generated
by an internal oscillator. This produces sidebands
at 88 kHz and 2 kHz (which are the sum and the
difference of the two frequencies); the higher
frequency is eliminated with filters and the
lower frequency is broadcast to the listener and
available for recording. This makes for a tunable,
inexpensive bat detector that will quickly indicate
if bats are in the area. Heterodyning offers a
limited view of the ultrasonic spectrum but is
still appreciated by many bat specialists.
Frequency-division transforms the available
frequencies and replicates the bat call by
converting it into a square wave (sine wave also
used) at its zero-crossing points. This wave is
then divided by a preset factor (usually 10), cre-
ating another square (or sine) wave at a lower
frequency (e.g., a 40-kHz call is converted to
4 kHz). All sounds in the environment are
converted in this way. As such, masking of bat
calls by noise, or overlapping of calls from differ-
ent individuals, can produce results that could
become difficult to interpret. Many devices have
filters and ways to lower or otherwise adjust
background noise. However, this recording
option is now obsolete because modern digital
ultrasound recorders are capable of recording at
very high sampling frequencies (upward of
200 kHz) and capture the full bandwidth.
Time-expansion bat detectors use an
AD-converter to digitize sounds, convert them
so that they are audible to the human operator,
and store these digital signals to memory (usually
SD-card). Reduction of the recorded frequencies
expands the sounds in time (hence the name).
Some modern digital bat detectors do convert
ultrasounds to audible sounds in real-time by
means of FFT processing (Pavan et al. 2001).
However, there is a delay when the signals are
retrieved and played back at a slower speed
(so that they can be heard with some delay). A
high-frequency modulated call that sounds like a

13 http://www.batsound.com/; accessed 15 Mar. 2021.
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quick click is heard as a descending note or whis-
tle upon playback from time-expansion.

Zero-crossing is an algorithm for extracting
primary frequency information by tracking when
the waveform crosses the zero-amplitude level at
certain rates. Zero-crossing bat detectors run con-
stantly, wake up when certain frequencies are
detected, and save information on zero-crossings
in storage. Some advanced bat detectors also
retain the amplitude envelope of the original
call; however, they only track the most intense
component of the call. Using zero-crossing, a bat
detector documents the dominant frequency, so if;,
for some reason, a harmonic is dominant over the
fundamental or other signals overlap the funda-
mental of the call, only the most intense fre-
quency is recorded. The operator needs to
recognize this in order to represent the true nature
of the bat’s signal. The recordings produced by
zero-crossing detectors are usually small (e.g.,
50 KB), whereas an equivalent recording of full-
spectrum calls consumes considerable storage
space (e.g., 5 MB per call).

Full-spectrum digital bat detectors are digital
recorders with high sampling frequency that cap-
ture the full bandwidth of the call (Dannhof and
Bruns 1991; Moir et al. 2013). In some detectors,
it is also possible to hear sounds in time-
expansion while recording continuously. These
bat detectors can record continuously or only
when there are signals in a given frequency
band set by the user (triggered recording); this
solution reduces the storage size and shortens
the time needed to analyze the recordings as
only call series are recorded. Different trigger
parameters allow selecting the frequency range
to be recorded (spectral trigger) and the threshold
level to activate the recorder. This technology is
available in handheld and autonomous recorders
(see Sect. 2.4.1), and computer-based bat
detectors that use an external ultrasonic micro-
phone. Some of the more advanced handheld
digital bat detectors incorporate a display to
visualize detected calls, and also include
frequency-division, time-expansion, or
frequency-shifting to provide acoustic feedback
to the operator.
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Some frequency-division detectors are com-
bined with heterodyne and time-expansion
capabilities into one unit. The Ciel CDB301
combines both a heterodyne detector with a
frequency-division  detector, allowing the
researcher to tune into the frequency of a known
bat call and identify a bat by both its sound
contour and frequency. At the same time, the
detector monitors the whole frequency band and
checks if there are any bats in the vicinity. The
Pettersson D240, like many of these dual bat
detectors, provides heterodyning ability on one
channel and time-expansion on another.
Connected to a voice-activated digital recorder,
these detectors can be left in the field in monitor
mode and retrieved data can be analyzed on a PC
using the product’s software (e.g., BatSound).
The Anabat Walkabout (Fig. 2.17) records bat
signals using the zero-crossing technology and
also saves signals as full-spectrum WAV files
compatible with SonoBat software. The calls can
be heard and displayed at the same time and saved
to disk, making species identification instanta-
neous. Units are compact, mobile, and well-suited
for long-term monitoring. Solar-powered units
with detachable solid-state hard drives allow for
greater periods of use.

For teaching or demonstration, any detector is
useful, but one may consider heterodyne types of
detectors because of their low cost (i.e., every
student could use one). An interesting and flexi-
ble option is represented by ultrasonic
microphones that incorporate a high-speed
AD-converter that can be connected by USB to
any computer platform (Windows, MacOS,
Linux, iOS, Android, or Raspberry). The
Dodotronic Ultramic series, the Wildlife Acous-
tics Echo Meter Touch, and the Petterson M500
are great devices for classroom demonstration.
They allow to record ultrasounds continuously
or on trigger with a companion tablet or
smartphone, and provide full-spectrum recording
capability, audio feedback, and real-time visuali-
zation. Some of these manufacturers also provide
software for either basic operations, such as
recording and display, or more advanced tasks
such as bat species identification.
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Fig. 2.17 Some of the
detectors discussed in this
section. (a) Dodotronic
USB Ultramic 384BLE, (b)
Wildlife Acoustics (http://
www.wildlifeacoustics.
com/; accessed 15 Mar.
2021) Echo Meter Touch
2 Pro connected to an iPad
and to a smartphone, (c)
Anabat Walkabout (Titley
Scientific (http://www.
titley-scientific.com/;
accessed 15 Mar. 2021)),
and (d) D1000X bat
detector by Pettersson
Elektronik. Permission
given by the respective
manufacturers

2.3.6 Projectors

Playback studies to investigate animal behavior
have been used on many different taxa (see
Chap. 3, section on playback methods). The
projectors used for broadcasting in air and under
water also have, like the sensors, their character-
istic frequency response and operational fre-
quency range. Equipment with suitable
characteristics should be chosen appropriately
based on the characteristics of the sounds to be
transmitted. Usually, speakers are electrodynamic
devices; however, for high frequencies, electro-
static speakers are also used. At high amplitudes,
projected sounds can distort. One must look in the
manufacturer’s manual to check maximum ampli-
tude output of the projector and select a unit
sufficiently capable of producing amplitude
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output similar to the level an animal would
encounter. Generating sound in water requires
more energy than in air, because of the higher
impedance and density of water.

Among loudspeakers, some common names
are used to describe their general operational fre-
quency range: a tweeter is a high-frequency
speaker typically small in diameter and a woofer
is a low to very low frequency speaker that is
much larger in diameter than a tweeter. A system
with detachable loudspeakers can be convenient
for placing speakers close to an animal or on
opposing sides of an animal.

For underwater applications, there are two
types of projectors: electrodynamic devices and
transducers with piezoelectric elements. An elec-
trodynamic device functions like an in-air
speaker, but is watertight and can be used at


http://www.wildlifeacoustics.com
http://www.wildlifeacoustics.com
http://www.wildlifeacoustics.com
http://www.titley-scientific.com/us/index.php
http://www.titley-scientific.com/us/index.php

2 Choosing Equipment for Animal Bioacoustic Research

63

Fig. 2.18 Photograph of
JA Thomas lowering a
Lubell underwater speaker
into a melt hole to play back
underwater vocalizations to
Weddell seals
(Leptonychotes weddellii)
in the Antarctic

shallow depths. For example, a swimming pool
speaker (Lubell,'* Fig. 2.18) is an inexpensive
electrodynamic device, but has a narrow fre-
quency range that is relatively flat. On the other
hand, piezoelectric projectors have projection
sensitivity that varies with frequency. Note that
many of the piezoelectric projectors are two-way
or reciprocal devices that can also receive acous-
tic signals in water. The receiving sensitivity is
fairly flat for a large portion of the operative
frequency range; on the contrary, when working
as a projector, the amplitude of the generated
signal typically increases with frequency.

24  Autonomous Recorders

Autonomous recorders combine the different
components of the signal chain (sound sensing,
amplifying, filtering, and digitization) to offer a
packaged solution. A variety of autonomous pas-
sive acoustic monitoring (PAM) systems have
been developed, which allow the documentation
of acoustic activity from animals and the environ-
ment. Autonomous recorders (both terrestrial and
aquatic) are programmable and can be set up to
satisfy specific needs. These systems can obtain

14 http://www.lubell.com/; accessed 15 Mar. 2021.

long-term (months to years) data from remote
areas and operate independent of weather and
light conditions (e.g., Lammers et al. 2008;
McCauley et al. 2017; Obrist et al. 2010). Some
recorders generate recordings in popular formats
(e.g., WAV files) that are compatible across sev-
eral analysis software packages, whereas others
generate a device-specific file format requiring
the use of a specific software program for
analyses. Autonomous recorders eliminate the
influence of an observer’s presence on the
animal’s behavior, are non-invasive, operate
remotely, allow systematic periodic sampling,
and provide long-term recordings.

2.4.1  Terrestrial Recorders

Autonomous recorders are used to study airborne
sounds from terrestrial animals on a long-term
basis, during day and night, during any type of
weather, and in areas where the animals might not
be visible because of vegetation. They are
low-power, digital recorders with extended data
storage capabilities enabling the recording of
sounds for extended periods, continuously, or on
a pre-defined schedule (e.g., record x hours before
and after sunset or sunrise, or for x min every
y min). Important features of autonomous
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recorders in the field include: battery duration,
total recording time, recorder reliability, program-
ming capabilities, weatherproof construction,
tamper-proof setup, ease of data-retrieval, and
possible interface with video. The frequency
response, dynamic range, and amplitude sensitiv-
ity of the unit are determined by the sound sensor,
preamplifier, amplifier, and AD-converter used.
By using a GPS or a highly precise internal clock,
individual recorders can be time-synchronized.
This allows measuring the TDOA of sounds
among multiple recorders to triangulate and
locate a sound source (see Chap. 4, section on
localization). Another option is triggered
recordings. For example, when the energy in

Fig. 2.19 (a) Photograph
of autonomous acoustic
recorders placed in the
Sassofratino Nature
Reserve, Italy. In the
foreground, a Wildlife
Acoustics Song Meter
SM3. In the background, a
custom recorder developed
at the University of Pavia.
(b) Wildlife Acoustics Song
Meter SM4BAT-FS. (¢)
Titley Scientific Anabat
Express. Permission to
reprint by the respective
manufacturers

certain frequency bands exceeds a preset thresh-
old, data are recorded. This can reduce the
amount of data to be stored onboard. Recorded
data can be retrieved manually from the recorder
or remotely via wireless methods. The more
advanced units feature Wi-Fi, cellular network,
or satellite communication interfaces for data
transmission to a remote server. For instance,
Pavan and team used autonomous recorders
(Wildlife Acoustics SM3 and SM4) to document
airborne sounds for six years at three locations
with 10-min samples every 30 min (Fig. 2.19)
(Pavan et al. 2015; Righini and Pavan 2019).
Bat nocturnal activities were monitored via ultra-
sonic autonomous recorders (Wildlife Acoustics
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EM3+ and SM4BAT-FS) and an ultrasonic USB
microphone (Dodotronic Ultramic 250 K)
connected to a PC-tablet.

The increasing interest in acoustic monitoring
in the last few years has stimulated the develop-
ment of many autonomous recorders; among
these, the Wildlife Acoustics series, the
Bioacoustic Audio Recorder (Frontier Labs,"
Brisbane, Queensland, Australia), the Swift
(Cornell Lab of Ornithology, Cornell University,
Ithaca, New York, USA), and the Anabat Express
(Titley ~ Scientific, Brendale, Queensland,
Australia). Some recent open-source examples
are built around the Raspberry Pi and similar
small-board computers. In some cases, the
projects are open access. However, these devices
often require large batteries to sustain power over
long periods. Examples include the Solo acoustic
monitoring platform'® (Whytock and Christie
2017), based on the Raspberry Pi and an external
microphone; the Bat Pi 217 for monitoring bats;
and the AURITA system, which combines in a
waterproof package the Solo recorder and a com-
mercially available bat recorder, the Peersonic
RPA2, to capture sounds from 60 Hz to
192 kHz (Beason et al. 2018). The AudioMoth,'®
an open-source device, which also can be pur-
chased and assembled, employs a low-power
microcontroller and an onboard MEMS micro-
phone (Hill et al. 2018) and has very basic
capabilities but allows remote data acquisition at
very low cost on a single channel with sampling
frequencies up to 384 kHz.

24.2 Underwater Recorders

Over the past few decades, interest in marine
bioacoustics and in underwater noise monitoring
have increased worldwide, and the market for
underwater autonomous recorders is rapidly

'3 https://frontierlabs.com.au/; accessed 23 Aug. 2021.

16 http://solo-system.github.io/home.html; accessed
15 Mar. 2021.

'7 http://www.bat-pi.eu/; accessed 23 Aug. 2021.

18 https://www.openacousticdevices.info/; accessed

23 Aug. 2021.
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expanding. Autonomous recorders with a variety
of features (such as operational longevity, high
depth rating, onboard processing, and communi-
cation capabilities) are produced by several com-
mercial organizations and academic entities.
Examples of commercially available recorders
are the AMAR from JASCO Applied Sciences,'”
Snap from Loggerhead Instruments,”® AURAL
from Multi-Electronique,21 icListen  from
Ocean Sonics,22 SoundTrap from
OceanInstruments.NZ,23 EAR from Oceanwide
Science Institute®* (Lammers et al. 2008), and
RESEA from RTSYS.” Academic recorders
include the Rockhopper by Cornell Lab of Orni-
thology (upgraded variant of MARU; Klinck
et al. 2020), USR by Curtin University
(McCauley et al. 2017), and HARP by Scripps
Institution of Oceanography (Wiggins and
Hildebrand 2007). Selection of a particular type
of autonomous recorder is driven by the needs
and limitations of the research project. Most of
these modern recorders support recording at 16-
and 24-bit resolutions and offer flexibility to
record at different sampling frequencies and to
program custom duty cycles. Some even offer
the flexibility to easily switch components (e.g.,
choosing hydrophones with appropriate sensitiv-
ity or frequency range). With the market for these
recorders expanding, there are numerous options
available  beyond  the  few products
mentioned here.

In very shallow waters, at depths reachable by
a diver, deployment and recovery operations can
be relatively easy. At greater depths, specific
additional equipment is needed to allow the
recovery—typically, a ballast (to secure stability
on the seafloor), an acoustic release, and floaters
to retrieve the recorder at the surface once the

19 http://www.jasco.com/; accessed 15 Mar. 2021.
20 http://www.loggerhead.com/; accessed 15 Mar. 2021.

2! http://www.multi-electronique.com/; accessed

23 Aug. 2021.
22 http://oceansonics.com/; accessed 15 Mar. 2021.

23 .
http://www.oceaninstruments.co.nz/; accessed

15 Mar. 2021.
2 https://oceanwidescience.org/; accessed 23 Aug. 2021.
25 http://rtsys.eu/; accessed 15 Mar. 2021.
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HTI-92-WB hydrophone

17-inch Vitrovex glass sphere
containing Rockhopper electronics
5,580 Wh primary Lithium battery pack
~7.0 kg buoyancy

Harness ropes, 9.5 mm polypropylene e L
2.5 kg counter weight, lead l:j

Mooring line, 7.0 mm Spectra 5m

DeepWater Buoyancy float
3.6 kg buoyancy

Mooring line, 9.5 mm Spectra Im

Edgetech PORT MFE release
~2.7 kg buoyancy

Anchor cable, 316 stainless steel 4m

60 kg anchor, cast iron

Note: Not to scale; all components are rated to 3,500 m depth

Fig. 2.20 Schematic of a mooring setup for the Rockhop-
per autonomous passive acoustic recorder (Klinck et al.
2020). The example includes a wide-bandwidth hydro-
phone from HighTech Inc. (http://www.hightechincusa.
com/; accessed 15 Mar. 2021) (HTI-92-WB), but the
recorder offers flexibility with hydrophone choices

releaser disconnects the recorder from the ballast
(Fig. 2.20). Anchored units are sometimes also
diver-recovered or programmed to surface at a set
date and time. In ice-covered habitats, the equip-
ment can be secured to fast- or pack-ice with the
hydrophone in the water.

2.5 Recording Directly

to a Computer

Almost all computers, laptops, and tablets have
an audio input and built-in microphone. Digital
recording of sounds is controlled by the onboard
soundcard. However, in most cases, the recording
quality of the built-in microphone is only condu-
cive for recording human voice or music and
inadequate for animal sounds. For most animal
recordings, an external sound sensor (microphone
or hydrophone) connected to a high-quality audio
input must be used with the computer or laptop.
The recordist should consult the computer
specifications to know the frequency range and
dynamic range of the built-in soundcard. If the
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built-in sound system of a computer is not good
enough, an external AD-converter can be easily
connected by USB, or, for special devices, by
other interface types. For fieldwork, it is prefera-
ble to choose converters with powering from the
computer USB. The quality of recordings
depends on the preamplifier noise and bandwidth,
sampling rate, and bit-resolution of the soundcard
or AD-converter. However, other features can
drive the choice: number of channels, features of
the AD-converter, the type of interface (USB,
Firewire, Thunderbolt, or proprietary), availabil-
ity of drivers for the computer, and power avail-
able for the sensors (P48 or PIP). For laptops used
in fieldwork, their size, weight, ruggedness,
power consumption, and reliability should be
considered. Most USB-based converters for
music recording are equipped with microphone
preamplifiers with P48 power and offer good
quality; some offer very high quality, comparable
to the best digital recorder, with sampling
frequencies up to 192 kHz with a number of
channels ranging from 2 to 8; some external
units provide up to 32 channels. Single-channel
AD-converters are also available to be directly
connected to a P48 microphone, to transform the
microphone into a USB microphone. However,
because some quality parameters are rarely
described in official specifications (e.g., the self-
noise, jitter-noise, and the anti-aliasing-filter
used), conducting laboratory or bench tests to
choose the best AD-converter can be necessary.
For specific applications, the use of instrumenta-
tion AD-converters may be required.

2.6 Calibration
For quantitative animal bioacoustic studies,
calibrated recording equipment needs to be used
so that absolute sound pressure can be deter-
mined. This section deals with two types of cali-
bration: calibrating the recording equipment and
calibrating the recording. To calibrate the record-
ing, the calibration of the recording equipment is
applied to the recorded data.

Calibrating the recording system implies deter-
mining the frequency response and amplitude
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Fig. 2.21 Waveform of a A
sinusoidal signal (pressure

p as a function of time)

showing p.s, Ppi» and

Ppk-pk

Pressure
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sensitivity of the recording system. The recording
system consists of several components (e.g., sen-
sor, amplifier, and AD-converter), each with its
own frequency response and amplitude sensitiv-
ity. The recording system may be calibrated as a
whole by presenting a calibration signal of known
amplitude and measuring the output. From the
difference between output and input, the fre-
quency response and amplitude sensitivity may
be calculated. Or, each piece of equipment may
be calibrated separately, and the frequency
responses and amplitude sensitivities may be
joined (i.e., multiplied in linear terms or summed
in logarithmic terms).

The simplest calibration signal is a sine wave
(i.e., a pure tone; Fig. 2.21). While the rms value
is typically used in equipment calibration sheets,
the peak (pk) or peak-to-peak (pk-pk) values are
more easily read off signal displays on a computer
or oscilloscope. For a sine wave, the
conversion is:

I

rms \/i

< 201og 1 2 = 2010g 1y 22 — 2010g ;o (v2)
Po Po

% 0.707 X pyy

~20log o 22— 3dB
Po

The variable p denotes pressure. The reference
pressure p, is 20 pPa in air (i.e., for microphone
calibration) and 1 pPa in water (i.e., for hydro-
phone calibration); also see Chap. 4 on an intro-
duction to quantities and units. To add to the
confusion, the dynamic range of analog
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electronics and AD-converters is given in pk-pk
values. The simple equation is only valid for
sinusoidal signals.

Using a sine wave yields an amplitude sensi-
tivity at only one frequency. In order to measure
the frequency response of the equipment, a series
of sine waves at different frequencies needs to be
presented. More commonly, white noise (i.e., a
broadband signal of equal amplitude across fre-
quency) is used and amplitude sensitivity is deter-
mined at all frequencies contained in the signal
after Fourier transform of the output signal (see
Chap. 4).

A simple recording setup is shown in
Fig. 2.22. A calibration signal p(¢) (i.e., pure
tone or white noise of known amplitude) is
presented to the sensor (i.e., microphone or
hydrophone). The sensor has a sensitivity s,
which relates the voltage V at its output to the
pressure p at its input; so s has the unit V/Pa. The
sensitivity can also be expressed in dB re 1 V/Pa:
S = 20 logo (s/(V/Pa)). The output voltage V of
the sensor is typically passed to an amplifier. The
amplifier gain g relates the voltage at its output to
the voltage at its input and is thus unit-less:
g = V,/V,. Expressed in dB, the amplifier gain
is G = 20 logyo (g). The output voltage of the
amplifier is then passed to an AD-converter such
as a soundcard on a computer. The AD-converter
has a digitization gain c, that relates the digital
values d in the audio file to the voltage V at its
input. The bit-depth of the AD-converter limits
the maximum digital value (i.e., the full-scale
value FS) that can be stored. The digitization
gain is defined as the ratio of the full-scale value
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Fig. 2.22 Sketch of a generic recording system

consisting of a sensor (i.e., microphone or hydrophone),
amplifier, and AD-converter (e.g., a computer with
soundcard). Each piece of equipment has its own sensitiv-
ity or gain (indicated by red letters). These sensitivities

to the input voltage that produces the full-scale
value: ¢ = FS/V,,,,. The digitization gain is
expressed in dB re FS/V. The sensitivities
(in linear terms) of each component in the record-
ing system can be multiplied to yield the system
sensitivity, which relates the digital values d in
the audio file to the pressure p sensed by the
sensor. In logarithmic terms, the overall system
sensitivity is the sum of the sensitivities of each
piece of equipment.

Once the recording system has been calibrated,
it can be used to record animals or other sound
sources. To determine the calibrated pressure
time series p(f) from the stored data d(¢), divide
by all the sensitivities and gains: p(f) = d(f) / (c g
s). Alternatively, using the level quantities (in dB)
for each equipment, the received level RL (e.g.,
rms sound pressure level) is determined by
subtracting all sensitivities and gains from the
rms amplitude level D: RL =D - C - G - S.
For example, somebody made a 10-minute
recording of a singing bird. The microphone sen-
sitivity was s = 50 mV/Pa, or
S = 20log;o(0.05) = —26 dB re 1 V/Pa. The
amplitude at the output of the microphone was
amplified by, let’s say, a factor g = 100, or
G = 20log((100) = 40 dB. The soundcard pro-
duced a full-scale amplitude at 2 V input: ¢ = FIS/
2 V, or C = 20log((1/2) = —6 dB re FS/V. A
computer is used to process the data. If the data
are read using the MATLAB (The MathWorks
Inc., Natick, MA, USA) function audioread
with the flag “native,” then the raw digital values
are presented. With the flag “double,” the data are

+G
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xc = d(t)
+C =D
may be expressed in linear terms (small letters) or decibels

(capital letters). The sensor converts the input pressure
time series p(f) to a voltage time series V;(f), which is
amplified to yield V,(f). The AD-converter produces a
digital time series d(f)

normalized by the full-scale value and so lie
between —1 and +1. Computing the rms ampli-
tude of the normalized digital time series yields a
value of, let’s say, 0.06. In logarithmic terms, the
rms amplitude level of the stored normalized data
is D = 20log;¢(0.06) = —24 dB. What was the
received sound pressure level of the bird song?
Subtracting all the gains, the rms sound pressure
level received at the microphone was —32 dB re
1 Pa (because —24 —(—6) — 40 —(—26) = —32).
The standard reference pressure in air is, how-
ever, 20 pPa, which 1is equivalent to
20log(20/1,000,000) = —94 dB re 1 Pa. So,
the rms sound pressure level recorded from the
bird was —32 —(—94) = 62 dB re 20 pPa. The
researcher might further want to compute
calibrated sound spectrograms of the bird song,
and so the question is how to convert the digital
values to pressure values. Using the linear
sensitivities and gains, p(f) = d(f) / (FS/2 V) /
100 / (0.05 V/Pa) yields pressure samples in units
of Pa.

2.6.1 Microphone

To make accurate recordings of sound intensity in
the laboratory or field, either from an animal or a
different source, a researcher should always use a
calibrated microphone. A commercial micro-
phone is calibrated when received from the man-
ufacturer and comes with specification sheets
containing amplitude sensitivity, frequency
response, and reception directionality as a
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Fig. 2.23 Specifications of a Briiel & Kjar 1/2-inch free-field microphone type 4191. (a) Photo. (b) Polar plot of
receiving directionality from 16 kHz to 40 kHz. c. Graph of frequency response. Permission to reprint from Briiel & Kjer

function of frequency in the horizontal and verti-
cal planes. For example, the }2-inch microphone
shown in Fig. 2.23a has an amplitude sensitivity
of 12.5 mV/Pa or —38 dB re 1 V/Pa and a flat
frequency response (to within 3 dB) from about
3 Hz to 40 kHz (Fig. 2.23c¢). Given its cylindrical
symmetry, it is omnidirectional about its vertical
axis (Fig. 2.23b). In the vertical plane, its receiv-
ing directionality is steered toward its axis; in
other words, it is most sensitive in the forward
(i.e., vertical in Fig. 2.23b) direction. The lower
the frequency, the more receptive it becomes
from other directions. To check that the micro-
phone maintains its sensitivity over time, a bioac-
oustician should periodically use a calibrator. For
example, the calibrator shown in Fig. 2.24 is very
stable and emits a 1 kHz tone at 94 dB re 20 pPa.

Provided there is a commercial, calibrated
microphone available, a researcher can calibrate
a microphone of unknown sensitivity by compar-
ison with a calibrated microphone. Using a loud-
speaker system to do this is a convenient option.
Alternatively, signals of opportunity, like

roadway or jet noise, may also be considered
while ensuring that both microphones receive
the same signals and levels. First, calibrate the
sound field at the frequencies of interest with the
calibrated microphone. Then, replace the
calibrated microphone with the one of unknown

Fig. 2.24 A sound level calibrator (LUTRON, model
SC-941) that generates 94 dB re 20 pPa at 1 kHz. The
microphone to be calibrated must be inserted in the hole
(1/4 inch diameter) on the left side. Adapters are available
to fit other microphone diameters
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Fig. 2.25 Sketch of a setup to calibrate a microphone of
unknown sensitivity with a microphone of known sensi-
tivity in a constant sound field. Redrawn from a laboratory

sensitivity and record the output in the same fre-
quency range. Do not place the two microphones
side-by-side in the sound field since this could
cause diffraction and distortion of the sound field.
The sound field should not contain echoes, so
choose an open space or an anechoic room for
low frequencies. In the example of Fig. 2.25, the
calibrated microphone has a sensitivity of 50 mV/
Pa. In the given sound field, it produces an output
signal with an amplitude of 0.3 voltage units. After
the calibrated microphone has been removed and
the to-be-calibrated microphone has been installed
at exactly the same location, the latter produces an
output signal of 0.7 voltage units. The sensitivity
of the to-be-calibrated microphone is simply
0.7/0.3 x 50 mV/Pa = 117 mV/Pa.

2.6.2 Hydrophone

High-quality commercial hydrophones are
calibrated by the manufacturer with all pertinent
information contained in the accompanying spec-
ification sheets. Many hydrophone types have
built-in preamplifiers with amplification and
impedance matching. Thus, these hydrophones
come with a calibration sheet having one sensi-
tivity value that includes the preamplifier. The
sensitivity of a hydrophone is usually expressed
in dB re 1 V/pPa, which is different from the
expression for microphone sensitivity (dB re
1 V/Pa).

-A

manual with permission from Lasse Jakobsen, Institute of
Biology, University of Southern Denmark, Odense,
Denmark

To use RESON hydrophones as examples,
their most sensitive hydrophone (i.e., the one
with the least negative sensitivity: TC4032;
Fig. 2.26) has a sensitivity of —170 dB re 1 V/uPa
(single ended). If the sound received by the
hydrophone were 170 dB re 1pPa rms, then
the output from the hydrophone would be
1 V rms. To compare this to a microphone, add
120 dB, which is a factor 10° in pressure (20 log;
(10% = 120 and 10° pPa = 1 Pa). So,
—170 dB + 120 dB yields —50 dB re 1 V/Pa.
The most sensitive Y- or 1-inch microphone is
—26 dB re 1 V/Pa, which is 24 dB (i.e., about
16 times, because 20log;o(16) = 24) more sensi-
tive than the TC4032 hydrophone.

Although most hydrophones are stable
through time, it is wise to check the calibration
periodically using a pistonphone. However, a
pistonphone can determine the sensitivity of an
uncalibrated hydrophone at only one frequency.
The sound pressure of a pistonphone is extremely
stable and is only affected by one factor: baromet-
ric pressure. For this reason, a special barometer
is included with the pistonphone. For accurate
calibrations, the barometric pressure should be
checked, and sound pressure adjusted according
to the scale on the barometer. For calibrations
performed near sea level (as is often the case in
marine bioacoustics), this error is negligible, but
if one is working in an aquatic environment that is
significantly above sea level, then this factor
(which is —2 dB at 2000 m altitude) should be
included. For hydrophones to be deployed at
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Fig. 2.26 Graph of amplitude sensitivity and frequency
response for several RESON hydrophones with
preamplifiers. The most sensitive is the TC4032; the least

great depth in the ocean, the amplitude sensitivity
(and pressure resistance) should be measured in a
pressure chamber.

The frequency response of an uncalibrated
hydrophone (for frequencies up to a few kHz)
can be measured in air by using the same method
as described for a microphone (Fig. 2.25). How-
ever, for higher frequencies, this should be done
in open water (e.g., a deep lake) and the method
described for microphones can be used by simply
substituting the microphone with a hydrophone of
known sensitivity compared to one of unknown
sensitivity. An appropriate amplifier and an
underwater projector are needed, but a hydro-
phone without a built-in preamplifier also can be
used as a projector. First, the environment (lake,
pool, or tank) should be checked for echoes and
reverberations (see Popper and Hawkins 2018 for
details). The projected calibration sound must be
a pulse that ends before the first echo arrives at the
sensor. This necessity restricts the frequency
range that can be used for calibration since the

400 600 800

Frequency [ kHz]

sensitive is the TC4035. Permission to reprint from
RESON  (http://www.teledyne-reson.com/;  accessed
15 Mar. 2021)

projected pulse must be ramped up and down to
reduce high-frequency artifacts caused by the
onset and end of the pulse.

The next step is to determine the received level
of an underwater sound. For example, a dolphin
click is recorded with a TC4035 hydrophone,
which has a sensitivity of —215 dB re 1 V/pPa
(Fig. 2.26). If the output is amplified by 60 dB
(1000x) and the recorded signal is 1.2 V pk-pk,
then the received level is: 20 log;o (1.2) — 60 —
(—215) = 1.58 — 60 + 215 ~ 157 dB re 1 pPa
pk-pk. Usually, the analog voltage signal is
converted to a digital signal by an AD-converter,
which has a digitization gain that also needs to be
accounted for (see above).

2.6.3 AD-Converter

A 16-bit AD-converter has 2'° bit resolution,
covering 65,536 counts peak-to-peak. Its full-
scale value is 2'°-1 = 65,535 in unipolar mode,
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where the digital amplitude values lie between
0 and 65,535, or 2'° = 32,768 in bipolar mode,
where the digital amplitude values are in the
range —32,768; . .; 0; . .; 32,767. In decibels,
the dynamic range of a 16-bit AD-converter in
bipolar mode is 20 log;( (32,768) = 90 dB. Every
bit gives ~6 dB of dynamic range in the digital
domain. But a 90-dB dynamic range rarely can be
realized since most electronics used before
AD-conversion do not have such a large dynamic
range. A 24-bit converter in bipolar mode offers a
theoretical dynamic range of about 138 dB; how-
ever, only the most sophisticated electronics can
provide up to 115-120 dB of dynamic range. This
means that there cannot be more than 19-20 bits
of real dynamic range and the remaining bits
(least significant bits) are just filled by noise.
AD-converter specification sheets rarely show
this, thus there is growing need to have more
realistic AD-specifications to account for the
intrinsic AD-converter noise and its artifacts
showing as distortion and jitter. In some record-
ing systems, the least significant bits are used to
encode complementary information; however,
this practice is not standard.

AD-converters thus carry an intrinsic digitiza-
tion gain, which is the ratio of the full-scale value
to the input voltage that leads to full-scale. The
digitization gain is expressed in dB re FS/V. For
example, an AD-converter with a digitization
gain of —6 dB re FS/V reaches its FS value at a
peak input voltage of 2 V, because
201ogo(FS/2 V) = —6 dB re FS/V. AD-converters
may be calibrated with a voltage signal generator.
The peak voltage of the input signal has to be less
than the maximum voltage range specified in the
specification sheet; otherwise, the AD-converter
will be overloaded and the signal clipped.

2.6.4 Autonomous Recorder

Off-the-shelf = autonomous  recorders are
manufacturer-calibrated. The specification sheets
typically give one overall amplitude sensitivity
and frequency response for the entire system
(including sensor, amplifier, and AD-converter).
If the recorder allows variable gain settings, then
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the chosen gain will affect the amplitude sensitiv-
ity and needs to be accounted for. Some manuals
(e.g., the SoundTrap User Guide®®) provide guid-
ance on how to calibrate the recorded data if read
by software packages such as MATLAB,
PAMGuard, or Audacity.

2.6.5 Measuring Self-Noise

When intending to record quiet sounds or ambient
sound levels in the absence of nearby sound
sources, it is important to first measure the system
self-noise to avoid confounding electronic noise
with environmental noise. For this, the system
should record in a quiet room and the sound
sensor should be in a sound- and vibration-proof
box (Fig. 2.27). If using an autonomous recorder,
the entire system should rest in a sound-proof
box.

To record quiet sounds under water or to accu-
rately quantify ambient sea noise, a sensitive
hydrophone with a wide frequency range is
needed (e.g., the TC4032, Fig. 2.26). All of the
system components should have low self-noise. A
“wet-ground” ground-wire from the input equip-
ment to the water might be necessary to reduce
system noise. The amplifier should have an
adjustable band-pass filter to avoid aliasing dur-
ing direct digital recording. The AD-converter
needs sufficient bit-resolution and sampling rate
to cover the frequency band of interest. The sys-
tem frequency response shown in Fig. 2.27 goes
up to about 100 kHz. If the full bandwidth is
desired, then the sampling frequency should be
at least 200 kHz. When reporting measured
levels, provide the frequency range over which
sound was measured and the bandwidth over
which sound levels were computed (e.g., per Hz
or in 1/3-octave bands).

26 http://www.oceaninstruments.co.nz/wp-content/
uploads/2018/03/ST500-User-Guide.pdf; accessed
5 Mar. 2021.
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Fig. 2.27 Diagram of
equipment to measure
underwater ambient noise.
The RESON hydrophone
with lowest self-noise is the
TC4032. Prior to
deployment, system self-

Sound proof box

TL 8144-X
X=m cable

73

EC6073
Input Module

noise may be determined by
recording with the
hydrophone in a sound- and

vibration-proof box in the
laboratory. Permission to TC4014 |
reprint from RESON TC 4032 e BNC-SMC-XLR Cable
TC 4042 (or similar)
Hydrophone | = ;
l Amplifier ]
[
Sound Level Meter
Oscilloscope
TL 8085 Data recorder
Protective cage Dynamic Signal Analyzer
(optional) Other top end electronics
2.7 Other Gear Chap 4, section on welghtmg. curves). However,
it is important to not underestimate the impact of
271 Sound Pressure Level Meter infrasounds, which can be heard or perceived by

SPL meters, also called phonometers, are used to
measure ambient noise, including abiotic and
biotic sounds. SPL meters have a variety of
settings for transient vs. continuous sound, fre-
quency range, amplitude range, and any
weightings (Briiel and Kjer 2001). The micro-
phone on an SPL meter is omnidirectional, can be
covered with a windsock, and mounted on a tri-
pod. The fast-setting is used for impulse or tran-
sient sounds. The slow-setting is used for
continuous sounds. Most SPL meters have a
selectable frequency range. The user can select a
flat setting, which collects dB measurements
equally over the desired bandwidth (i.e., without
weightings). The A-weighting is selected when
the user desires to place a filter over the sampled
frequency range in an effort to account for the
relative loudness perceived by the human ear (see

animals. The C-weighting is selected when the
user desires to measure the peak sound pressure
level. Measurements with these filters are
expressed as dB(lin), dB(A), or dB(C). To mea-
sure environmental noise over the whole spec-
trum (especially for species with unknown
hearing curves), it is important to use the
unweighted, flat setting. At low frequencies of
anthropogenic noise, the type of weighting used
can make a large difference in the amplitude
measurement.

Out of the various measures an SPL meter may
report, the most common one is perhaps the
Equivalent Continuous Sound Level (L),
which is a time-average: the equivalent constant
SPL that would produce the same energy as the
fluctuating sound level measured over a given
time interval (e.g., 60 s). The duration of the
measure must be declared as Leg 1 (€.g., Leg 60s),
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LAeq,1s da 20/06/2013 16.48.00 a 20/06/2013 16.58.00

80
dB
704

LAeq = 54.8 dB

60

50

1/3 Ottava da 20/06/2013 16.48.00 a 20/06/2013 16.58.00

h:m 16.50 16.52

Fig. 2.28 Recording and spectral analysis of noise in a
residential area. Recording (top) of the overall sound level
(A-weighted) with the LA level of the shown period. The
unweighted spectrographic image (bottom), with fre-
quency up to 20 kHz on a logarithmic scale, shows the

where T is the time interval of the measurement.
The level may be weighted (e.g., A or C
weighting). LA, is often used in the assessment
of noise dose or sound exposure in humans
(Fig. 2.28). For example, LAy ;s = 73 dB or
Leg1s = 73 dB(A) is a measurement taken with
an A-weighting filter over 1 s and LCeq,is
indicates a measurement taken with a
C-weighting filter for 1 s.

Some SPL meters have a 60-s L setting used
for short-term sampling. However, if the sound
level varies randomly, calculating L, is tricky,
and so, Integrating Sound Level Meters are better
(Fig. 2.29) as they determine L4 during a suitable
time period. When more information on the sta-
tistics of sound levels is needed, in both time and
frequency, noise-level analyzers are used
(Fig. 2.29). They perform statistical analyses of
sound levels over a specified period, either

70
dB
60
50
40

30
20

16.56

spectral composition of the recorded period. At about
20 Hz is the noise generated by a truck engine. At about
16.53 occurs the noise of a passing airplane (50-1000 Hz).
Bird songs appear at 1500-9000 Hz. Courtesy of Alberto
Armani

broadband or band-limited (e.g., in a 1-octave or
1/3-octave band). Most sophisticated, and expen-
sive, noise measuring systems can produce spec-
tra in narrower bands (as fine as 1-Hz bands) and
calculate spectral percentiles to show the level
variation statistics for each frequency band. In
other words, the percentile analysis of a 1/3-
octave spectrum shows what percentage of time
each level is reached or exceeded within the mea-
surement period (see Chap. 4, section on power
spectral density percentiles).

All these devices need to be calibrated period-
ically with a known calibration tone. Calibrators
are standardized at the factory and usually main-
tain calibration for a long time. Only specialized
laboratories can certify calibrators. The calibrator
signal is usually a 1-kHz sinusoidal tone at 94 dB
re 20 pPa SPL rms (equivalent to a pressure of
1 Pa rms, 95.45 dB pk, or 1.41 Pa pk).
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Larson Davis

Fig. 2.29 Photograph of Larson Davis SoundAdvisor
831C sound level meter with spectral analysis and sound
recording capabilities (left; permission to reprint from
Larson Davis (http://www.larsondavis.com/; accessed
5 Mar. 2021)) and of a simple noise-level analyzer with
calibrator (right; shown being calibrated using a 1 kHz
tone with 94 dB SPL)

2.7.2  Vibration Measurement
2.7.2.1 In Terrestrial Studies

In addition to communicating through sound (i.e.,
pressure waves propagating through air or liquid),
animals ranging from elephants to insects com-
municate by producing waves that travel through
solids (i.e., substrate-borne vibrations, also
referred to as vibrational or seismic communica-
tion in the literature) (Cocroft et al. 2014a; Hill
2008; Hill et al. 2019; O’Connell-Rodwell 2010).
Of insects alone, an estimated ~195,000 species
communicate in part or whole via substrate-borne
vibrations (Cocroft and Rodriguez 2005). Of
these, the most species-rich group is plant-living

insects, and so most examples in this section deal
with invertebrate signalers and plant substrates.

Vibrational signals travel through various
kinds of substrates (e.g., rod-like, such as plant
stems; plate-like, such as leaf litter) as different
types of waves (e.g., bending, Rayleigh) that vary
in their direction of energy propagation (reviewed
in Elias and Mason 2014; Mortimer 2017). In
plant stems and leaves, substrate-borne vibrations
travel as bending waves (Michelsen et al. 1982)
and signal propagation is frequency-dispersive; in
other words, energy at higher frequencies
propagates faster than does energy at lower
frequencies (Michelsen et al. 1982). Furthermore,
each substrate acts as a unique filter, attenuating
some frequencies more than others (reviewed in
Elias and Mason 2014). Filtering varies among
different plant species (Bell 1980; McNett and
Cocroft 2008; Virant-Doberlet and Cokl 2004),
different parts of same plants (Cokl et al. 2005;
McNett and Cocroft 2008), and even among dif-
ferent parts of the same leaves (éokl et al. 2004,
Magal et al. 2000).

Filtering is a key consideration for selecting a
sensor for recording or playback (Cocroft et al.
2014b). Importantly, the transmission and filter-
ing properties of a given substrate can be affected
by a sensor, if it loads on extra mass. If the aim is
to characterize signal parameters of a given spe-
cies, then to minimize filtering, one must choose a
sensor that adds as little mass as possible and
minimize the signal propagation distance between
the source and the receiver. For example, one
might affix a small and lightweight micro-
accelerometer to the substrate, close to the signal-
ing animal. Alternatively, one might use a laser-
Doppler vibrometer to detect and record signals
directly from the body of the signaling animal
(Cokl et al. 2005).

The output of a sensor is proportional to the
quantity (displacement, velocity or acceleration)
that it detects — a sensor that detects displacement
will be most sensitive to low-frequency signals,
whereas a sensor that detects acceleration will be
most sensitive to high-frequency signals. The
consequence of this relationship between output
and quantity is that the type of sensor used
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impacts the measurements that one makes of a
signal and how that signal is characterized.

Some of the key considerations for selecting a
type of sensor include its sensitivity and power
needs (all sensors require power), the frequency
and amplitude ranges of the signals, equipment
ruggedness and portability (if considered for
fieldwork), and cost (Table 2.1). Research
questions can be framed around the signaler or
receiver, and the measurement of interest can vary
widely (e.g., number of signals produced, signal
parameters, etc.). Different sensor types function
best in different frequency ranges, and the domi-
nant frequency of a vibrational signal can vary
widely, from <50 Hz for tremulating katydids
(De Souza et al. 2011; Morris 1980; Morris
et al. 1994; Sarria-S et al. 2016), to between
50 and 200 Hz for tremulating stinkbugs
(reviewed in Cokl et al. 2014), to above 500 Hz
for diverse kinds of plant-feeding insects
(reviewed in Cokl et al. 2014). Vibrational signals
can also be narrowband (McNett and Cocroft
2008) or broadband, with energy distributed
over several kHz (Cocroft 1996; Hamel and
Cocroft 2019).

The amplitudes of vibrational signals also vary
widely, even just within small arthropods. For
example, large neotropical katydids produce
substrate-borne ~ vibrations by  vertically
oscillating their abdomens relative to the substrate
(in other words, they bounce) and the amplitude
of these oscillations can be large enough to
observe with the naked eye (Belwood and Morris
1987; Morris et al. 1994; Rajaraman et al. 2015).
In contrast, the amplitude of signals by tiny tree-
hopper nymphs can be so low as to be difficult to
detect without a very sensitive sensor, such as a
laser-Doppler vibrometer (LDV) (JH, pers. obs.).
The animal’s use of substrates is another key
factor to consider: some vibrationally signaling
animals, such as small, plant-feeding insects, are
relatively sessile and signal from specific
locations on plants of a single species (McNett
and Cocroft 2008), whereas other vibrationally
signaling animals are more motile and may signal
on diverse substrate types (reviewed in Elias and
Mason 2010).

S. Madhusudhana et al.

Sensor Types Based on the Quantity
Measured
Displacement: Phonocartridges and other piezo-
electric sensors have greatest sensitivity at low
frequencies. Phonocartridges can be quite good
for detecting low-frequency, low-amplitude
signals in plant substrates, but placement of the
photocartridge on the plant leaf or stem necessar-
ily loads the substrate and changes its transmis-
sion properties (Fig. 2.30a). Additionally,
amplitude measurements made with
phonocartridges are variable and not repeatable,
because amplitude varies with the pressure with
which the stylus contacts the plant tissue.
Velocity: LDVs use the reflection of a laser
beam pointed at a reflective object or substrate
to detect the velocity of its movement. (If a sur-
face does not reflect enough of the laser for mea-
surement, a small amount of reflective paint or
tape can be applied to the substrate.) LDVs are
highly sensitive and excellent for detecting and
making measurements of low-amplitude signals
that also have energy concentrated in low
frequencies. They do not load any mass to a
substrate, so they do not affect signal transmis-
sion in this way, and in fact, they can be used to
characterize signals by recording from an animal
itself (Cokl et al. 2005). LDVs provide repeatable
measures of amplitude for vibrational signals.
Unfortunately, LDVs can be expensive. Although
they are fairly portable, they are still quite cum-
bersome compared with a micro-accelerometer.
Additionally, because an LDV detects motion
perpendicular to the laser, the researcher must
decide which plane is of interest (e.g., identify
the major axis of motion). LDVs are not well-
suited for high-amplitude signals, as a moving
branch or stem will break the contact of the laser
with the reflective surface and disrupt measurement.
Acceleration: Accelerometers can be pur-
chased in a wide variety of sensitivities, fre-
quency ranges, and sizes, and some models have
the capacity for adjustable gain. For example, a
commonly used micro-accelerometer in studies of
small insects has a mass of 0.8 g and a frequency
range of 0.8 Hz-10 kHz. Accelerometers can
generate repeatable measurements of amplitude,
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Fig. 2.30 Sensors that detect and measure substrate-
borne vibrations. (a) A phonocartridge attached to
lab-hands or a thin wooden dowel. (b) Accelerometer.
(c) Piezo disc or contact microphone for detecting
substrate-borne vibrations. (d—f) Accelerometers affixed

-

to substrates with a small amount of accelerometer wax
or dental wax. Lightweight supports such as twist-ties and
thin hair clips are used to reduce the likelihood of the
accelerometer shifting position or detaching from a
substrate
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and because accelerometers are necessarily
attached to a substrate, they can measure high-
amplitude signals that move the substrate itself.
Accelerometers are lightweight and small
(Fig. 2.30b), can be rugged, and several com-
monly used models can be powered by one or
more 9-V batteries. Drawbacks of accelerometers
are that attaching a sensor to a substrate loads
mass to the substrate; to avoid altering of sub-
strate transmission properties, it is recommended
to limit sensor mass to <5% of the mass of the
substrate (Cocroft and Rodriguez 2005). Because
accelerometers detect acceleration, they are not as
sensitive at low frequencies as they are at higher
frequencies, and they generally have lower
bandwidths than LDVs.

The study of animal vibrational communica-
tion is rapidly growing. In order to withstand the
rigor of peer-review, researchers must document
the type, make, model, and sensitivity of the
sensors used, and also document the factors likely
to affect signal characteristics and propagation
(e.g., substrate type and characteristics, position
of the animal). The relative position of the sensor
must be logical, consistent, and be informative for
the study. For sensors that attach to substrates
(e.g., accelerometers), secure and even attach-
ment will help achieve a good signal-to-noise
ratio and minimize impedance mismatch
(Fig. 2.30 a, d-f).

2.7.2.2 In Underwater Studies

An important issue with respect to fishes and
invertebrates is their sensitivity to particle motion
that accompanies sound transmission, rather than
to sound pressure. Particle motion comprises par-
ticle displacement, particle velocity, and particle
acceleration (ISO 18405 2017%7) and differs from
sound pressure in that it is a vector quantity. In
contrast, sound pressure is a scalar quantity, act-
ing in all directions.

Popper and Hawkins (2018) reported that it is
commonplace to characterize underwater sound
by the sound pressure alone, because it is easily
measured by a hydrophone, and then to estimate

2 https://www.iso.org/standard/62406.html; accessed

8 Mar. 2021.
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the particle motion from the sound pressure
measurements and the acoustic properties of the
medium. This is relatively easy in an acoustic
free-field (i.e., no nearby boundaries to sound
propagation). However, near acoustic boundaries
(like the seabed and the sea surface), the relation-
ship between pressure and particle motion
becomes complex and so, particularly in shallow
waters that are inhabited by many fishes and
invertebrates, measuring particle motion directly
is necessary. The result is a dearth of data on
particle motion and its importance to, and poten-
tial effects upon, animals. Although there are
excellent hydrophones for monitoring sound
pressure, there are far fewer devices for detecting
and analyzing particle motion.

Popper and Hawkins (2018) described the
many problems with measuring particle motion
in a tank and recommended that measurements be
taken in the field, or at least in a specially
designed sound exposure chamber to control the
relative magnitudes of particle motion and sound
pressure. To make particle motion measurements,
it is necessary to mount three orthogonally
orientated vector sensors together to monitor the
three spatial components of particle motion. Any
sound can thus be resolved into its directional
components and the direction to the sound source
may be determined. Calibrated particle motion
measurement systems are commercially avail-
able, but expensive. An alternative approach is
to measure the sound pressure gradient in the
water to derive the particle motion in a particular
direction.

Many studies have used custom-built particle
motion sensors for studying the impacts of
anthropogenic activities on fish (e.g., Campbell
et al. 2019; Solé et al. 2017; van der Knaap et al.
2021). GeoSpectrum Technologies Inc. offers a
few choices for off-the-shelf particle motion
sensors in their M20 line of products. Each device
consists of an omnidirectional acoustic pressure
sensor co-located with three (or two) dipole
sensors that measure the amplitude and phase of
particle motion in the three (or two) orthogonal
directions. Being lightweight and having a small
form factor (e.g., the M20-040 has a 64 mm
diameter and is 179 mm tall; Fig. 2.31), they are
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Fig. 2.31 Photograph (left) and receiving frequency
response (right) of GeoSpectrum M20-040. Note that the
units of the calibration curve are in terms of particle

preferred over traditional hydrophone arrays for
assessing directionality, especially for use on
small unmanned underwater vehicles (e.g., Stinco
et al. 2019). The M20 devices support direction-
ality assessments over a frequency range of 1 Hz
to 3 kHz, and the bearing uncertainty increases
with decreasing frequency and decreasing SNR.
Erbe et al. (2017) used a GeoSpectrum M20 to
determine sound pressure, particle displacement,
particle velocity, and particle acceleration from
recreational swimmers, kayakers, and divers.

2.7.3 Smartphone Applications

Smartphone applications have put bioacoustic
research in the hands of hobbyists and citizen
scientists. Applications are inexpensive, rapidly
evolving, and available on both Android based
phones and iPhones. These applications are well-
suited for classroom and field demonstrations of
bioacoustic research. The microphone and
soundcard in cellphones from different
manufacturers determine the frequency range
and level of the sounds recorded and the type of
analysis possible. A researcher needs to know the
frequency range and amplitude sensitivity of the
cellphone to ensure that the sounds of the target
animals can be appropriately captured.
Applications used in battery-operated cellphones

100
Frequency (Hz)

velocity level (PVL): dBV re 1 m/s. Permission to reprint
from GeoSpectrum Technologies Inc. (http://www.
GeoSpectrum.ca/; accessed 15 Mar. 2021)

provide the ability to select a recording time and
duration for long-term, remote monitoring of
ambient and animal sounds.

28  Summary

Technology used in bioacoustic research is
changing rapidly. This chapter describes cur-
rently used equipment in bioacoustic studies,
along with references and websites. The chapter
starts with an introduction to the nomenclature
used in the industry, describing these as they
apply to animal bioacoustic research. An under-
standing of the terminology would assist a bioac-
oustician with choosing appropriate equipment
with characteristics suitable for a particular
study. Instruments that form a complete recording
or playback setup are described in light of these
characteristics, along with mentions of a few of
the commonly used products available in the
market. Considerations such as electronic noise,
aliasing, sensitivity, resolution, and dynamic
range are discussed for both terrestrial and under-
water equipment. Autonomous recorders, that
offer pre-packaged programmable solutions for
passive acoustic monitoring, are also discussed.
The discussions cover several indicative
bioacoustic studies (targeting a wide variety of
fauna) that highlight the use of specific equipment
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for different purposes and under different
conditions. Other related types of equipment
used in closely related fields (such as
biotremology, particle velocity measurement,
etc.) are highlighted.

A priori knowledge of the target animal’s
sounds is helpful in selecting appropriate equip-
ment. Sensing and recording equipment needs to
be appropriate for the environmental conditions
being studied. This chapter summarizes how to
select and operate microphones and hydrophones,
digital recorders, automated recording systems,
amplifiers, filters, sound pressure level meters,
and cellphone applications. Knowing the equip-
ment specifications and selecting components to
match in frequency range and amplitude sensitivity
is important. The dynamic range, amplitude sensi-
tivity, and frequency response of each piece of
equipment in a recording setup must match and
suit the types of sound (i.e., their level and fre-
quency range) intended to be recorded. Periodic
calibrations of microphones and hydrophones are
necessary to ensure accurate measurements are
made, and the methods are described herein. With
their wide availability and ease of use, smartphone
driven approaches are gaining popularity lately.
The chapter aims to offer the reader a firm ground-
ing with the concepts and available equipment
options in bioacoustics. Pointers to seek further
understanding are provided along with information
about online resources that could offer more up-to-
date information on the topic.

29 Additional Resources

Information about recording equipment:

* Review by the Macaulay Library of the
Cornell Laboratory of Ornithology: https://
www.macaulaylibrary.org/resources/audio-
recording-gear/; accessed 30 Jan. 2021.

e Introductory guide on instruments and
techniques for bioacoustics by the Interdisci-
plinary Center for Bioacoustics and Environ-
mental Research, University of Pavia: http://
www.unipv.it/cibra/edu_equipment_uk.html;
accessed 30 Jan. 2021.
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e Marco Pesente’s blog on getting started with
nature recording: http://www .naturesound.it/;
accessed 6 Sep. 2021.

» Useful instructions on how to build your own
DIY microphones can be found on the email
discussion lists naturerecordists
(naturerecordists @yahoogroups.com) and
micbuilders (micbuilders@yahoogroups.
com).

» For biotremology, recent reviews that discuss
sensor possibilities as well as playback equip-
ment include Wood and O’Connell-Rodwell
(2010) and Elias and Mason (2014). For a
thorough discussion of considerations for
vibrational playback experiments, we suggest
Cocroft et al. (2014b). An email discussion list
of vibrational communication researchers can
be found at biotremology@googlegroups.
com.

Smartphone applications:

* How to record birds for fun and science and
with a cellphone: https://www.allaboutbirds.
org/news/how-to-record-bird-sounds-with-
your-smartphone-our-tips/; accessed
30 Jan. 2021.
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3.1 Introduction

Over the last 100 years, bioacoustical research
has led to many important discoveries about the
role of sounds in animal behavior. Over time, best
practices have evolved in bioacoustical research;
often through trial and error. In this chapter, these
best practices, based on the literature and the
co-authors’ experiences and opinions, are
summarized. We recommend methods to prop-
erly collect and conserve data, use appropriate
equipment, save time, and perhaps even make a
study more affordable. It is advised, of course,
that researchers conduct a current literature
review before beginning their work, as
developments in technique and technology are
moving at a fast pace.
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Although methods in bioacoustical studies are
typically non-invasive, research should be
conducted in an ethical way and any necessary
permits obtained. Bioacoustical research should
be able to be repeated reliably, where another
investigator should be able to understand the
circumstances of the recordings, replicate and
apply the results, and be reassured the methods
were appropriate for the goals of the study.
Detailed logs of recordings are important and
should include names of researchers; date and
time; location; ambient conditions; equipment
specifications; species, age, and sex; and behav-
ioral context of the animal during the recording.
Details of data collection and signal analysis
should accompany any results, such as frequency
range, sampling rate, bit-resolution, analysis
bandwidth and interval, amplitude range, and
any filtering or weightings used.

Here, we also discuss special considerations,
or adaptation of methods, for acoustic studies in
aquatic versus terrestrial field environments, as
well as considerations for studies on captive
animals. The “playback” technique, where a
sound is played back to an animal and response
noted, is a common method used in bioacoustical
studies and this chapter provides
recommendations for designing a robust playback
study. Finally, methods for data archival, and
current repositories for bioacoustical data, are
provided as a resource for those interested in
examining existing data or preserving their own
recordings.
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3.2  Ethical Research

As with all scientific endeavors, bioacousticians
work to answer questions and address hypotheses
by observing or manipulating the natural world.
There is an ethical obligation to document
procedures and methods, so that reported results
are understandable and reproducible by other
researchers. A reliable way for understanding
data, and how they were collected, is by
documenting metadata associated with a record-
ing. Metadata are the description of basic infor-
mation collected at the time of the recording, such
as the recordist; date and time; specific location
(GPS coordinates); equipment and settings; water
depth or altitude; water or air medium; water or
air temperature/humidity; weather conditions;
and species, sex, age, and behavior of the
animals. Knowing the who, what, when, and
where, of acoustic recordings makes acoustic
data more useful and allows a review of methods
by other researchers to validate or
supplement data.

Although bioacoustical studies are usually
non-invasive, investigators need to consider and
minimize any potential effects of their work on
animals (e.g., avoid playbacks of extremely loud
or injurious sounds that could disturb animals in
critical breeding and feeding areas). In many
cases, animal ethics permits and/or research
permits are needed from the country, state,
county, or any other political entity in which the
study will be conducted. If the species is
endangered, additional permits may be required.
Most research institutions receiving funding from
the USA government require investigators to sub-
mit an animal research protocol to an Institutional
Animal Care and Use Committee (IACUC) for
approval before conducting research involving
any animals. Ethical conduct of research goes
beyond satisfying the requirements of the
TACUC and includes responsible data collection
and management, appropriate statistical analyses,
thorough presentation and archival of data, and a
study that is reproducible. Additionally, research
should be reported, peer-reviewed, and published
ethically. This falls under research ethics
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principles and studies that are conducted with
scientific integrity (Fig. 3.1). Most researchers
consider their work with animals to be harmless
and therefore ethical. However, the process of
thinking through how animals could be affected,
and proposing research methods during the prep-
aration of an IACUC protocol can be very instruc-
tive. In some cases, preparing a protocol for
review can save a project from mistakes (such as
low statistical power, inadequate or illegal animal
housing or handling methods, unnecessary dupli-
cation, unnecessary expense, or unrecognized
alternative hypotheses). In fact, developing a
research protocol can serve to make the research
more robust.

Gannon (2014) provided two examples that
illustrate a potentially unethical study and posed
the question of whether a research permit was
needed. In 1991, a rare migrant yellow-green
vireo (Vireo flavoviridis) was spotted at protected
parklands in Rattlesnake Springs, New Mexico,
USA. The sighting was announced on the rare-
bird hotline and a number of people went to the
area to view the bird and to add it to their “life
list.” During this time, a PhD student was
collecting goldfinches (Spinus tristis). Knowing
that genetic material and voucher specimens are
important to taxonomic and conservation
research, he decided to collect the rare bird for a
museum research collection. To entice the bird to
an unprotected area for easy and legal collection,
he recorded calls of the vireo and then played
them back where he could legally collect the
bird. The birding community became incredulous
and angry. Was it ethical to record and use
playbacks of this species’ calls to lure the bird to
an unprotected area for collection (see Gluck
1998)?

More recently, as characterized in Fig. 3.2, a
smartphone birding application was used to lure a
male common yellowthroat (Geothlypis trichas)
into view. White (2013) described that broadcast-
ing calls, using a smartphone application, gener-
ally elicits a quick response from a normally
concealed bird. Possibly thinking the sounds
were from another male of his species and threat-
ening his territory, the male yellowthroat
swooped down right in front of a birding tour
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Fig. 3.1 A collage of common reference materials and
journals that are used to advise on the responsible conduct
of research with animals. Considerations of the integrity of

and was photographed. Is it ethical to lure a bird
to impress a tour group or does the playback
burden the bird with unnecessary stress, perhaps
reducing his fitness? Should acoustic luring be
prohibited for all bird species or for only
endangered animals? Conversely, should these
techniques be encouraged in order to raise aware-
ness of wild things to a public who are increas-
ingly alienated from nature?

Ethical treatment of animals serves to make a
research project rigorous and results stronger.
Given the personnel time to design experiments,
obtain permits, and conduct bioacoustical
research, and given the expense and potential
disturbance to animals, is the project worth
doing? If it is worth doing, it is worth doing well.

the scientific process and the ethics of how a study is
conducted undoubtedly produce better science

Good Practices in Bioacoustical
Studies

3.3

Once research questions have been developed and
equipment has been selected (see Chap. 2 on
equipment choices), recording can begin!
Animals can be recorded in a controlled labora-
tory or in the field. Bioacousticians often need to
be innovative when collecting acoustic data in
field situations because additional equipment,
AC-power, and access to repairs are not always
available. Below is a summary of some
recommendations for beginning bioacousticians.
All suggestions are relevant to both terrestrial and
aquatic environments unless identified otherwise.



920

Fig. 3.2 Caricature of an ornithologist luring a bird by
playback of bird calls (with permission of the illustrator
Rohan Chakravarty)

3.3.1 Recording Sounds

It is best to work toward making the cleanest
recording possible for accurate acoustic analysis.
Be sure that you have a solid understanding of the
gain and level controls on your recorder. The gain
and level meter work in concert and the person
making the recording needs to be comfortable
with these settings before serious acoustic
research begins. Ideally the entire recording
chain should be calibrated. Calibration generally
refers to correlating the readings of an instrument
with those of a standard for the purpose of
checking the instrument’s accuracy. When
recording sound, a calibration signal (a pure
tone) of known frequency and amplitude should
be placed at the beginning of all recordings. Some
recorders have a built-in calibration tone. The
tone also can be used to mark an important sec-
tion of the recording. Having a calibration tone on
a recording allows measurement of absolute
amplitude, rather than just relative amplitude.
This step is necessary if the researcher wants to
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report source-levels of animal or environmental
sounds. Calibrating recording equipment is
referred to in Chap. 2 of this volume. Ideally the
distance to the sound source (vocalizing animals
in our case) should be known. A common “trick”
is dropping a colored poker chip at the point
where the recording is started and then as moving
toward the sound source, dropping additional
chips until the point where the animal who had
been calling has presumable run off. The distance
can then easily be measured between chips. Abso-
lute distance and calibration of the recording sys-
tem is difficult in field studies.

If more than one channel is available on a
recorder, use one channel to narrate metadata
and the animals’ behaviors with the second chan-
nel dedicated to recording animal sounds. This
allows all details and conditions of the situation to
be documented in real-time and synchronized
with the animals’ sounds and behaviors. After
each session, the researcher should listen to the
recordings to make sure signals were recorded
and the equipment was working properly. We
recommend making a copy of each recording
and storing the backup and the original in differ-
ent places.

When possible, use battery-power or direct-
current (DC), rather than alternating-current
(AC) wall- or shore-power. Using batteries
eliminates background electronic noise and
provides portability of the equipment. AC-power
can create a 50-Hz (European power) or 60-Hz
(North American power) hum or background
noise on a recording. This frequency-specific
noise is easy to recognize and filter-out, prefera-
bly during the recording. However, if the animal
produces low-frequency signals (e.g., 20-Hz calls
from some baleen whales, low-frequency knocks
and grunts from fish, rumbles by elephants) the
recordings should not be filtered. Note that in
extremely cold locations, battery-life will be
shorter and any type of mechanical components
such as belts, gears, toggles, reels, or digital
equipment can cease to operate correctly. We
recommend that backup batteries be available or
on-charge for quick battery exchange.
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3.3.2 Environmental Conditions

Equipment should be selected based on environ-
mental conditions at the field site including ambi-
ent temperature and humidity, prevalence of wind
and waves, amount and type of precipitation, and
frequency and amplitude of the target species
(Fig. 3.3; see Chap. 2 on equipment choices).
Before commencing field work, check the
weather forecast. Recording animal sounds dur-
ing precipitation, high wind, or a high sea-state
often is futile because incoming signals will be
masked. In addition, animals sometimes do not
call during these conditions. In terrestrial
environments, noise from wind, weather, moving

vegetation, or other animal sounds can mask
recordings of the target species (see Chap. 5 on
the source-path-receiver model for airborne
sound). In aquatic habitats, wind, sea-state, break-
ing waves, precipitation, and other animal sounds
can create a noisy background. In both terrestrial
and aquatic environments, anthropogenic noise
(from vehicles and vessels, industrial operations,
military activities, etc.) essentially is omnipresent
(see Chap. 7 on soundscapes). If using a remote
recording system, protect the unit from the
weather and secure it as best possible. Be aware
that even in remote locations, theft of field equip-
ment occurs.

Fig. 3.3 Conditions in the field often contrast sharply from
those in a controlled laboratory environment. Working to
exclude bats (Townsend’s big-eared bat, Corynorhinus
townsendii) from gold mining operations in Nevada, USA
(top left). Recording assures animals are excluded prior to
destroying the tunnel system for mineral extraction. Mitiga-
tion sites are identified (top right) which are gated and

protected for bats to inhabit safely. Occasional sampling is
completed by live-capture (bottom left) and acoustic moni-
toring (bottom right). All photos by authors except bottom
left (MNH field biologists collect bat specimens, by
Florante A. Cruz; https://www.wikiwand.com/en/UPLB_
Museum_of_Natural_History; licensed under CC BY-SA
4.0; https://creativecommons.org/licenses/by-sa/4.0/
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Fig. 3.4 Photographs of researchers in Antarctica record-
ing a killer whale (Orcinus orca; left) and Weddell seal
(Leptonychotes weddellii; right). Equipment is both
protected from being molested by the animal but also not

Documenting the ambient temperature and
humidity is especially important when studying
ectothermic terrestrial animals, such as reptiles,
frogs, toads, insects, or other invertebrates. At
low ambient temperatures, ectothermic animals
are less active and sounds are lower in frequency
than during higher ambient temperatures. For
example, studies by Kissner et al. (1997)
demonstrated that sounds from ectothermic
animals, such as rattlesnakes (Crotalus viridis),
change with ambient temperature and humidity.

3.3.3  Animal Considerations

The transducer should be positioned so target-
animal sounds are recorded but the animal does
not damage the equipment. An aggressive or curi-
ous animal can quickly demolish a recording
system (Fig. 3.4). Equipment used in playback
studies can be particularly susceptible to an ani-
mal attack. The goal of recording is to document
sounds from natural circumstances and not from a
charging or frightened animal. Captive animals
often are curious about a hydrophone or a micro-
phone in their enclosure and can need time to
habituate to equipment before undisturbed sounds
are produced. Placing the transducer in a
protected area or in a protective mesh cage may
be necessary.

prominent so as to not draw the subject’s attention. Note
the researcher on the right maintains a distance from the
seal so as not to disturb it

Researchers should not disturb animals while
recording (Fig. 3.5). If possible, the recordist
should hide in a blind spot or use an automated
recording system with no observer present. Note
that sometimes narrating observations of the
animal’s behavior during the recording is useful
which means that the researcher should decide
between using a remote setup and a setup where
they are nearby. To concurrently monitor animal
behavior, a video camera on a tripod can be used,
with minimal disturbance to the animal. How-
ever, the researcher should be aware that the
audio track of a video camera has a limited fre-
quency response and an auto-adaptive level con-
trol, meaning these sound recordings should not
be relied upon for acoustical analysis. Closed
Circuit Television (CCTV), synchronized with
omnidirectional microphones on an ultrasonic
detector, and coordinated using a mobile phone
and speaking clock, has been used to document
new vocalizations and activities patterns for
barbastelle bats (Barbastella  barbastellus:;
Young et al. 2018). With a little ingenuity, a
researcher can create a robust recording system.

To save time and expense, it is important to
know whether a species has a preferred time of
day or season for producing sounds. Many spe-
cies are most vocal during the breeding season.
Some birds and amphibians are most soniferous
at dawn and dusk whereas many chorusing
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Fig. 3.5 What could go
wrong? In the field,
equipment failure is
certain. Over-planning,
backups, duplicate
systems, checklists,

and more will help avoid
data collection failures

insects primarily produce sounds at dusk. For
example, Thomas and DeMaster (1982) showed
that Antarctic crabeater seals (Lobodon
carcinophaga) preferred to call under water
between 2100 h and 0500 h and were hauled-out
on the ice at other times. If the number of
vocalizations was used as a population count, a
census of crabeater seals at 1200 h would have
yielded a much lower population estimate than a
census at 2400 h. Bats, obviously, are active at
night. However, there is usually a notable peak of
activity approximately 30 minutes after dusk
(Kunz and Parsons 2009). Some species (many
in the genus Myotis and Tadarida) are more likely
to be recorded during the first four hours of night,
while others emerge past midnight (Euderma,
Artibeus). Some bats have multimodal activity
patterns (Sherwin et al. 2000) and many sciurids
(e.g., Marmota and Neotamias) actively vocalize
in the morning and then again in late afternoon
(Gannon 1999). Some species (e.g., prairie dogs,
Cynomys and pikas, Ochotona) are seasonally
soniferous all day (Slobodchikoff et al. 1998;
Smith et al. 2016).

It is important to know the effects of both time
of day and month to interpret the behavioral con-
text of a recording. For example, breeding data
from the North American male rufous-sided
towhee (Pipilo erythrophthalmus) showed that
males reached breeding condition around

mid-April. Testes were in regression by 20 July
and had become inactive by mid- to late-
September (Davis 1958). So, if a researcher
desires to record sounds of this species associated
with breeding, the study should be conducted
from mid-April to mid-July. In addition, this spe-
cies shifts their song to an earlier start time in
relation to civil twilight. As day length increases
between the spring equinox and the summer sol-
stice, civil twilight occurs earlier in relation to
sunrise, causing the dawn calling period to
lengthen.

Documentation and Data
Sheets

334

Documentation is very important. A logbook
should accompany each recording to provide
metadata on the recordist; the recording system
and equipment settings (e.g., any filter or gain
settings); the location, date and time; environ-
mental conditions; types of sounds recorded; the
animals’ behavior (e.g., breeding, feeding, or
socializing); a specific animal number
(if marked); and any other circumstances which
could be valuable for analysis.

Many devices may record some of the
metadata automatically. For instance, the Echo
Meter Touch 2 PRO Ultrasonic Module using
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Table 3.1 Sample logbook showing important metadata to be noted. Examples from author (JAT) notes for Weddell

seal (Leptonychotes weddellii) and sea otter (Enhydra lutris)

Tape | Counter | Collector | Date Time |Location | Subject Quality Comments

2 ‘ 234 ‘ JA ‘ 23 March ‘ 16:00 | McMurdo | Weddell ‘ Poor ‘ Underwater, adult male,
Thomas | 2004 seal 839W, wind 20 knts

13 ‘ 22 ‘ CM ‘ 18 Sept ‘ 13:15 ‘ Valdez, ‘ Sea otter | Excellent | Airborne, mother and pup,
Smith 2004 AK unmarked, no wind

Kaleidoscope Pro software! (Wildlife Acoustics,
Maynard, MA, USA) records calls to an iPhone
or other device and collects metadata about each
recording. Metadata can then be displayed with
Kaleidoscope software or exported to a spread-
sheet. Recording directly to a computer allows
time-stamped (and often GPS-stamped) files.

If a datasheet (spreadsheet) is used, put
metadata headers as the first column and fill the
rows with your observations (Table 3.1). Each
sound or bout of sounds should be assigned a
unique number for easy reference later, and a
variety of variables can then be noted for each
sound (Table 3.2). Spreadsheets can be imported
directly into a variety of statistical and graphing
software products for analyses (see Chap. 9 on
analytical approaches). Note that datasheets for
playback studies usually include additional
variables on animal behavior (Table 3.3).

3.3.5 Trouble-shooting Equipment

Problems

Often field work is conducted in remote locations,
sometimes without easy access to the Internet,
electricity, or equipment repairs. Consider all pos-
sible equipment problems and always have
backups—of everything. A good motto for field
work is to “bring one to use and one to lose”
(Fig. 3.5). Studies usually are costly and time-
consuming—in particular in remote locations.
There is nothing worse than a missed field oppor-
tunity caused by the lack of a cable or battery.
Bring proper tools to the field site to make
repairs: soldering iron, solder, electrical wire,

" https://www.wildlifeacoustics.com/products/echo-
meter-touch-2-pro-ios and https://www.wildlifeacoustics.
com/products/kaleidoscope-pro; accessed 13 June 2022

heat-shrink tubing, electrical ties, electrical tape,
extra cables and connectors, batteries (preferably
rechargeable, with charger), multi-meter, etc. If
possible, pack replacement equipment: anemom-
eter, thermometer, laptop with extra charger,
external speakers, software for data entry, backup
hydrophone or microphone, headset, walkie-
talkie, smartphone, microphone for narration
onto a PC, and data storage devices (SD-cards,
thumb-drive, external hard-drive). Why are
duplicates necessary? If you cannot repair some-
thing, then use backups so the research effort is
not wasted.

Moving or shipping equipment often creates
problems with loose connections or fittings. If
equipment is not operating properly, tighten
fasteners on the equipment housing, make sure
circuit boards are seated properly, check that
batteries are fully charged, and make sure all
cables are connected and working. To check for
cable malfunction, use an ohm-meter to make
sure the resistance of a cable is zero. If new
equipment is used in a study, always unpack it
and check its operation in the laboratory before
going to the field. Bring manuals for all equip-
ment to the field site or know where to reliably
access them.

3.4 Playback Methods

and Controls

Projections of sounds to animals (or playbacks)
are common methods of study in bioacoustics
(Fig. 3.6). Several authors have used playbacks
to determine the function of a specific animal
sound by measuring the animal’s behavioral
response (Morton and Morton 1998).


https://www.wildlifeacoustics.com/products/echo-meter-touch-2-pro-ios
https://www.wildlifeacoustics.com/products/echo-meter-touch-2-pro-ios
https://www.wildlifeacoustics.com/products/kaleidoscope-pro
https://www.wildlifeacoustics.com/products/kaleidoscope-pro
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Fig. 3.6 Playback studies are those by which an animal or
group of animals is played their calls (or calls of their
conspecifics) back to them and then their response is
recorded. Research using playbacks has been used com-
monly in mammals (such as squirrels, prairie dogs, pika,

Playback studies on fish have been used to
determine species recognition from a particular
sound, to classify different call types, to identify
effects of sound on fish behavior, to study how a
call was coded, and to measure acoustic
parameters of the call relevant to communication
(Zelick et al. 1999). For example, Myrberg and
Riggio (1985), studying bicolor damselfish
(Stegastes partitus), found that males produced
sounds more often in response to playbacks of
conspecific sounds than to sounds of other spe-
cies’, and responded more readily to sounds from
non-resident fish than sounds from their nearest
neighbor. Playbacks of male Lake Malawi cichlid
fish (Pseudotropheus zebra) sounds to female
cichlids caused them to lay eggs earlier than con-
trol female fish of another Lake Malawi cichlid
species (Pseudotropheus emmiltos; Amorim et al.
2008). Simpson et al. (2011) played-back ambient
sounds of different reefs to coral reef fish and
showed that fish approached the sounds of their
native coral reef versus sounds from a foreign
reef. Hawkins et al. (2014) played back
recordings of impulsive pile driving sounds

carnivores, and primates), birds, reptiles, fish, and many
others. Painting “His Master’s Voice” by Francis Barraud
(1856-1924). Source: Victor Talking Machine Company.
Public domain; https://commons.wikimedia.org/wiki/File:
His_Master%27s_Voice.jpg

attracting European sprat (Sprattus sprattus) in
mid-water in the sea (Fig. 3.7).

Many birds respond to playbacks of their own
or other animal sounds by approaching the pro-
jector and sometimes even attacking the speaker
(Fig. 3.8). Emlen (1972) investigated how infor-
mation is encoded in bird song by altering
components of Indigo bunting (Passerina
cyanea) song and playing-back the modified
songs to male territory holders. He quantified
the intensity of responses to modified songs and
thus inferred the importance of temporal, struc-
tural, and syntactical features for both individual-
and species-recognition.

Beecher and Burt (2004) played-back territo-
rial sounds from male song sparrows (Melospiza
melodia) that were in neighboring territories ver-
sus distant territories. The males were slower and
less likely to fly over and explore the sounds from
a neighbor than calls from a distant male. When a
song from a distant territorial male was played,
the subject almost always matched or replicated
the song and approached the speaker as if looking
for an intruder. In contrast, when the song of a


https://commons.wikimedia.org/wiki/File:His_Master%27s_Voice.jpg
https://commons.wikimedia.org/wiki/File:His_Master%27s_Voice.jpg
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20m

Fig. 3.7 Responses of sprat (Sprattus sprattus) schools to
sound exposure. Vertical lines indicate the beginning and
end of each sound sequence. (a) Echogram of a medium-
sized sprat school, cut off abruptly after the beginning of
the sound, and reappearing a few seconds later as a denser
school slightly closer to the seabed. (b) A medium-sized
sprat school cut off at the onset of the sound and

Fig. 3.8 Diagram of a
playback experiment with
two different bird songs.
The recording and the
speakers should match the
frequency range and levels
of the original signals.
Courtesy of G Pavan
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reappearing seconds later slightly closer to the seabed.
(c) A large sprat school cut off at the onset of the sound
and reappearing at a greater depth at lower density. (d) A
small sprat school increasing in density in response to
sound exposure. From Hawkins et al. 2014. © Acoustical
Society of America, 2014. All rights reserved
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neighbor male was played, 85% of the time the
subject sang a different song, but one familiar to
the neighbor. By responding with a different, but
shared song, the subject sparrow indicated it
recognized that the sounds were from a neighbor.

Much of the work in determining the function
of alarm calls in ground squirrels and prairie dogs
(Spermophilus and Cynomys, respectively) was
determined or confirmed by playing-back previ-
ously recorded calls to an attentive colony of
these rodents in the field and observing their
responses (e.g., Slobodchikoff et al. 2009). Prat
et al. (2016) used playback techniques of calls
recorded from the Egyptian fruit bat (Rousettus
aegyptiacus) to show that 16 sounds recorded and
played-back from this bat provided enough infor-
mation to identify who was calling, where they
were calling from, what they were calling about,
and what sort of response the receiver made to the
vocalization.

Yegge (2012) and Thomas et al. (2016)
reported using playbacks of duets to restore a
pair-bond in yellow-cheeked gibbons (Nomascus
gabriellae). A breeding pair of captive gibbons
stopped duetting when construction occurred near
their exhibit lasting for about 6 months. After-
wards, the authors played-back sounds of the
pair’s previous duet, along with a silent- and
music-controls. The pair slowly resumed their
duet, established a pair-bond, and continued to
duet, some 5 years later.

Playback experiments with marine mammals
are less common due to the logistical challenges
of undertaking these experiments at sea. How-
ever, there are a few examples. Weddell seals
(Leptonychotes weddellii) produced geographi-
cally different vocal repertoires that has potential
for identifying discrete breeding stocks of Antarc-
tic seals (Thomas et al. 1983). Charrier et al.
(2013) used playback methods to confirm that
bearded seals (Erignathus barbatus) recognized
vocalizations of their species from different
regions. Male harbor seals (Phoca vitulina) that
are territorial, use roars given by intruding seals to
locate and challenge those intruders (Hayes et al.
2004). Deecke (2003) used playbacks to examine
whether captive harbor seals could distinguish
sounds from killer whales (Orcinus orca) that
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eat seals versus killer whales that eat fish; the
seals exhibited fearful responses when sounds
by the former were broadcast. Wild killer whales
either approached or ignored playbacks of sounds
from another killer whale pod, but did not call in
response. However, when their own calls were
played, most killer whales approached the source
and the entire pod started calling in response
(Filatova et al. 2011). Clark and Clark (1980)
described right whale (Balaena australis) behav-
ior from playback experiments where right
whales can differentiate between conspecific
sounds and other sounds. Playbacks of their own
song or social sounds to wild humpback whales
(Megaptera novaeangliae) resulted in some
animals approaching, some charging the source,
and others moving away (Mobley et al. 1988;
Tyack 1983).

Before a playback session, the researcher
should always check the projected sound near
the animal to make sure the sound is not distorted
and is of sufficient amplitude to mimic the
intended sound. Ideally, playback experiments
should be carried out on wild animals that are
free to move within their natural habitats. Captive
animals often are de-sensitized to reoccurring
sounds, and confinement within a small space
can greatly alter their behaviors and
vocalizations. It is especially important to ensure
that playback experiments are carried out under
appropriate acoustic conditions, where the trans-
mitted sounds are free from distortion, and reflec-
tion and reverberation are minimal. This is a
particular problem with playback experiments
on fish, where sounds can be greatly altered by
the acoustic environment, especially in small
aquarium tanks (Parvulescu 1964; Grey et al.
2016; Rogers et al. 2016).

Playback studies require controls to ensure the
animal is responding to the projected sound and
not to the noise/hum of equipment or the novelty
of a new sound. Current sound analysis and
sound-generation software allows the manipula-
tion of many sound characteristics that could be
used as a control. There are several types of
controls used by investigators: 1) Merely turn on
the equipment to replicate the electronic/back-
ground noise. 2) Play the animal’s own sound,
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but backwards. This projects the same frequency,
amplitude, and time relationships of the actual
sound, but in a different order. 3) Play the
animal’s sound at a higher or lower speed. This
transforms the projected sound into a different
frequency range. 4) Play a call with parts filtered
out. 5) Play something totally novel to the animal,
such as sounds from another species it has never
encountered, music, machinery noise, or human
speech. 6) Play sounds typical of the animal’s
natural environment.

Considerations for Terrestrial
Field Studies

3.5

If recording on land, from a vehicle (such as
during a truck survey for bat sounds), ground-
generated noise can be a problem. In fact, Borkin
et al. (2019) reported a negative relationship
between bat activity and night-time traffic volume
on New Zealand highways; when traffic
increased, probability of detecting bats decreased.
These researchers used stationary automatic bat
detectors to avoid their own road noise. Some
solutions include: stopping and turning the vehi-
cle off and recording in silence; using a recently
paved asphalt track rather than an older and nois-
ier road or a dirt track; and carrying out vehicle
transects using electric vehicles. Road surveys are
valuable, but reducing non-biotic noise would
make these transects even more valuable. Terres-
trial recordings can be contaminated with nearby
traffic noise. It is therefore advisable to make a
sample recording, check it for ambient noise, and
select an optimal quiet area.

Air temperature can be a problem. Thomas,
Zinnel, and Ferm (1983), when recording
Weddell seal breeding colonies, used water-
activated chemical heat packs placed next to
recording equipment and batteries in an insulated
box to keep equipment warm in the Antarctic for
24-hour periods. In extremely warm locations
with high humidity, moisture can collect on
recorders or microphones. Placing recording
equipment inside an insulated box with desiccants
can minimize moisture problems. In rain forests,
equipment must be totally waterproof. During

periods of heavy rain, sounds from animals will
either not be heard or masked by the rain.

A common problem in bioacoustical studies in
terrestrial environments is the presence of
acoustically-active non-target animals. If a
non-target species calls in a specific frequency
band, their sounds can perhaps be filtered out,
but in many cases, this is not possible. Some
analysis software allows to define the frequency
and amplitude of a target species’ calls and auto-
matically identifies only them in a recording.
However, in many cases, finding locations and
times when only an individual animal is
vocalizing provides the best opportunity to make
quality recordings.

A good solution for animals such as bats is to
use units which are self-contained and weather
resistant (see Chap. 2, section on bat detectors).
Each unit can include a receiving transducer,
storage device, or laptop programmed to record
at intervals and can be powered by rechargeable
battery packs or solar panels. Data can be recov-
ered daily, weekly, monthly, or even uploaded in
the proximity of Wi-Fi for automated data
retrieval. Arrays of bat detectors have been used
to record ultrasonic calls of bats, as well as to
sample the acoustic landscape, estimate biodiver-
sity, and estimate species density (Carles et al.
2007; Sherwin et al. 2000).

3.6 Considerations for Aquatic

Field Studies

Studies in freshwater are easier on the equipment
than in saltwater environments; saltwater’s corro-
sive properties require that underwater equipment
be rinsed with freshwater after use and recorders
and hydrophones be wiped down to remove salt-
water deposited from the air. It is, of course, good
practice to wipe down and dry all equipment,
whether it was deployed in saltwater, in freshwa-
ter, or on land, after use to avoid any rusting or
build-up of deposits.

Maintenance and calibration of equipment
such as hydrophones has been shown to be impor-
tant for long-term monitoring studies and data
integrity. This includes considerations such as
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the pressure rating on the hydrophone and the
length of cable that is waterproofed; the longer
the cable, the higher the impedance and the
greater the signal attenuation. Some plastic-
coated cables, if deployed for long periods, are
vulnerable to damage by marine organisms, shark
bites, and even sea urchins. Polytetrafluor-
oethylene (PTFE) coated cables are less suscepti-
ble to damage of this kind. In addition, acoustic-
release mechanisms (to allow equipment to sur-
face) can malfunction when encrusted by marine
creatures. In a review of underwater soundscape
ecology to monitor habitat health in general, and
fish spawning in particular, Lindseth and Lobel
(2018) summarized current recording and sam-
pling methods including metrics commonly used
in analyses of aquatic acoustic data. They point
out that there have been significant technological
advances in equipment, especially hydrophones.

In aquatic situations, there can be electronic
interference from improper grounding on the ves-
sel, depending on the types of electronic equip-
ment running onboard (e.g., lights, radios,
freezers, generators, winches, fans, air
conditioners, or furnaces). A quick-fix to ground-
ing problems on a ship is to drop a bare wire into
the water with the other end attached to the
recording equipment. However, a trial-and-error
approach may be needed to resolve this.

Flow noise is a problem that causes artifacts in
the recordings. Noise from water flow over the
hydrophone and its mooring can create turbulence
and small eddies (vortex shedding). These lead to

Fig. 3.9 Non-animal
generated noise can affect
aquatic recordings
adversely unless the
research has a system in
place that accounts for
noise versus animal
generated calls. Simply
attaching a hydrophone or
tag to a marine mammal can
cause flow noise from water
rushing around the attached
object

fluctuating pressure around the hydrophone,
which is sensed by the hydrophone and appears
as noise in recordings. But this “noise” is not due
to a traveling acoustic wave and hence not due to
sound in the environment. It is an artifact. Flow
noise is often a problem in rivers but also offshore
(see flow noise marked in the spectrograms in
Fig. 3.3 in Erbe et al. 2015). It can require the
use of a shield or deflector, or placement of the
hydrophone in a sheltered area.

Sound-recording acoustic tags are attached to
marine animals to record their vocalizations and
examine the effects of anthropogenic noise in the
marine environment relative to animal generated
sound. Flow noise (generated simply by water
flowing around the tag) can be useful in this
instance, as it can measure whale speed (von
Benda-Beckmann et al. 2016; Fig. 3.9). However,
interference by background noise is also a com-
mon problem. Unfortunately, survey vessels pro-
duce noise while operating. Therefore, to avoid
unnecessary mechanical background noise during
recordings, turn off any non-essential equipment
(such as engines, pumps, filters, fans, generators,
lights, refrigerators, winches, etc.). However,
fishing, military, research, and whale-watching
boat operators often are reluctant to do this. Alter-
natively, these vessel sounds can be filtered out
during recording or analysis.

In rivers or shallow coastal areas, currents and
tides transport sediment which may create noise.
It may come as quite a shock when an entire
recording is ruined by nonstop sand swishing
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back and forth over the hydrophone, creating
noise between 10 Hz and 2 kHz (Erbe 2009).
Perhaps more amusing shallow-water “mooring
noise” occurred when a group of teenage girls
swam over to the mooring, held on to the floats
and sang ABBA songs for 20 minutes—very
clearly recorded. The entire recording session
had to be discarded (Erbe 2013).

Similarly, a hydrophone fixed to a ship, boat,
buoy, or dock will bob up-and-down and produce
spurious signals such as flow noise as the water
passes the hydrophone and artifacts from hydro-
static pressure changes as the hydrophone
changes its depth. The recording can be saturated
with such signals. This noise can be reduced by
suspending the hydrophone with a bungee cord,
decoupling the floating hydrophone from the sur-
face through a catenary line, or mounting the
hydrophone on the seafloor (Fig. 3.10; also see
Chap. 2, section on PAM systems). Another solu-
tion to reduce flow noise is to use a sonobuoy or
an anti-heave buoy (see photograph in Chap. 4,
section on sonobuoys). The long cable of the
sonobuoy acts as a bungee cord to dampen verti-
cal oscillations of the hydrophone. The sonobuoy
is isolated from self-noise of the vessel, but will
detect sounds from the vessel until it moves out of
range.

Local sound propagation conditions will affect
the recording (see Chap. 6 on sound propagation

sea surface

under water). It is important to measure and
understand the sound speed profile in the study
area to know the propagation pattern and range of
a signal, which influence the recorded sound. For
years, navies of the world measured sound speed
profiles using disposable, battery-operated CTD
(conductivity, temperature, depth) units, which
were tossed into the ocean and data sent back to
the ship as the unit fell in the water and unspooled
a long copper wire. The units were not retrieved.
Today, retrievable, digital CTD units are used.
The sound speed profile may change over the
course of a day—within the upper few meters
below the sea surface. Turl and Thomas (1992)
documented that a false killer whale (Pseudorca
crassidens) echolocating during target-detection
distance experiments in Kaneohe Bay, Hawaii,
USA, consistently performed better during the
morning than afternoon; i.e., the whale could
detect the target at a greater distance during the
morning. After taking CTD measurements prior
to the morning and afternoon sessions, the
researchers realized the water column, and thus
sound speed profile, were very different between
the two periods because or prevailing midday
rains.

Sound propagation is particularly complicated
in shallow water because of the close proximity of
boundaries formed by the sea surface and seabed
(Rogers and Cox 1988). Sound is reflected,

b) float + GPS (). C) Q

acoustic
release

suspension
system

catenary
floats

weighted
recorder

hydrophone

seafloor *

Fig. 3.10 Mooring options to avoid noise artifacts: (a)
recorder on the seafloor, (b) recorder suspended from a
float via a bungee cord and drogue, and (c¢) recorder
suspended via a catenary line (Erbe et al. 2019). © Erbe

; anchors ’ weighted recorder

et al.; https://www frontiersin.org/articles/10.3389/fmars.
2019.00606/full. Published under a Creative Commons
Attribution License (CC BY); https://creativecommons.
org/licenses/by/4.0/


https://www.frontiersin.org/articles/10.3389/fmars.2019.00606/full
https://www.frontiersin.org/articles/10.3389/fmars.2019.00606/full
https://creativecommons.org/licenses/by/4.0/
https://creativecommons.org/licenses/by/4.0/

102

scattered, and absorbed at these boundaries.
There is far more attenuation of low-frequency
sounds in shallow water compared to deep water.
Rogers and Cox (1988) suggested that the lowest
frequency that could propagate in water less than
1 m deep was about 300 Hz, but this was strongly
dependent on the nature of the seabed (sand, rock,
or mud).

Ambient noise is an omnipresent issue and
may mask the signals desired for recording (see
Chap. 7 on soundscapes). Wind and precipitation
create noise underwater from coastal to offshore
regions. In polar regions, ice popping and crack-
ing may dominate the soundscape. When a hydro-
phone was dropped in the ice-covered water next
to a group of Antarctic Weddell seals (JAT, per-
sonal observations), music was heard from the
radio-station at the New Zealand Research Base
in Antarctica about 2 km away! Organisms from
tiny snapping shrimp to enormous singing whales
may also mask recordings of a target species.
Ship noise is almost omnipresent in the world’s
oceans, so it can be difficult to obtain recordings
of a target species in a quiet aquatic environment.

Considerations for Studies
on Captive Animals

3.7

Because there are regulations on the housing and
care of captive animals, research permit and
IACUC requirements can be more detailed for
research on captive species. However, often
those regulations were written for laboratory
animals used in medical research (mostly Rattus
and Mus) and are not specified or applicable for
wild animal research. For example, one of us
(WLG) had to convince the university veterinar-
ian to allow kangaroo rats (Heteromyidae,
Dipodomys) to be housed using sandy desert
soils instead of rat bedding so that these wild
animals could properly sand-bathe and tunnel.
Zoos and aquaria support bioacoustical studies
on a wide wvariety of species, including
endangered species. Some benefits of studying
captive animals in a zoo are that their history is
usually known (i.e., wild caught vs. captive born,
sex, age, reproductive history, relatedness to other
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animals, and health). Care should be taken to
study healthy animals, as opposed to ill or
rehabilitating animals, to best represent the acous-
tic abilities of their wild counterparts. However,
burgeoning research by Therrien et al. (2012)
indicated that changes in vocal behavior of
bottlenose dolphins (Tursiops truncatus) and
California sea lions (Zalophus californianus)
actually could be used to indicate a health prob-
lem (Schwalm 2012). Moreover, captive animals,
especially those that have been hand-reared or
raised in a hatchery (such as salmon or sea bass)
can show some degree of genetic selection,
de-sensitization, and habituation to the presence
of high levels of ambient sound. They can be
much less responsive to sounds than wild
animals.

Most zoos have noise created by loudspeaker
announcements, music, shows, rides, or facility
vehicles. Key events, such as hearing music for a
show, or a vehicle delivering food, may affect
animal behavior; therefore, studies should not be
conducted during those times. Reminiscent of
Ivan Pavlov in the 1890s experiment that dogs
were being conditioned behaviorally (drooled) in
response to being fed at the sound of a bell
(conditioned response), researchers need to be
aware of regular triggers to animal behavior. Of
course, a common source of noise in captive
studies is from visitors, keepers, and maintenance
workers. If at all possible, it is best to conduct
research before or after humans are near the study
location (i.e., before or after the zoo is open). If
possible, operation of air conditioners, furnaces,
air-filters, and lights should be stopped, or
minimized, to reduce or eliminate background
sounds in recordings. Some facilities isolate
their mechanical equipment in a separate building
from the animals’ environment; this greatly
reduces noise exposure for the animals. A prelim-
inary survey of noise in the animals’ enclosure,
using a sound pressure level meter, helps identify
any particularly noisy or quiet areas.

Sometimes, ultrasonic noise or underwater
noise can be present unbeknownst to zoo or
aquarium staff. One of us (JAT, personal
observations) provided two examples. In an
underwater hearing study on a Pacific white-
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Fig. 3.11 Waveforms and
spectra of echolocation
clicks of bottlenose
dolphins in open ocean
(Kaneohe Bay, Hawaii,
USA) and in a tank. The
spectrum of the click from
the tank had a lower
frequency peak at 40 kHz
and a lower source level of
170-185 dB re 1 pPa

m. Reprinted by permission
from Springer Nature.
Hearing by Whales and
Dolphins, edited by
W.W.L. Au, A. N. Popper,
and R. R. Fay, pp. 364-408,
Echolocation in dolphins,
W. W. L. Au; https://doi.
org/10.1007/978-1-4612- 0.5 -
1150-1_9. © Springer 4
Nature, 2000. All rights o
reserved -
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sided dolphin (Lagenorhynchus obliquidens) by
Tremel et al. (1998), the test animal consistently
reported hearing a 32-kHz signal at two different
thresholds on different days. Spectrum analysis of
the ambient noise in the pool revealed an inter-
mittent noise near 32 kHz. So, on test days when
the noise was present, the animal’s threshold at
this frequency was much lower than on test days
when the noise was absent. Because the noise was
ultrasonic, it was not known by staff or
researchers. In another study by Therrien et al.
(2012), 24-hour recordings of bottlenose dolphins
detected an almost continuous banging noise in
the water. Zoo staff were unaware of the noise
and upon a diver’s inspection of the pool, found a
metal gate hinge that was broken and causing the
banging sound. In both these examples, staff did
not know about the noise, which could have been
annoying to the animals and disturb bioacoustical
research.

Researchers should understand the possible
effects of the exhibit environment on the acoustic
behavior of animals. For example, dolphins living

100
FREQUENCY (KHZ)

200

in highly reverberant concrete pools echolocate
less and at lower amplitudes than in the wild
(Fig. 3.11) (Au 2000).

Today, exhibit designers incorporate irregular
wall and floor surfaces in pools, indoor
enclosures, and outdoor exhibits to minimize
reverberations. Projecting a signal into a regularly
shaped (e.g., round or square) pool with a flat
bottom (e.g., during a hearing test) can set up
standing waves, which result in a sound-field
that dramatically changes with receiver location
and frequency. A resonant pool amplifies sound
at its resonance frequencies and dampens others,
essentially distorting the signal desired by the
researcher. While concrete walls in a zoo or
aquarium are easy to construct and clean, they
provide a reflective surface that often causes
annoying, cave-like reverberations.

Particular issues are encountered when trying
to perform hearing tests and sound exposure
experiments with fish or invertebrates in water-
filled tanks that are only a few meters in
dimensions, or even smaller. The complexities
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of the sound-field in small tanks were first pointed
out by Parvulescu (1964) and recently discussed
by Duncan et al. (2016), Grey et al. (2016),
Rogers et al. (2016), and Popper and Hawkins
(2018). Even in quite large tanks, the sound-field
generated by even a simple sound source is
transformed by interactions with boundaries
(i.e., walls, floor of pool, and water surface) and
can vary rapidly as a function of both space and
frequency. The resulting sound-field can be diffi-
cult to model, or even characterize, and the
sound-level can be very different from the natural
environment. In particular, the levels of the parti-
cle motion components of the sounds (to which
fish are sensitive) can be very high. Attempts at
dampening reverberation by adding materials
such as “horse hair” or bubble-wrap can be effec-
tive at high frequencies, but have little effect at
the low frequencies to which fish are sensitive and
where the sound wavelength often exceeds the
dimensions of the tank (Popper and Hawkins
2018). In contrast, experiments performed in
deep and open water allow the establishment of
a relatively simple, well-controlled, and predict-
able sound-field (Hawkins 2014).

Grey et al. (2016) measured the sound-field in
several large laboratory tanks and came to the
following conclusions: 1) Tanks, even large
ones, are not appropriate surrogates for open-
water environments. 2) Tank wall-thickness is
largely irrelevant. Walls backed by air essentially
present a low impedance, and walls in contact
with a solid foundation or ground present finite
(non-rigid) impedance defined by the substrate
materials. 3) Resonance of the tank walls can
dominate underwater sound-field characteristics.
4) Lining the walls of a tank with acoustic absor-
bent material is futile, because the thicknesses
required at low frequencies would leave no
room for the fish. 5) Both the sound pressure
and the particle motion of a sound need to be
measured and checked for mutual validation by
calculating the particle motion from pressure
gradients. Special hydrophone systems, based on
seismic accelerometers, are required to measure
particle motion (see Chap. 2).
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3.8 Digital File Format

Several file formats are available to save digital
recordings. Digital file extensions include WAV,
PCM, MP3, au, ram, MIDI, ogg, as well as others.
It is best to record using uncompressed or WAV
or PCM (Pulse Code Modulation) formats for
faithful spectrum analysis.

MP3 is a digital audio-encoding format which
uses data compression to reduce file size. It is a
common audio-format for consumer audio and a
de facto standard of digital audio-compression
used for the transfer and playback of music. How-
ever, MP3 files and other compression methods
are poor for spectrum analysis because compres-
sion only retains signals in a frequency band up to
16 kHz (i.e., the human hearing range). As a
result, spectrum analysis using MP3 files is not
trustworthy above 16 kHz. The psychoacoustic-
based compression algorithms, in addition to lim-
iting frequencies to below 16 kHz (and even less
at higher compression ratios), discards fine details
that cannot be heard by humans. Cuts introduced
by compression appear as unpleasant “holes” in
the spectrogram and can destroy details that could
have meaning. However, MP3 files can be valu-
able for ecological monitoring of temporal and
spatial patterns of well-known sounds.

A few digital recorders offer the Free Lossless
Audio Codec (FLAC) format, which has less
compression and reduces the storage space up to
50% without loss of detail. In addition, a few
digital recorders employ a Direct Stream Digital
(DSD) format; a proprietary system of digitally
recreating audible signals for the Super Audio
CD, using delta-sigma 1-bit A/D-converters at
2.8 or 5.6 MHz. Because of the intrinsic
properties of the delta-sigma conversion made
by the 1-bit A/D-converter, these recorders have
the potential to record frequencies well beyond
100 kHz, but with increased noise at high
frequencies. Spectrum analysis of recordings
made in the DSD format is appropriate.

Waveform sound files (WAV; created by
Microsoft) are perhaps the simplest of the com-
mon formats for storing audio samples. Unlike
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MPEG and other compressed formats, WAYV files
and their derivatives (like the Broadcast Wave
File, BWF) store samples “in the raw” where no
pre-processing is used, other than formatting of
data. When there is a choice of a recording file
format, the WAV (or BWF) format should be
selected, rather than the MP3 format.

With continuous recording, WAV files can
become quite large and subsequently be difficult
to handle with sound analysis software. For
example, WAV recordings sampling at 96 kHz
and 24 bit for 1 hour will occupy approximately
1 GB of storage capacity (96,000 samples/s X
24 bits x 1 byte/8 bits x 60 minutes x 60 s/
minute = 1.04 GB). If monitoring is required for
long periods, it is therefore important to select the
appropriate sampling rate to conserve storage
space. For example, if mid-frequency fish sounds
are the main features of interest, then it can be
appropriately sampled at only 22 kHz, or at an
even lower sampling frequency. Several possible
sampling frequencies and sometimes a choice of
bit depth (16 or 24 bit) are available, but not on all
recorders. Some recorders enable a limit to be
placed on the maximum size of each recorded
file. Alternatively, a recording protocol can be
adopted to limit the length of each recording.

3.9 Data Storage

All storage media should be carefully labeled
with who, what, where, and when. Each recording
period should have a unique number. Creating a
master catalog of recording numbers allows
researchers to cross-reference metadata from a
logbook.

Magnetic media, including magnetic tape
(e.g., reel-to-reel, cassette, or DAT tapes), and
computer hard drives require storage in a dry,
dark area away from any type of magnetic field.
Exposure to a magnet could erase data. If tapes
are not played often, the tightly packed tape could
“bleed through” from one segment to another,
thus contaminating data. Therefore, converting
old recordings on magnetic tape to modern stor-
age is becoming urgent for data on historic
soundscapes and animals not be lost.
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When converting analog to digital formats,
usually using an A/D-converter, the sampling
frequency must be at least twice the highest fre-
quency recorded and the recordist needs to make
sure that the parameters of the storage medium are
adequate for the task. There are a number of free
software applications for conversion of analog to
digital formats.

Storage of digital recordings can be done on
hard drives, optical drives, solid-state memory, or
an Internet cloud. Bluetooth (a wireless technol-
ogy standard) provides reliable exchange of data
between fixed and mobile devices over short
distances. Bluetooth uses UHF radio waves that
are effective at a short distance.

3.10 Archiving Recordings

Properly curated recordings are critically impor-
tant for assessing changes in soundscapes, ambi-
ent noise, and animal presence/absence and
acoustic behavior over time. For example, under-
water recordings made by the US Navy off the
coast of California indicated a steady increase in
background noise levels in the ocean in the last
60 years (from the 1960s). Marie Poland Fish, an
oceanographer and marine biologist, recorded
and analyzed the sounds of more than 300 species
of marine life, from mammals to mussels. Her
work (described and spectrograms provided in
Fish and Mowbray 1970) helped the US Navy
to distinguish fish and other animal sounds from
the sounds made by submarines and remains a
primary source for analysis of marine fish sounds.

Recordings of humpback whale songs date
back to the 1970s and continue to document
annual changes in their song within different
populations. Williams et al. (2013) studied the
changing songs of male savannah sparrows
(Passerculus sandwichensis) recorded over three
decades (1980-2011) on Kent Island, New
Brunswick, in the Bay of Fundy. Life-long
recordings of songs of white-crowned sparrows
(Zonotrichia leucophrys) found they memorize
syllables they hear at 10-50 days of age and
sing the same song throughout their life. In con-
trast, life-long  recordings of  northern
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mockingbirds (Mimus polyglottos) found they
add elements to their songs throughout their
lives. Only long-term archival data could be
used for analysis of these trends. In this time of
global warming and accelerated ice melts,
archived recordings from the polar regions
might become instrumental in monitoring the
rate of climate change (by quantifying
ice-cracking noise) and the effects on
soundscapes and ecology (Obrist et al. 2010).
The take-home message here is that good research
practices with solid documentation and data
archiving allow for future knowledge generation.

3.11 Repositories

of Bioacoustical Data

Hafner et al. (1997) noted that collections of
animal recordings with ancillary data are rich
sources of reference material for bioacoustical
studies. Archiving analog data by converting to
a digital format has played an essential role in
preserving data for future use. Species-specific
sounds from a variety of regions and times, with
associated voucher specimens and metadata, are
available for researchers at a number of
organizations. All collections and their
corresponding links were valid as of
13 June 2022.

In Europe, there is a long tradition of recording
animal sounds, in particular bird songs, and many
collections have been published on vinyl discs
and CDs, mainly in France and the UK. In 1969,
the British Library of Wildlife Sounds’
established holdings of more than 160,000 well-
documented field-recordings covering all classes
of sound-producing animals from many regions.
More than 10,000 species of invertebrates,
insects, amphibians, reptiles, fishes, birds, and
mammals, including many rare and threatened
species. A large number of these recordings
were made for radio by the BBC Natural History
Unit. The British Library supported a citizen-sci-

2 https://www.bl.uk/collection-guides/wildlife-and-envi
ronmental-sounds; accessed 13 June 2022
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ence program to create a map of the UK coastal
soundscape in 2015.> Other European online
sound libraries include: Tierstimmen Archiv*
(approximately 120,000 sound recordings;
Museum fiir Naturkunde, Berlin, Germany)
Xeno-Canto” (595,000 recordings from approxi-
mately 10,250 bird species Naturalis Biodiversity
Center, Leiden, Netherlands), and FonoZoo®
(11,657 recordings of 1621 animal species;
Fonoteca Zoolégica, Museo Nacional de Ciencias
Naturales (CSIC), Madrid, Spain).

In the USA, the Macaulay Library’ (Cornell
Lab of Ornithology, Ithaca, NY, USA) archived
older analog, digital, and video recordings. To
date, their holdings are approximately 24 million
photos, 915,000 audio and 192,000 video
recordings available for researchers. The K. Lisa
Yang Center for Conservation Bioacoustics®
(Cornell Lab of Ornithology, Ithaca, NY, USA)
is everything “bird” including citizen science and
masterful guides and information in ornithology
(including bird vocalization identification apps
and bird cams). The Museum of Southwestern
Biology’ (University of New Mexico,
Albuquerque, NM, USA) and Museum of Verte-
brate Zoology'® (University of California,
Berkeley, CA, USA) have hundreds of thousands
of cataloged natural history journals and voucher
specimens and began to associate avian
vocalizations with voucher specimens in the
2000s. These museum collections have shown a
desire to include bat call libraries before 2023.
The Watkins Sound Library'' (Woods Hole
Oceanographic Institution, Woods Hole, MA,
USA) provides particularly good collections of
marine mammal sounds with a highlighted
“Best of” cuts section that contains 1694 sound

3 https://www.bl.uk/sounds-of-our-shores

4 http://www tierstimmenarchiv.de/

> https://www.xeno-canto.org/

¢ http://www.fonozoo.com/index_eng.php

7 http://macaulaylibrary.org

8 https://www.birds.cornell.edu/ccb/

° https://arctosdb.org/; http://www.msb.unm.edu/

10 http://mvz.berkeley.edu/General_Information.html

' https://cis.whoi.edu/science/B/whalesounds/index.cfm


https://www.bl.uk/collection-guides/wildlife-and-environmental-sounds
https://www.bl.uk/collection-guides/wildlife-and-environmental-sounds
https://www.bl.uk/sounds-of-our-shores
http://www.tierstimmenarchiv.de/
https://www.xeno-canto.org/
http://www.fonozoo.com/index_eng.php
http://macaulaylibrary.org
https://www.birds.cornell.edu/ccb/
https://arctosdb.org/
http://www.msb.unm.edu/
http://mvz.berkeley.edu/General_Information.html
https://cis.whoi.edu/science/B/whalesounds/index.cfm
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Fig. 3.12 Commercial companies and others market

sounds of animals and soundscapes recorded by
researchers such as Bernie Krause. Recording and
analyzing natural sound is fulfilling and insightful, and
can be a profound source for generating knowledge. Left

cuts deemed to be of higher sound quality and
lower noise from 32 different marine mammal
species.

Several commercial companies market LPs
and CDs of nature sounds. Bernie Krause'’
(Wild Sanctuary, Glen Ellen, CA, USA;
Fig. 3.12) is unique among researchers, commer-
cial ventures, and artists. From the Wild Sanctu-
ary website, “The Wild Sanctuary Audio Archive
represents a vast and important collection of
whole-habitat field recordings and precise
metadata dating from the late 1960s. This unique
bioacoustic resource contains marine and terres-
trial soundscapes representing the voices of living
organisms from larvae to large mammals and the
numerous tropical, temperate and Arctic biomes
from which they come. The catalog currently
contains over 4500 hours of wild soundscapes
and in excess of 15,000 identified life forms.”
The acoustic world is not only at our finger tips,
but the world is becoming available for all to hear.

12 http://www.wildsanctuary.com/

photo by the authors; right photo, “Capturing the sounds
of the lake” by S. Shiller; https://www.flickr.com/photos/
12289718 @N00/9454414945; licensed under CC BY 2.0;
https://creativecommons.org/licenses/by/2.0/

3.12 Summary

As with other areas of science, good practices for
bioacoustical research, as well as an awareness of
the ethical implications of that research, should be
employed. This chapter provides a list of
considerations for terrestrial, aquatic, and captive
studies—a list that will doubtlessly be improved
as technology and access to the acoustic world
improves. No longer is large, heavy, and expen-
sive equipment necessary to make high-quality,
meaningful acoustic recordings. Acoustic data are
important beyond the immediate scope of a proj-
ect, but data must be well documented with
metadata (including field notes and ancillary
information) and stored in a way that they are
preserved and accessible for future research. The
importance of a well-designed data sheet for easy
data entry and analysis is also discussed along
with special considerations for study design.
Playbacks of sounds to animals are commonly
used by bioacousticians and procedures for
playbacks and controls are recommended.
Several sound libraries are publicly available
for research. These facilities have invested a great


https://www.flickr.com/photos/12289718@N00/9454414945
https://www.flickr.com/photos/12289718@N00/9454414945
https://creativecommons.org/licenses/by/2.0/?ref=ccsearch&atype=rich
http://www.wildsanctuary.com/
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deal of time in transferring analog recordings to
digital formats for more permanent preservation.
CDs of animal and nature sounds are now com-
mercially available. Archives are useful for edu-
cation and research. As we evaluate current
hypotheses related to global warming, perhaps
we can hear the world change.

3.13 Additional Resources

* Sound recording tips from eBird: https://www.
macaulaylibrary.org/how-to/recording-
techniques/

* Bioacoustics equipment and field techniques,
Centro Interdisciplinare di  Bioacustica
e Ricerche Ambientali, Universita degli Studi
di Pavia: http://www.unipv.it/cibra/edu_equip
ment_uk.html

e Manual on Field Recording Techniques and
Protocols for All Taxa Biodiversity
Inventories and Monitoring (Eymann et al.
2010): https://issuu.com/ysamyn/docs/
abctaxa_vol_8_partl_Ir

accessed

All  web resources last

13 June 2022.
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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.
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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,

C. Erbe et al.

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
pPa (pronounced micro pascal) is made up of the
multiplier prefix p (micro), representing a factor
of 107 (one one-millionth) and the symbol Pa
(pascal), which is the SI unit of pressure. So, a
measured pressure given as 1.4 pPa corresponds
to 1.4 times 10~° 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
Length meter
Mass kilogram
Time second
Electric current ampere
Temperature kelvin
Luminous intensity candela
Amount of substance mole
Frequency hertz
Pressure pascal
Energy joule
Power watt

Unit symbol Expressed in terms of base units
m

kg

S

A

K

cd

mol

Hz 1/s

Pa kg / (m )
J kg m? /
\ kg m?/s?
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Table 4.2 SI multiplier prefixes

Prefix Symbol Factor
deci d 107"
centi c 1072
milli m 107
micro p 1076
nano n 107
pico p 1072

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. 4.1"). The line along which the particles

" 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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Prefix Symbol Factor
deka da 10'
hecto h 10
kilo k 10°
mega M 108
giga G 10°
tera T 10'2

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 2x. 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


https://www.acs.psu.edu/drussell/Demos/waves-intro/waves-intro.html
https://www.acs.psu.edu/drussell/Demos/waves-intro/waves-intro.html
https://www.acs.psu.edu/drussell/Demos/wave-x-t/wave-x-t.html
https://www.acs.psu.edu/drussell/Demos/wave-x-t/wave-x-t.html
https://www.acs.psu.edu/drussell/Demos/waves/wavemotion.html
https://www.acs.psu.edu/drussell/Demos/waves/wavemotion.html
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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

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,
1Hz = 1/s.

The fundamental frequency (symbol: fp; unit:
Hz) of an oscillation is the reciprocal of the
period. The period (symbol: 7; unit: s) is the
duration of one cycle and is related to the funda-
mental frequency as (see Fig. 4.1):

1
~ fo

The wavelength (symbol: A; 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

T

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

but also harmonically related overtones. The
frequencies of overtones are integer multiples of
the fundamental: 2 fp, 3 fy, 4 fy, ... Beware that
there are two schemes for naming these tones: f,
can be called either the fundamental or the first
harmonic. In the former case, 2 f;, becomes the
first overtone, 3 f; the second overtone, etc. In the
latter case, 2 f, becomes the second harmonic, 3 f;
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.
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Fig. 4.2 Spectrograms of
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a)3000
(a) a jet ski recorded under

water Erbe 2013 and (b) a
Carnaby’s Cockatoo
(Calyptorhynchus
latirostris) whistle, both
displaying frequency
modulation

Frequency (Hz)

b) 8000
L
6000 15;»_#m
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The frequency or frequencies of a sound may
change over time, so that frequency is a function
of time: f(f). 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

0.5
Time (s)

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.

Local
Maximum Maximum
Frequency
End
Local
. Frequency
Maximum 7
<+— Step

Frequency [Hz]

—
Start
Frequency Local
Minimum
Minimum
Frequency Local %: Inflection
Minimum Point
Time [s]

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 ¢ (i.e., p is a function of £ p(r). 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 = 10° dyn/cm” = 10° Pa. Mathe-
matically, pressure is defined as force per area.
Pascal in SI units is

1Pa=1N/m’*=1J/m’ = 1 kg/(ms?)

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) = A sin (2 =nft), where A is the amplitude and
f the frequency. In the example of Fig. 4.1,
A =1 Pa, f= 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: Ip(f)l. These are the same values as
p(?), 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(f), the signal undergoes amplitude modu-
lation (abbreviation: AM).

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

C. Erbe et al.

Pressure [Pa]
o
o w

o
(9]

1.5 2

Time [ms]

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

p(1) = A1) sin (2 f (¢) x 1)

The amplitude function changes exponentially
with time:

A(t) = e~ 1=0)/28 | where the peak occurs at
to = 1 ms, and o 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: p,,.
pi> unit: Pa) is the difference between the maxi-
mum pressure and the minimum pressure of a
sound wave:
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Ppk—pk = max (p(t)) — min (p(z))

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

The peak sound pressure (symbol: p,; 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(?):

P = max (|p(1)])

This can occur during compression and/or
rarefaction. In other words, p,. 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: p,,,; unit:
Pa) is computed as its name dictates, as the root of
the mean over time of the squared pressure:

/t] " (i

Prms = ,or in discrete form :
Hh —1h
SEp?
Pens = \| =5 (4.1)

This computation is practically carried out
over a time interval from ¢; to .

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., Pa’ if the signal is pressure or
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(m/s)? 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: L,) is the level of the root-mean-square
sound pressure and computed as

prms
L,=201o s
g glo(ﬁo)

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

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

Ly, = 20 log (Iﬂ)
Po

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

Pk
Ly pk—pk = 20 log 1o (%)
0

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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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 pPa
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 | 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 | 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 pPa
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 I 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

42,5 Sound Exposure

Sound exposure (symbol: E, 7; unit: Pa’%s) is the
integral over time of the squared pressure:

153
By = [ P
It

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

sound exposure level (abbreviation:
bol: Lg,) is computed as:

E
Lg, = 10 log (ﬁ)

It is expressed in dB relative to E,, = 400
uPa’s in air, and E,o=1 uPa’s in water. Sound
exposure is proportional to the total energy of a
sound wave.

SEL; sym-
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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’[, = Lp + 10 log lo(tz - t])

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):

1959,
/ P (e
5%

Lg, = 10 log Ero
P

In the presence of significant background
noise p,(f), 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 ¢; to t,)
preceding or succeeding the signal of interest:

195% 5]
/ ﬂmm—/p%w
159 1

EP,O

LE’[’ == 10 10g 10
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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

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 At (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:

_ 9 2
E—ZpAt
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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 ST units:

1J=1kgm?/s?

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

P =E/At
The unit of power is watt [W]. In ST units:
IW=1J/s=1kgm?/s’

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

[ = E/(SAf) = P/S

For a free plane wave or a spherical wave at a

large distance from its source, this becomes:

1=p*/Z (4.2)

The unit of intensity is W/m?. A conceptually

different definition equates the instantaneous

acoustic intensity with the product of sound pres-
sure and particle velocity u:

The two concepts are mathematically equiva-
lent for free plane and spherical waves and the
unit of intensity is always W/m?>.

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 ¢ denoting energy,
power, intensity, surface area, and time,
respectively:

P=E/At=1S

C. Erbe et al.

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/s’)
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 Ilatter is not an oscillatory
quantity.
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Fig. 4.6 Spectrograms of mean-square sound pressure
spectral density [dB re 1 pPa’/Hz], mean-square particle
displacement spectral density [dB re 1 pm?/Hz], mean-
square particle velocity spectral density [dB re 1 (nm/s)%/

4,29 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=Ar=Af

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 cg) 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

Partlcle displacement magnitude

Frequency [Hz]

Frequency [Hz]

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

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: p) and speed of
sound: Z = pc. In air at 0 °C with a density
p = 1.3 kg/m’ and speed of sound ¢ = 330 my/s,
the characteristic impedance is Z = 429 kg/(m’s). In
freshwater at 5 °C with a density of p = 1000 kg/m*
and a speed of sound ¢ = 1427 m/s, the character-
istic impedance is Z = 1427,000 kg/(m?s). In sea
water at 20 °C and 1 m depth with 3.4% salinity, a
density of p = 1035 kg/m?>, and a speed of sound of
¢ = 1520 m/s, the characteristic impedance is
Z = 1,573,200 kg/(m?s). The characteristic imped-
ance relates the sound pressure to particle velocity
via p = Z u for plane waves.
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Table 4.5 P-wave and S-wave speeds of certain acoustic media

Medium

Air, 0 °C

Air, 20 °C
Freshwater, 5 °C
Freshwater, 20 °C
Salt water, 20 °C, salinity 3.4%, 1 m depth
Sand

Clay

Sandstone
Granite
Limestone

a) 280 300 320
12000 - -

340 mis
10000

8000 -

6000

Altitude (m)

4000 -

2000

0

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

42,11 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

cp [m/s] cs [m/s]
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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

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.
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By definition, the level Ly of quantity Q is
proportional to the logarithm of the ratio of
Q and a reference value Qy, 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
Ly is computed as

Lr =20log 10}%

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

Lp = 10log 101%

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 F, or P, 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=10%Fy,and P = 101P,  (4.3)

The units of the calculated quantities corre-
spond to the units of the reference quantity (F,
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or Py). For example, an underwater tone at a level
of 120 dB re 1 pPa rms has an rms pressure of
1 Pa. This is worked out as follows:

F =102 % 1yPa = 10° yPa = 1 Pa

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

F = 10'2°/2% % 20 pPa = 10° - 20 pPa = 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:
F
LFl — Lpz =20 log 10 Fl
2
P
Lpl — Lp2 = 1010g 10171
2
ﬂ (LFI’IFZ)
Fy = 10\72
& (LPI *LPZ)
B, ~ 10\ ™
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
(Lgi-Lgz or Lpi-Lp)
in dB

—40

-20

—-10

—6

-3

0

10

20
40

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

1/100 = 0.01
1/10 = 0.1
1/4/10 ~ 0.316
12=05

1/V/2 =~ 0.707

1

V2 = 1.41

2

V10 ~ 3.16

10

100

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

1/10,000 = 0.0001
1/100 = 0.01
1/10 = 0.1
1/4 = 0.25
12=0.5

1

2

4

10

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 pPa rms is 20 dB stronger than a tone at a
level of 100 dB re 1 pPa rms, so from
Table 4.6, the ratio of the two rms pressures is
pilp, = F;/F, = 10, and the ratio of their
intensities is 1,/I, = P;/P, = 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 Ng = —180 dB re
1 V/pPa produces 10782 = 10~ Volts output
per 1 pPa input. A more sensitive hydrophone has
a less negative sensitivity. The output voltage
might be passed to an amplifier with AL; =20 dB
gain, after which it is digitized by a data acquisi-
tion board, such as a computer’s soundcard. All

I -
/. 11\

soundcard

amplifier

hydrophone

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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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 gain ALp; = 10 dB
re FS/V, then 10'”*° FS/V = 10> FS/V is the
relationship between FS and input voltage,
meaning that FS is reached when the input is
110" V = 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 2'®! = 2'° = 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 =20 10g 10(V/FS) — ALDG — ALG — NS
=20 log ;,(v/FS) 4+ 150 dB re 1 pPa

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 pPa rms, then the two tones together
have a level of 126 dB re 1 pPa rms if they are in
phase. Their superposition has an average level of
123 dB re 1 pPa 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
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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

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° (x 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 —oo!

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
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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 7,
and I, 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 /,, = I,, then from
(Eq. 4.2):

2
which is equivalent to p—’zv = @
Pe  Za

a

Py _ Py
Zy Zi
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:
2
Pr _Zu _puc
pg Zu PaCa

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

2

2
Ly — Ly = 101og ;2% — 1010g ;24
Py Po

Pwlw
PaCa

p2
Pa
=36dB

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

Ly — Lya = 20log 10%‘5 — 201og 10%

p PwCw
=20log (=% =201o =
210 P, 210 PuCa

=36dB

In the above two equations, the same reference
pressure p, is required. However, the convention
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is to use p,0=20 pPa in air and p,,=1 pPa in
water. The difference in reference pressures adds
another 26 dB to the sound pressure level in
water, because:

2010g ;220 — 2010g ,, 22 1P

P 280 Tpa — 2090

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

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 pPa annoying
and 140 dB re 20 pPa 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 pPa
of rock music does not provide the same experi-
ence as 110 dB re 20 pPa of traffic noise.

4.2.12 Source Level

The source level (abbreviation: SL; symbol: L) 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.

C. Erbe et al.

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 Lgy) 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 L, plus a spherical propagation
loss term:

prms(r)r r
sy 7 =L, +20 log o —
Por0 7 g 10 7o

LRN =20 log 10

It is expressed in dB relative to a reference
value of pyro = 20 pPam in air and pory = 1 pPam
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 pPa @ 1 m
in air and dB re 1 pPa @ 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
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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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Fig. 4.10 Graph of sound pressure versus range, perpen-
dicular from a circular piston such as a loudspeaker with
radius 1 m, f = 22 kHz, under water

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(r) ~ % and P(r) ~ rl—z in the far-field.

The range at which the field transitions from
near to far can be estimated as L%/ A, where L is the
largest dimension of the source and 4 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 pPa at 30 m range
from the source. A spherical propagation loss
term (20 log o7~ =30dB ; red dashed line in

Fig. 4.10) is then applied to estimate the radiated
noise level: 156 dB re 1 pPa m. This level is
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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 pPa’s m (e.g., Erbe and King
2009). However, in situ measurements near the
array may never exceed 190 dB re 1 pPa’s, 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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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.

Table 4.7 A, C, and Z-weighting values

Frequency [Hz] A-weighting [dB]

63 —26.2
125 —16.1
250 —8.6
500 —-32
1000 0
2000 1.2
4000 1
8000 —1.1
16,000 —6.6
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Fig. 4.11 Graph of A-, C-, and Z-weighting curves

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 wused in octave-band
analysis to analyze the sound source rather than
its effect.
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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
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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(f)=C

W(f) is the weighting function amplitude
[dB] at frequency f [kHz]; f; and f, 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
Low-frequency cetaceans (LF) 1
High-frequency cetaceans (HF) 1.6
Very-high-frequency cetaceans (VHF) 1.8
Sirenians (SI) 1.8
Phocid carnivores in water (PCW) 1
Phocid carnivores in air (PCA) 2
Other marine carnivores in water (OCW) 2
Other marine carnivores in air (OCA) 14

b f1 [kHz] f> [kHz] C [dB]
2 0.2 19 0.13
2 8.8 110 1.20
2 12 140 1.36
2 43 25 2.62
2 1.9 30 0.75
2 0.75 8.3 1.50
2 0.94 25 0.64
2 2 20 1.39
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Fig. 4.12 Weighting curves calculated from the function
W(f) (Eq. 4.4) and constants (Table 4.8), for each marine
mammal hearing group

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 f,, which splits
the power spectrum into two halves of equal

Amplitude [dB]

fa fo fau Frequency [Hz]

Fig. 4.13 Illustration of the 3-dB and 10-dB bandwidths
of a signal; p: peak, 1: lower, u: upper

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

/ " fH )P
fomde T
/_ \H( £

/ T (F - £ Paf
BWrms - =% >
[ H(f)Pdf

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 (ie.,
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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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 (t) 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

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).

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 f,, and the rms bandwidth is
measured about the center frequency f,. Click recording
courtesy of Whitlow Au

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: f,, = 2 fj,,. Fractional octave bands
are a fraction of an octave wide. One-third octave
bands are common. The center frequencies f,. of
adjacent 1/3 octave bands are calculated as
fAn) = 2", where n counts the 1/3 octave
bands. The lower and upper frequencies of band
n are calculated as:

flow(n) = 271/6 fc(}’l) and fup(n) = 21/6 fc(n)

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

0o | 125 | 16 | 20 | 25

100 | 125 160 | 200 | 250
1000 | 1250 | 1600 | 2000 | 2500
10,000 12,500 | 16,000 |20,000 |25,000

calculated as f.(n) = 10™'°, where n counts the
decidecades. The lower and upper frequencies of
band 7 are calculated as:

flow(n) = 1071/20 fc(n)
Fup(n) =102 . (n)

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).

42,16 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:
2
p .
L,r =10 log g <Tf>
Pro

The reference value p?o is 1 pPa’Hz in

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

20 pPa/+/Hz.

315 | 40 | 50 | 63 | 80
| 315 | 400 | 500 | 630 | 800
| 3150 | 4000 | 5000 | 6300 | 8000
131,500 40,000 50,000 | 63,000 80,000

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 L, in the
band from f,, to f,, is the total mean-square
sound pressure in this band:

/fu,, 5
prdf
P f

L, =10 log o | —%——
g 0 P?-Of 0

2 _
— 10 logm(pf(fup flow))

Piofo

2
= 10 log o (pr>
Pro

+10 log " ( fup; flow>
0

where the reference frequency f, 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 log;q of
the bandwidth. The band level is expressed in dB
re 1 pPa2 in water. In the in-air literature, it is
more common to take the square root and report
band levels in dB re 20 pPa. 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.
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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.> 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

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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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

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
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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

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
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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

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,
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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 A(f) (e.g., sound pres-
sure p(?)) 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

C. Erbe et al.

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(f) = /foh(t)e‘z”fﬁdt

oo

and the inverse Fourier transform is:
o = [ H(pEry

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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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., fy = 8 Hz) as indicated by the red circles. Note that the

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: f;; 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.

0.6
Time [s]

red samples fit either sine wave. In fact, there is an infinite
number of signals that fit these samples

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 f;
and storing the data as a time series p(f). It turns
out that different signals can produce the identical
time series p(f) and are therefore called aliases of
each other. In Fig. 4.18, py.(?) has a frequency
Jfoiack = 1 Hz, while py,.(f) has a frequency
Joie = 9 Hz. A recorder that samples at f; = 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 f; is the lowest frequency that fits
these samples, then the frequency of the n™ alias
is f,(n), with n being an integer number:

fa(n)_fO

fs

=7 +n
fs

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. 4.19 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;

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

Time (s)

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

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
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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.

43.3.4 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
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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:

__f
A = NFFT

For example, if a sound recording was sam-
pled at 44.1 kHz and the FFT was computed over
NFFT = 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 (f; = 44.1 kHz) and
analysis settings (NFFT = 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 = f; x 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 f; = 44.1 kHz, NFFT = 1024 samples corre-
spond to a time window At of 0.023 s:

A~ NEFT _ 1

fo Af

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 ps 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 ps is
desired and corresponds to NFFT = f; X
100 ps = 4. This is a very short window. The
resulting frequency spacing would be impracti-
cally coarse:

fs 44,100 Hz

Af = i = g —— = 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): Af x At =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 (f;) and analysis settings

() Window
1 L " i ' ' 4
0 1 L L 1 L 1
0 0.2 0.4 0.6 0.8 1
(b) : : : : : :
1 L 4
=
0 1 L 1 1 L 1
0 0.2 0.4 0.6 0.8 1
(c) : : : : : :
1 L 4
=
=05 A
0 1 L L 1 L 1
0 0.2 0.4 0.6 0.8 1
(d) : : : : ‘ :
1 L 4
05 A
0 1 L L 1 L 1
0 0.2 0.4 0.6 0.8 1
Time (s)

C. Erbe et al.

(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).
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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 Ar 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

Fig. 4.21 Percentiles of
ambient noise power
spectral densities measured 100
off southern Australia over

a year. Lines from top to

bottom correspond to the ':E 80
following percentiles: 1, 5, =
25, 50 (black), 75, 95, & 80
and 99 =
o
o 70-
.
A 60-
(=

reduce the frequency spacing Af. 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 n'™ percentile gives the level that
is exceeded n% of the time (note: in engineering,
the definition is commonly reversed). The 50™
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 pPa®/Hz at 20 Hz to
60 dB re 1 pPa*/Hz at 30 kHz. The lowest thin
gray line corresponds to the 99" percentile. It gets
quieter than this only 1% of the time. Levels at
low frequencies (20-50 Hz) never drop below
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75 dB re 1 pPa*/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 pPa*/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 pPa®/
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.> 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.

44  Localization and Tracking

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

3 https://www.acoustics.asn.au/conference_proceedings/
AASNZ2016/papers/p14.pdf; accessed 13 October 2020.
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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.® 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 Af can
easily be quantified as

Afzgfo

where v is the speed of the source relative to a
fixed receiver, c is the speed of sound, and f; 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 = 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

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
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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)

Time [s]

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.
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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

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

TDOASs 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

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

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 (R; and R;) in space. The
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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

distances A-R; (mathematically noted as a line
connecting points A and R; and then taking the
magnitude of it: | ARy |), A-R,, and R,-R, are
shown as red lines. If A produces a sound that is
recorded by both R; and R, then the arrival time
at point R, is equal to the distance A-R,, divided
by the speed of sound c, and the arrival time at R,
is equal to the distance A-R,, divided by the speed
of sound c. The TDOA is simply the difference
between the two arrival times:

|ARi | = |AR, |
C

TDOA =

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).
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position; R; and R, mark the receiver positions. R, is
hidden inside the hyperboloid in the 3D image

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 R; and R, 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
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m,

Fig. 4.26 Sketches of a three-microphone line array (a)
and a triangular array (b)

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.

C. Erbe et al.
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Fig. 4.27 Sketches of seafloor-mounted arrays with 4 (a)
and 5 (b) hydrophones

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, &, (s), is , ~ 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 &, = ¢§, where c is the sound speed (m/s).
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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.

442 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
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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.

443 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.

444 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-
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Fig. 4.28 Sketch of localization in shallow water using a
single hydrophone (Cato 1998)

z

Fig. 4.29 Sketch of two hydrophones localizing a fish in
3D space with circular ambiguity using TDOA and inten-
sity differences (Cato 1998)

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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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).

445 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
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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 be monitored 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
Frequency

Sampling frequency

Wavelength

Speed of sound

Particle velocity

Period of oscillation

Time variable

Sound pressure

Peak sound pressure

Peak-to-peak sound pressure

Root-mean-square sound pressure

Sound pressure level SPL
Peak sound pressure level SPLpk
Radiated noise level RNL
Sound exposure level SEL
Source level SL
Number of Fourier components NFFT
Power spectral density level PSD
Time difference of arrival TDOA

Symbol Unit

f Hz

fs Hz

A m

c m/s

u m/s

T S

t S

p(t) Pa

Ppk Pa

Ppi-pk Pa

Drms Pa

L, dB re 1 pPa or 20 pPa

Ly, px dB re 1 pPa or 20 pPa

Lgy dB re 1 pPa m or 20 pPa m

Lg, dBre 1 uPazs or 400 pPazs

Lg dB re 1 or 20 pPa m

Ly, dB re 1 pPa’/Hz or 400 pPa’/Hz
S
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46 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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5.1 Introduction
The source-path-receiver model (SPRM)
provides a common framework for occupational
health and safety management. It is used for haz-
ard control to minimize the risk of exposing
workers to hazards. Such hazards may be
chemicals (e.g., spilled compounds in a pharma-
ceutical laboratory), material (e.g., falling bricks
on a construction site), or noise.

An example SPRM for chemical hazards is
shown in Fig. 5.1a. The source is a poisonous
chemical, which leaks through the air inside a
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laboratory, and the receiver is a pharmaceutical
worker. The SPRM guides the health and safety
manager in minimizing the risk of exposure.’
Ideally, the source would be eliminated, but this
might not be possible if this type of chemical is
required. Maybe it can be substituted by a less
volatile or toxic chemical? There may be engi-
neering controls such as installing an isolation
chamber (or glove box) or exhaust hood. Engi-
neering controls may also be applied to the path
along which the chemical travels: installing
ventilators, absorbing material, or mechanical
barriers, or simply extending the length of the
path to increase dilution. Finally, controls may
be applied at the receiver: proper training for
safe handling of the chemical, limiting work
hours, rotating shifts, and wearing personal pro-
tective equipment (PPE). In terms of reducing the
risk of exposure, the measures rank from most to
least effective (termed hierarchy of control): elim-
ination, engineering controls, procedural controls,
and finally, PPE.

The SPRM applied to noise control helps
break down the components of noise exposure
that can be modified to reduce the risk of acoustic
impacts. In the example of Fig. 5.1b, the source is
a busy downtown road. Noise from the cars

! Example SPRM for hazard control. Canadian Centre for
Occupational Health and Safety, Government of Canada;
https://www.ccohs.ca/oshanswers/hsprograms/hazard_con
trol.html; accessed 4 December 2020.
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Fig. 5.1 Examples of the
source-path-receiver model
for (a) chemical hazard
control in a laboratory and
(b) traffic noise control in
a city

O. N. Larsen et al.

a) SOURCE PATH RECEIVER
Elimination Absorption Training
Substitution Dilution Procedures
Modification Barriers PPE

Isolation
b) SOURCE PATH RECEIVER

L

Elimination Absorption Practices
Substitution Diffraction Procedures
Modification Barriers

Isolation

travels to surrounding residential buildings.” The
source may be eliminated by relocating all traffic
to an inner-city bypass and banning all traffic
downtown. Maybe private car traffic can be
substituted by a quieter, electric city bus service.
Imposing a speed limit reduces noise. Some cities
enforce noise emission standards for cars. Long-
term engineering solutions may include building
a tunnel, resurfacing the road with noise-
absorbing material, installing noise barrier walls
along the road, or erecting earth bunds. Residen-
tial buildings may have noise-reduction (double-
glazed) windows and residents may set up their
bedrooms at the opposite side of the building. The
specific implementation of the SPRM depends on
the application. For example, residents in an
apartment building would not want to wear
earmuffs at home, but for workers in a noisy
plant, such PPE is common practice. A poster
showing the steps involved in workplace noise
control is shown in Fig. 5.2.

2 Example SPRM for traffic noise. Environmental Protec-
tion Department, The Government of the Hong Kong
Special Administrative Region https://www.epd.gov.hk/
epd/noise_education/young/eng_young_html/m3/m3.
html; accessed 4 December 2020.

Even though the SPRM was originally devel-
oped to manage hazards at the workplace, it is
much more broadly applicable to the day-to-day
lives of humans—and animals. In fact, the SPRM
is fundamental. Without a receiver, there is no
hazard. Without a listener, there is no noise.
Researchers of animal bioacoustics might want
to apply the SPRM to their project in order to
identify parameters of the source, path, and
receiver, that might influence the results. Other
chapters in this book either explicitly or implicitly
apply the SPRM. Chapter 13 on the effects of
noise on animals provides examples where the
source is a highway, the path follows from the
highway into the surrounding bush, and the
receivers are birds, whose abundance might
decrease closer to the source as a result of habitat
degradation by noise. Chapter 11 deals with
acoustic communication between animals, and
so the source may be a male frog, the path may
lead through a tropical rain forest, and the
receivers are nearby females of the same species.
Chapter 12 is about echolocation. Here, the
source and the receiver are the same individual
animal. A bat echolocates on a moth and the
echolocation signal reflects off the moth,
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MaNaGING NOISE RISK

Fig. 5.2 Poster by WorkSafe New Zealand illustrating
the steps involved in noise control at the workplace.
© WorkSafe, New Zealand Government, 2018; https:/
www.worksafe.govt.nz/dmsdocument/3987-managing-
noise-risk-poster. Reproduced with permission; https://

informing the bat how far away its prey is. The
signal travels through the environment twice:
from the bat to its prey and back. Chapter 10
covers audiometry, where the sources are con-
trolled and engineered signals (often pure tones)
that are played to animals over short distances or
through earphones, and the receivers are individ-
ual animals whose hearing is being measured.
Chapter 7 explores soundscapes on land and
under water. The sources are grouped into
geophony (e.g., wind, rain, and waves), biophony
(i.e., animals), and anthropophony (e.g., airplanes
or ships). The paths go through the air over land,
under water, and through the ground. The
receivers in passive acoustic monitoring of
soundscapes are recorders, which collect and

o
Identify the
sources of noise

Reduce the noise
al the worker

WORKSAFE

www.worksafe.govt.nz/about-us/about-this-site/copy
right/. A more elaborate animation is also available (Ani-
mation of the SPRM by WorkSafe, New Zealand
Government; https://youtu.be/8CqSURSKssA; accessed
4 December 2020.)

store acoustic data for later analysis in the labora-
tory. The following sections first explore the basic
concepts of sound propagation in air before
applying these to an example SPRM.

5.2  Sound Propagation

in Terrestrial Environments

The environment through which a sound travels
alters its acoustic features such as its spectral
composition and level. The effects of the environ-
ment on bioacoustic signals were well explored in
the classic works of Chappuis (1971), Marten and
Marler (1977), Michelsen (1978), and Wiley and
Richards (1978).


https://www.worksafe.govt.nz/dmsdocument/3987-managing-noise-risk-poster
https://www.worksafe.govt.nz/dmsdocument/3987-managing-noise-risk-poster
https://www.worksafe.govt.nz/dmsdocument/3987-managing-noise-risk-poster
https://www.worksafe.govt.nz/about-us/about-this-site/copyright/
https://www.worksafe.govt.nz/about-us/about-this-site/copyright/
https://www.worksafe.govt.nz/about-us/about-this-site/copyright/
https://youtu.be/8Cq5UR5KssA
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Fig. 5.3 Diagram of some of the factors affecting sound propagation in air. Figure donated by Sara Torres Ortiz

Airborne sound propagation (often called out-
door sound propagation) is characterized by a
number of phenomena. Sounds attenuate with
distance from the sender due to geometrical atten-
uation (i.e., spreading) and absorption by the
medium. High-frequency sounds (i.e., sounds
having short wavelengths; see Chap. 4 on
definitions of frequency and wavelength) propa-
gate over shorter distances than low-frequency
sounds (i.e., sounds having long wavelengths).
Environmental and structural factors such as sub-
strate composition; terrain profile; obstacles along
the path; amount of vegetative cover; wind speed
and direction; vertical gradients (i.e., increases or
decreases) in wind speed, air temperature, and
humidity; air turbulence; and, to a small degree,
altitude (i.e., atmospheric pressure) affect sound
propagation in air (Fig. 5.3). The propagation
paths, along which sounds travel, are rarely
straight lines, but rather bend (i.e., refract or dif-
fract), reflect, and scatter. The same sound
traveling along different propagation paths may
interfere with itself constructively or destruc-
tively. The received sound is a weaker and often
distorted version of the sent sound (Wahlberg and
Larsen 2017).

This section explains the basic concepts of
sound propagation in air and provides some
insights into environmental effects on propaga-
tion. Some environmental factors (e.g., air

temperature, wind speed and direction, and
humidity) vary throughout the day and among
seasons, and so sound propagation can be quite
variable. Sound propagation models exist and can
be used to predict the distance over which sounds
travel, create noise maps, estimate changes to the
acoustic (e.g., spectral) features of received
sounds, and identify factors that could hinder or
enhance animal communication (see Lohr et al.
2003; Jensen et al. 2008). Bioacousticians should
consider the characteristics of sound propagation,
which could explain variability in the receiver’s
behavioral response or the effectiveness of acous-
tic communication.

5.2.1 Ray Traces

Sound propagation is accurately described by the
acoustic wave equation. This is a four-
dimensional (4-d: three spatial coordinates and
time) differential equation of the second order.
For an “easy” derivation of the acoustic wave
equation, see Larsen and Radford (2018). How-
ever, in the simplest situation of symmetric geom-
etry (i.e., omnidirectional signal in a
homogeneous medium with no reverberation),
the equation can be simplified and described by
one variable: the range to the source (Wahlberg
and Larsen 2017). Even then, solving the wave
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Fig. 5.4 (a) Sketch of a rooster sitting on a branch. When
the bird crows, sound is emitted in all directions (marked
by a few example black arrows). The green concentric
circles represent the wavefronts of the outgoing sound at
times t; — t,. The wave rays are perpendicular to the
wavefronts and point in the direction of sound

equation under the various and variable
conditions encountered in common sound propa-
gation scenarios is quite a task. Fortunately, there
are much simpler, conceptual principles of sound
propagation, which can yield satisfactory results.
One such concept is ray propagation or ray
tracing.

Let us consider an omnidirectional source,
which emits sound equally in all directions. An
example is the crowing rooster in Fig. 5.4a
(although it is only omnidirectional at the lower
frequencies of its crow and it might not typically
crow while roosting, but for the sake of
science. . .; Larsen and Dabelsteen 1990). Wave
rays point in the direction of sound propagation
and are perpendicular to the wavefronts of the
propagating sound. The wavefronts are spheres
in 3D space (circles in 2D). Huygens’ principle
(named after Christiaan Huygens, a Dutch physi-
cist) states that every point on a wavefront can be
considered a source of a new (secondary) wave.
And all of the secondary wavefronts superpose
to build the next (in time) primary wavefront.
The wavefront at time #; in Fig. 5.4a is also
shown in Fig. 5.4b. Nine example points on this
wavefront are “randomly” illustrated (as small
suns). These each create their own set of concen-
tric wavefronts, drawn at time #4. The secondary
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propagation. (b) Illustration of Huygens’ principle. Each
point on the wavefront at time 7, can be considered itself a
(secondary) source; nine example points are marked by
suns. The wavefronts of the secondary sources (shown as
black circle segments) superpose to yield the new primary
wavefront, drawn at time #,

waves cancel out in some places but at the farthest
range from the rooster in the center, the secondary
wavefronts line up to yield the new primary
wavefront at time #4.

As the expanding wavefront encounters
features of the environment (e.g., vegetation or
gradients in sound speed), its shape changes and
the directions of the wave rays change. The laws
of physics and principles of sound propagation
can be applied to trace the propagation paths. This
is called ray tracing. For an easy introduction to
ray tracing, see Heller (2013). Wahlberg and
Larsen (2017) suggested visualizing a ray as a
“small acoustic particle travelling along a narrow
beam or ray in discrete steps and bouncing-off or
being refracted through surfaces.” This type of
sound field visualization, first introduced in
1967 (Krokstad et al. 2015), has been used exten-
sively in linear acoustics to model phenomena in
outdoor sound propagation with the computa-
tional tools now available with computers
(Attenborough et al. 1995).

An example of ray tracing is shown in Fig. 5.5.
The omnidirectional source is located in the lower
left corner, 5 m above ground at range 0, and it
emits a 10-Hz tone. The wave rays are shown and
follow the sound propagation paths. Sound that is
initially emitted in an upwards direction bends
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Fig. 5.5 Top: Ray traces modeling the propagation of an
airborne 10-Hz tone from a point source located 5 m off
the ground (lower left corner). The model suggests that
sound is bent downwards (downward refraction, typical
for nighttime) where it bounces off the ground several
times depending on the initial direction from the source.
Note the scales: These effects occur at distances much

downward at a certain altitude (depending on its
initial angle of emission). This is typical for night-
time sound propagation. Once rays hit the ground,
they are reflected upwards again. The sound field
(i.e., the received level at every location in space)
is computed by summing sound pressure over all
rays. Regions where rays travel close together
have high received levels (little propagation

longer than typical animal sound communication
distances, which normally are up to only a few hundred
meters. Bottom: Contour plot of propagation loss, PL (i.e.,
attenuation) of the 10-Hz sound. Modified from
Attenborough et al. (1995). © Acoustical Society of
America, 1995. All rights reserved

loss) and regions that only a few rays enter have
low received levels (high propagation loss).

For example, Ottemoller and Evers (2008)
used ray tracing to describe the sound propaga-
tion of a massive vapor cloud explosion at
Buncefield fuel depot near Hemel Hempstead,
UK, on the morning of 11 December 2005. The
storage tank overflowed and released over
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300 tons of fuel. An explosion was triggered after
a vapor cloud formed and spread over a very large
area (80,000 m? or about 20 acres) before ignit-
ing. The explosion was huge, caused extensive
damage, injured 43 people, and was detected by
seismograph stations in the UK and the
Netherlands. The data provided significant infor-
mation on the ray trajectories of this explosion.

5.2.2 Geometrical Sound Spreading

Sound from an omnidirectional source in the free-
field spreads out evenly in a spherical pattern (i.e.,
equally in all directions). The free-field is homo-
geneous (i.e., has no temperature or humidity
gradients) and unimpeded by buildings or vegeta-
tion. At any receiver location in space, only a
small proportion of the emitted sound arrives,
and so the received sound is attenuated compared
to the sound energy emitted at the source. The
total attenuation or loss of sound energy from the
source to a receiver is known as propagation loss
(PL; formerly transmission loss). The sound pres-
sure level at the source (defined as 1 m from a
point source; see Chap. 4) is called the source
level (SL), whereas the sound pressure level at
the receiver at a distance (i.e., range r) from the
source is called the received level (RL). The rela-
tion between these two levels is given by Eq. 5.1:

RL=SL— PL (5.1)

Propagation loss in the free-field is termed
spherical spreading loss, which can be computed
as PLg,, = 20 logo(r) (for derivation of this
expression, see Wahlberg and Larsen 2017). It is
independent of signal frequency and only
depends on the geometry of the source and
sound field. So, Eq. 5.1 may be reformulated:

RL = SL —201og ,(r) (5.2)

As a first approximation, spherical spreading is
a good model for the propagation of terrestrial
animal sounds produced in large open-air regions,
such as grassland. Generally, if a bird sings on the
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ground up to about 10 m from a microphone, only
spherical spreading needs to be considered. If the
receiver is at a greater distance from the bird, then
ground and atmospheric effects also must be con-
sidered. If the bird is flying overhead, then spher-
ical spreading and atmospheric effects need to be
considered when determining propagation
characteristics.

If other sources of attenuation are negligible,
then Eq. 5.2 can be used to calculate the source
levels of a vocalizing animal located at distance
r from the receiver. For instance, if a bioacousti-
cian measured RL = 65 dB re 20 pPa at a distance
of 10 m from a singing bird, then SL (at 1 m from
the bird) becomes 65 dB re 20 pPa + 20
log19(10) dB re 1 m = 85 dB re 20 pPa m (e.g.,
Dabelsteen 1981). Similarly, if somebody played
back a sound at a known source level of 85 dB re
20 pPa m, then the predicted RL at 1 km (=
10° m) range would be 25 dB re 20 pPa, as
20 log;0(10%) = 60.

In some environments, and for some sources
(i.e., line sources rather than point sources), air-
borne sound propagation can be better described
as cylindrical spreading. For an infinitely long
line source, the propagation loss as a function of
range becomes PL.,; = 10 log;(r) and so Eq. 5.1
becomes:

RL = SL — 101og ,,(7) (5.3)

Most biological line sources, however, are
finite, such as a row of vocalizing birds on a
power line. (Please be aware that this example is
not a line source in the strict acoustic sense.) This
means that geometrical spreading loss is some-
where between that of spherical and cylindrical
spreading loss (Fig. 5.6). When the receiver dis-
tance from the finite line source is much less than
the length of the finite line source, then the atten-
uation is close to that of an infinite line source
(i.e., 10 log;o(7)), whereas at distances compara-
ble to or larger than the length of the finite line
source, the latter acts more like a point source and
attenuation develops as 20 log;o(r). At suffi-
ciently long distances, all sources can be regarded
as point sources.
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Fig. 5.6 Propagation loss due to geometrical spreading in
air from a finite length line source with distance r relative
to the length L of the finite line source. At distances from
the source shorter than L, the attenuation is close to 3 dB/
dd (cylindrical attenuation), whereas at distances equal to
or longer than L, the attenuation becomes 6 dB/dd (spheri-
cal attenuation); dd: distance doubled

The propagation loss, however, includes much
more than geometrical spreading loss, since
beyond some distance from the source, RL
mostly becomes smaller with distance than
predicted by Egs. 5.2 or 5.3. To account for this
extra attenuation, Marten and Marler (1977)
introduced the term excess attenuation (EA).
This includes a number of other effects such as
atmospheric absorption, reflection and scattering,
the ground effect, attenuation by vegetative
cover, refraction by air temperature and wind
gradients, and attenuation due to turbulence—
and often there still is a rest attenuation not
accounted for by these mechanisms (Wahlberg
and Larsen 2017). While geometrical spreading
is frequency-independent, most of the effects
contributing to EA are frequency-dependent and
thus alter the spectrum of the emitted sound.

In most bioacoustic scenarios, spherical atten-

uvation applies, and Eq. 52 can be
reformulated to:
RL = SL —201log ,,(r) — EA (5.4)

The following sections investigate each of
these components of EA.

O. N. Larsen et al.

5.2.3  Sound Absorption in Air

An important and predictable component of EA is
attenuation by absorption in air. Absorption refers
to the conversion of acoustic energy into heat,
mostly due to molecular relaxation of air
molecules and the air’s shear viscosity. Absorp-
tion loss EA,,s is directly proportional to the
distance r from the source:

EAys = ar (5.5)

The absorption coefficient a (measured in
dB/m) is a complex function of sound frequency,
air temperature, relative humidity, and (to a lesser
degree) atmospheric pressure (or altitude), in
addition to characteristics of oxygen and nitrogen
molecules (Attenborough 2007).

For instance, a 2-kHz signal propagating at
standard atmospheric pressure (1 atm) and 20 °C
is attenuated by about 0.9 dB/100 m, if the rela-
tive humidity (r.h.) is 60%, but by about 4.5 dB/
100 m at 10% r.h. (Fig. 5.7). Generally, sound
attenuation is greater in drier air than in damp,
humid air. The effect is especially important at
frequencies above 2 kHz. In other words, air acts
as a low-pass filter enabling only low-frequency
sound to travel over long distances from the
source (Attenborough 2007; Wahlberg and
Larsen 2017; Larsen and Radford 2018). Conse-
quently, bats use high source levels to overcome
the attenuation in air at high frequencies when
they echolocate on targets at long distances. This
low-pass filter effect is especially visible in the
field for broadband sound signals produced by
orthopterans and other insects (Romer 1998).

Sound absorption in air varies with time of day
and season, mainly due to variations in the rela-
tive humidity, which usually peaks in the after-
noon (see Larsson 2000; Attenborough 2007). So,
if precise values of air absorption are needed in a
field experiment, the relative humidity, atmo-
spheric pressure, and air temperature must be
measured over time and used in subsequent
calculations (Wahlberg and Larsen 2017).

However, at the short distances (<100 m)
where most acoustic communication between
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Fig. 5.7 Sound absorption 1000
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animals takes place and at frequencies below
10 kHz, the role of absorption in overall propaga-
tion loss is likely insignificant compared to other
environmental factors. Garcia et al. (2012), for
example, described the 40-Hz wing beat signals
of drumming ruffed grouse (Bonasa umbellus).
Theoretically, these sound signals would be
reduced by 6 dB due to air absorption at a dis-
tance of 187 km from the drumming bird,
whereas spherical spreading loss alone would
have reduced the signal amplitudes to a level far
below auditory threshold of most animals at a
distance of 1 km already (PL,, = 60 dB re 1 m).

5.2.4 Reflection, Scattering,

and Diffraction

A second and less predictable component of EA
is the attenuation caused by reflection, scattering,
and diffraction. As a sound wave hits a hard
surface, it is reflected. Reflection can be explained
with Huygens’ principle. In Fig. 5.8a, the rooster
from Fig. 5.4a is very far away such that the
wavefronts at any location appear planar (rather
than circular) and the wave rays are parallel
(rather than radial). Three incident rays are
drawn, hitting the surface (e.g., a road) at times
1, 1>, and t3. By Huygens’ principle, each point on
the road that is hit acts as the source of a

T T

10° 104 108

Frequency [HZ]

secondary wave. Two secondary wavefronts are
shown at time 3. From the time #;, when the first
ray hits, to the time 73, the first wavefront has
expanded quite a bit. The second wavefront was
started at time #,, when the second ray hit, and has
expanded less by time #3. The third ray is just
starting its secondary wave at time f3, with its
secondary wavefront not yet visible. The tangent
to the secondary wavefronts at time #; gives the
new wavefront of the reflected wave. The angle of
incidence (measured from the normal) is equal to
the angle of reflection (also measured from the
normal). This is referred to as the law of reflec-
tion. It applies to the so-called specular reflection
(as from a mirror).

Reflection is not always specular but might
instead be diffuse. In diffuse reflection, sound is
scattered from the surface in all sorts of directions
including the specular direction (Fig. 5.8b). This
happens when the surface is not smooth but
rough. Scattering depends on the ratio of the
wavelength of sound to the size of the scatterer.
When the sound wavelength is long (i.e., fre-
quency is low) relative to the roughness of the
surface, all the sound energy is reflected in the
specular direction. When the wavelength is short
(i.e., frequency is high) and less than the magni-
tude of the unevenness of the surface, then sound
is scattered in other, non-specular directions. A
gravel road, for instance, produces specular
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Reflected
wave

Fig. 5.8 (a) Sketch of specular reflection of a plane wave
(originating from a far-away rooster) off a hard surface.
Wave fronts are shown as green lines; they are perpendic-
ular to the wave rays, shown as black arrows. The three
incident rays hit at times #; — f5 at the locations marked by
small suns. Each of these points creates a secondary wave
by Huygens’ principle. The secondary wavefronts super-
pose to yield the new wavefront of the reflected wave,
shown at time 3, when the third ray just hits, the second

reflection at frequencies below 15-20 kHz, but at
higher frequencies, where the gravel roughness is
large relative to the wavelength, sound is
scattered in different directions (Michelsen and
Larsen 1983).

Reverberation is a result of multiple reflections
and refers to the phenomenon of sound persisting
even if the source is turned off. In canyons, caves,
or other enclosures, sound bounces off the
boundaries again and again. The reverberant
sound field is the space that is dominated by
reflected sound (as opposed to the field near the
source where the direct sound dominates). Once
the source is switched off, the reverberant field
will continue to exist for some time, yet decay due
to absorption by the medium, boundaries (e.g.,
the walls of a music room), and absorbers in the
room (e.g., furniture and people). The more reflec-
tive the boundaries, the greater the reverberation.

Reverberation severely alters the structure of
the received sound and is one of the least wanted
effects in analysis of recorded animal sounds
(Fig. 5.9). This type of signal degradation with
propagation distance can be quantified by mea-
suring the blur-ratio (see e.g., Dabelsteen et al.
1993). The received sound appears longer in
duration than the emitted sound, with the delayed
echoes forming a resulting “tail.” This reverbera-
tion tail can be quantified as the tail-to-signal ratio

O. N. Larsen et al.
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ray has started to grow a secondary wavefront, and the first
ray has grown the largest wavefront. The angles of inci-
dence 6; are equal to the angles of reflection 6,. (b) Sketch
of diffuse reflection off a rough surface where the uneven-
ness is great compared to the wavelength of incident
sound. While there is a reflected ray in the specular direc-
tion, too (indicated by a blue arrow), there are many other
directions in which the incident sound is scattered
(indicated by red arrows)

(Holland et al. 2001). Consequently, leading
edges of sound segments are relatively well-
preserved, whereas ending edges are lost in rever-
berant environments.

Diffraction occurs when a sound wave is par-
tially obstructed. In Fig. 5.10a, a plane wave
(perhaps again from a far-away rooster) hits a
wall with an opening in the center. The rays that
hit the wall are reflected (not drawn). The rays
that hit the opening pass straight through. By
Huygens’ principle, each point of the opening
acts as a source of secondary waves. As the sec-
ondary wavefronts expand, they superpose to
form new wavefronts that appear to bend behind
the wall. This is termed diffraction. It also occurs
when the obstruction is finite (Fig. 5.10b).

If the object that is in the path of a propagating
sound wave becomes much smaller than a wall
(e.g., a bush or maybe just an insect in the air), to
the point where the wavelength is much greater
(at least by a factor 10) than the size of the object,
then the sound wave “ignores” the object and
propagates without obstruction. The sound effec-
tively cannot “see” the object; it is too small. In
laboratory experiments, bioacousticians should
therefore make sure that objects in the sound
path from loudspeaker to experimental animal
are at least 10 times smaller than the wavelength
of the stimulus sound (Larsen 1995). When the
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Fig. 5.9 Spectrogram and
envelope of a series of
simple blackbird (Turdus
merula) calls recorded at
two different distances
(amplitudes normalized and
realigned in time). The
spectrogram on top shows
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wavelength is of the same order of magnitude as
the object, or somewhat greater, then diffractive
scattering occurs (Bradbury and Vehrencamp
2011). As the name suggests, this is a combina-
tion of diffraction and scattering, whereby some
sound bends around the object and some sound
scatters in all directions, leading to a complicated
sound field.

Different surfaces or materials exhibit different
degrees of sound reflection, absorption, and trans-
mission. A hard, compact, smooth surface (such

a)

s5.12

as a paved road, ice sheet, cave wall, canyon,
subterranean tunnel, burrow wall, or wall of a
captive animal’s exhibit) reflects more and
absorbs less acoustic energy than a porous, soft
surface (such as tree leaves, grassy pastures, or
forest canopy). Whether a surface or object is
considered rough or smooth and hard or soft
depends on the wavelength of the sound. In a
mixed deciduous forest, reverberations for
frequencies above 4 kHz are stronger with leaves
on the trees than without leaves (Wiley and

b)
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Fig. 5.10 (a) Sketch of diffraction as a sound wave
passes through an aperture. Wave rays are indicated by
black arrows; wavefronts are indicated by green lines. As
the plane wave from a distant rooster hits a wall, each point
in the opening acts as a source (indicated by suns) of
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secondary waves. The secondary waves combine to create
the new wavefronts shown at three successive instances in
time. The wavefronts appear to bend behind the aperture.
(b) Sketch of diffraction as a sound wave passes by a finite
obstruction
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Richards 1982). Reverberations essentially are
absent in an open field on a calm day.

5.25 Ground Effect

Another component of EA is the so-called ground
effect, which is always present in terrestrial sound
propagation. The sound signal from a sender
(S) located at some height above ground (e.g., a
bird at 4 m) will reach a receiver (R; e.g., a
recordist’s microphone at 1.5 m) first by the direct
path (Pp) and a moment later by the indirect and
longer path when the signal has been reflected
from the ground (Pg) (Fig. 5.11a). This results
in a range-dependent interference pattern between
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the sound propagating along Pp and Pg. The
interference pattern has regions of enhanced
received level (due to constructive interference)
and of attenuated received level (due to destruc-
tive interference) at the position of R (Fig. 5.11b).
The received sound signal is a distorted version of
the emitted signal. It is said to be comb-filtered, as
the destructive interference creates the “comb
teeth” attenuating some frequencies in the signal,
whereas the constructive interference enhances
other frequencies of the signal. The magnitude
of the ground effect depends on sound frequency,
on geometry of the sender-receiver separation
distance and height above ground, on the rough-
ness and softness of the ground, and on atmo-
spheric pressure, ambient temperature, relative
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Fig. 5.11 Predicted ground effect. (a) Sender 4 m above
ground, Receiver 1.5 m above ground, horizontal separa-
tion distance 50 m (not to scale). The direct wave Pp and
the reflected wave Pg superpose at R. (b) For frequencies
whose wavelengths are in phase, superposition results in
level enhancement up to 6 dB; at frequencies with
wavelengths out of phase at R, levels are attenuated up to
20-30 dB. Black curve: The curve represents the predicted
decibel values that need to be added to the geometric
attenuation loss. The ground was modeled as a grass-

covered field (flow resistivity 100 kPa s m2, porosity
30%, layer depth 0.01 m). Red curve: As in the black
curve, but more realistic air absorption (at 20 °C, 75%
relative humidity, standard atmospheric pressure) and
moderate turbulence (mean-squared refractive index of
107°) were added. Effects of temperature and wind-
induced refraction were excluded in the model, which
was developed by Keith Attenborough and Shahram
Taherzadeh and improved by Kenneth Kragh Jensen
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humidity, and turbulence (see Attenborough et al.
2007). Acoustically hard ground surfaces (such as
rock or consolidated sand) produce comb-filter
effects over a wide frequency range extending to
relatively high frequencies, whereas acoustically
soft surfaces (such as grasslands, forest floors, or
unpacked snow) mainly generate the ground
effect at low frequencies. Recordists may reduce
the ground effect by placing microphones as high
as practically possible above soft ground. For a
general introduction to the phenomenon, see
Michelsen and Larsen (1983) or Wahlberg and
Larsen (2017). For a comparison between ground
effect models and outdoor recordings, see Jensen
et al. (2008).

5.2.6 Attenuation by Vegetative

Cover

Absorption of sound by vegetation is a compo-
nent of EA that can further dissipate airborne
sounds over distance as acoustic energy is
converted to heat in the plant material by viscous
friction. The absorption of sound in vegetation
depends on the material composition and hard-
ness of the surfaces including the soft ground
often found especially in woodland. Leaves
absorb more sound energy than a tree trunk;
whereas a tree trunk reflects more sound than
leaves do. All of this is frequency-dependent.
This component of EA obeys no simple rules
and needs to be measured by propagation
experiments in the field (e.g., Dabelsteen et al.
1993). Aylor (1972a, b) measured sound propa-
gation loss through various crops, bushes, and
trees by broadcasting from a loudspeaker and
recording at some distance with a microphone.
He found foliage enhanced absorption and scat-
tering. Price et al. (1988) modeled and measured
attenuation by vegetation in different forest
environments and documented scattering from
tree trunks, enhanced ground effect in the pres-
ence of mature forest litter, and attenuation by
foliage. Foliage attenuation had the greatest effect
above 1 kHz and increased almost linearly with
the logarithm of frequency. Through mixed conif-
erous forest, for instance, the attenuation over
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24 m varied from about 5 dB at 2 kHz to 10 dB
at 4 kHz, which is the range of dominant
frequencies in many songbird songs. This foliage
attenuation is less than, but needs to be added to,
the 28-dB attenuation caused by spherical spread-
ing over the same distance (Eq. 5.2).

Some research on sound propagation through
vegetation was motivated by a desire to attenuate
anthropogenic noise such as road noise, but gen-
erally and most surprisingly dense foliage only
accounts for a small amount of attenuation.
Martinez-Sala et al. (2006) concluded that a
15-m wide patch of regularly spaced trees could
attenuate car noise by at least 6 dB. The effect was
similar for more traditional noise barriers.
Defrance et al. (2002), for instance, found that a
100-m wide forest strip was effective at providing
an acoustical barrier to noise, such as shown in
Fig. 5.12, where octave-band sound was broad-
cast through dense foliage and recorded at differ-
ent distances in the forest.

At present, vegetation attenuation is not well
understood. A much larger database is needed
before it is possible to accurately predict the effect
of different kinds of vegetation on sound propa-
gation (see Attenborough et al. 2007).

5.2.7 Speed of Sound in Still Air

The speed of sound in still air is affected only by
the ambient air temperature and, to a minimal
extent, air pressure (or altitude). If the sound
propagates under windy conditions, however,
the effective speed of sound will be modified by
the wind velocity such that the wind velocity of a
tailwind will add to the speed of sound and the
wind velocity of a headwind will subtract from
the speed of sound.

The speed of sound determines the arrival time
of a signal from the sender to the receiver and
bends a propagating sound wave away from
higher air temperature and towards lower air tem-
perature (or from higher wind velocity towards
lower wind velocity). The speed of sound in air at
21 °C is 344 m/s. At freezing point, 0 °C, the
speed of sound in air is 331 m/s. A good
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approximation of the speed of sound c in dry air
with 0.04% CO, and temperature 7, (in °C) is:

¢ = (331.4540.607 T.) m/s (5.6)

5.2.8 Refraction by Air Temperature

Gradients in Still Air

Refraction is the change of the direction of sound
propagation due to changes in the speed of sound.
In the example of Fig. 5.13a, a plane wave in
medium 1 hits an interface with medium
2. Some of the acoustic energy might be reflected
(as in Fig. 5.8a, not drawn in Fig. 5.13a), and
some of the energy is transmitted. The transmitted
wave is refracted, because the speeds of sound
differ in the two media. If ¢; > c¢,, then the
transmitted wave bends towards the normal (i.e.,
away from the interface; Fig. 5.13a); if ¢; < ¢,
then the transmitted wave bends away from the
normal (i.e., towards the interface; Fig. 5.13b).
The angles of incidence and refraction (transmis-
sion) are related via Snell’s law (named after
Dutch astronomer and mathematician Willebrord
Snell):

2000 4000

6000 8000
Octave midband frequencies [Hz]

sinf; ¢

sinf;, ¢, (5.7)

Note that, while the frequency of the sound
does not change during transmission, the wave-
length does change. With ¢ = Af (see Chap. 4,
section on the speed of sound), the wavelength is
smaller in the medium with lower sound speed.

Refraction of sound waves in air is a common
phenomenon due to vertical gradients of air
temperature and/or wind velocity. A gradual
change in sound speed is illustrated in
Fig. 5.13b, where the rays bend more and more
upwards as the sound speed increases. In terres-
trial environments, the sound source is typically
located close to the ground. A sound speed profile
that has the speed of sound increase with altitude
is downward refracting, while a sound speed pro-
file that has the speed of sound decrease with
altitude is upward refracting. Bent propagation
paths have the effect that sound appears to arrive
from a non-intuitive (i.e., not straight-line) direc-
tion. This phenomenon is like an acoustic mirage
in analogy to optical mirages, which produce
displaced images of far-away objects and which
are also caused by refraction (of light).

The EA from refraction may be positive or
negative, and so RL may be smaller or greater
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a)

Refracted
(transmitted) wave rays

Fig. 5.13 (a) Sketch of refraction at a boundary between
medium 1 (high sound speed) and medium 2 (low sound
speed). Three rays (black arrows) are shown, hitting the
interface at times #,-3. Each gives rise to secondary waves
(by Huygens’ principle) starting at the points marked with
small suns. At time 73, the third ray just meets the interface,
the second ray has produced a small secondary wave, and
the first ray’s secondary wave has grown quite a bit.
Drawing the tangent to the secondary waves at time #3
yields the new wavefront (green line) in the second

than predicted without a refracting atmosphere.
Air temperature varies throughout the day and
creates varying temperature gradients. So, record-
ing at the same location at a different time of day
can produce different results. Therefore, taking
periodic measurements of the ambient tempera-
ture at different heights above the ground can
provide the researcher with a notion of whether
sound propagation is changing and at what pace.

In still air during daytime, the air is both
warmer and more humid close to the ground and
a stable air temperature gradient can be
established with warmer air near the ground,
because of sunlight heating the ground, which
warms up much faster than the overlaying air.
At higher elevations, the air temperature
decreases by 0.01 °C/m (Fig. 5.14a). Sound
waves consequently bend away from locations
near the ground where the temperature is higher
and upwards towards locations with lower
temperatures (Fig. 5.14b). Horizontal rays will
be directed upwards as will downwards directed
rays after bouncing from the ground. Therefore, a
certain limiting ray exists that defines a shadow
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medium. With rays, by definition, being perpendicular to
the wavefronts, it can be seen that the rays bend towards
the normal in the second medium (8, < ;). Successive
wavefronts are drawn to show that they are spaced farther
apart in the medium with higher sound speed, and so the
wavelength 4 is greater in the medium with higher sound
speed. (b) Sketch of gradual refraction by a vertical gradi-
ent in sound speed. In the illustrated example,
1< <3<y <cs

zone around the sound source, where the sound
level decreases way faster than predicted from
distance alone (Fig. 5.14b). While the shadow
zone cannot be reached by a direct path, it may
be ensonified by reflection off houses (or other
reflectors) in the vicinity and by paths passing
through turbulence, and the shadow zone is thus
not totally quiet.

For example, on a sunny day with little wind,
the air temperature can be 30 °C at the ground
(c = 351 m/s), but at 2-3 m above ground, the
temperature may be only 25 °C (¢ = 347 m/s).
This decrease continues up through the atmo-
sphere by 1 °C/100 m, the so-called temperature
lapse. With such an air temperature gradient, the
sound rays from a sound source located a few
meters above ground will bend upwards, because
part of the wave closest to the warmer ground will
travel the fastest. In a carefully conducted experi-
ment, a combination of upward refraction, strong
upwind propagation, and air absorption was
measured to reduce the level of propagating
sound at a distance of 640 m by up to 20 dB
more than predicted from Eq. 5.2 (Attenborough
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Fig. 5.14 Sketch of the effects of upward refracting
sound speed gradients on outdoor sound propagation. (a)
Temperature profile: Air temperature and consequently
sound speed increases towards the ground in still air. (b)
Ray traces: Sounds from a source (filled circle, here 5 m
above ground) are refracted upwards, creating a circular
shadow zone close to the ground around the source.
Dashed line indicates a sound ray bouncing off the ground.
(¢) Wind velocity profile: Similar upward refraction is
created upwind. Arrows indicate wind direction towards
the source (“headwind”) and their length wind speed.

2007). Perhaps for this reason, birds do not com-
monly sing in open environments near the ground
on sunny days. Rather, they sing in flight well
above ground, or from a perch (Wiley 2009).

On calm nights, the opposite air temperature
gradient can occur close to ground (called tem-
perature inversion) as it cools faster than the
overlaying air. Air temperatures increase up to
50-100 m above ground before decreasing again
with altitude. Therefore, sound rays bend down-
wards and hit the ground (Fig. 5.15). A tempera-
ture inversion favors long-distance sound
propagation as it leads to higher received levels
than predicted by spherical spreading. For this
reason, nocturnal communication distances of
low-frequency  African savanna elephant
(Loxodonta africana) sound doubled on the
savanna to as much as 10 km (Garstang et al.
1995). In these conditions, sound energy is
channeled making spreading losses effectively
cylindrical, rather than spherical within the sur-
face layer. Garstang (2010) suggested that a loud
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1000

Reprinted by permission from Springer Nature. Acoustic
Conditions Affecting Sound Communication in Air and
Underwater, Larsen and Radford (2018), Fig. 5.5.4. In: H
Slabbekoorn, RJ Dooling, AN Popper and RR Fay (eds).
Effects of Anthropogenic Noise on Animals, Springer
Handbook of Acoustic Research 66, Springer Science
and Business Media, LLC, part of Springer Nature:
New York, Heidelberg, Dordrecht, London.
pp. 109-144. https://doi.org/10.1007/978-1-4939-8574-
6_5. © Springer Nature, 2018. All rights reserved

infrasonic elephant call during the middle of the
day would travel no more than 1 km (i.e., be heard
over an area of 3 km?), but an elephant call at
night might be heard over an area of 300 km? (see
also, Garstang et al. 1995; Larom et al. 1997).
Elephants might adjust timing and abundance of
their low-frequency calls and apply them specifi-
cally for long-distance communication according
to atmospheric conditions.

An air temperature gradient can arise in other
locations than just close to ground. Geiger (1965)
found the air in and above the forest canopy begin-
ning to warm immediately after sunrise, whereas
the air below the canopy was slower to respond.
This creates a bilinear sound speed profile with an
upward refracting gradient above the canopy and a
downward refracting gradient below the canopy.
So, for a short period after sunrise, vocalizing birds
and, for instance, howler monkeys (Alouatta sp.)
located below the canopy can increase the range of
their vocalizations relative to later in the day (Wiley
and Richards 1978; Wiley 2009).
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Fig. 5.15 Sketch of the effects of downward refracting
sound speed gradients on outdoor sound propagation. (a)
Temperature profile: On calm nights, air temperature and
consequently sound speed may increase with height above
ground until temperature lapse starts. (b) Ray traces:
Sounds from a source (filled circle, here 5-10 m above
ground) are refracted downwards, creating higher sound
levels with distance than predicted from spherical spread-
ing. (¢) Wind velocity profile: Similar downward refrac-
tion with increased sound levels may be created
downwind. Arrows indicate wind direction away from

5.2.9 Refraction by Gradients of Wind

Velocity

Strong air temperature gradients cannot exist
during strong wind conditions, so the effects of
wind velocity on sound propagation in open
environments are more influential than air tem-
perature gradients (Attenborough 2007). Wind
may cause a shift in sound direction such that
the appearance from where the sound is generated
differs from where it is actually sent (acoustic
mirage). Wind velocity gradients can enhance or
impede sound propagation, leading to negative or
positive EA. The actual speed of sound is the sum
of the air temperature-generated speed of sound
and the net wind velocity.

Attenborough et al. (2007) reported the gen-
eral relationship between the sound speed profile
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0 2 4
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the source (“tailwind”) and their length wind speed.
Reprinted by permission from Springer Nature. Acoustic
Conditions Affecting Sound Communication in Air and
Underwater, Larsen and Radford (2018), Fig. 5.5.5. In: H
Slabbekoorn, RJ Dooling, AN Popper and RR Fay (eds).
Effects of Anthropogenic Noise on Animals, Springer
Handbook of Acoustic Research 66, Springer Science
and Business Media, LLC, part of Springer Nature:
New York, Heidelberg, Dordrecht, London.
pp. 109-144. https://doi.org/10.1007/978-1-4939-8574-
6_5. © Springer Nature, 2018. All rights reserved

¢(2), the air temperature profile 7(z), and the wind
velocity profile u(z), where z is the height above
ground, when the wind blows in the direction of
sound propagation (when the wind blows against
propagation, —u(z) is added):

T(z) 4 273.15

— 57315 T u(z) (5.8)

c(0)

Wind velocity is lowest at the ground and
increases with altitude (Figs. 5.14c, 5.15c¢).
Sound traveling upwind refracts upwards and
sound traveling downwind refracts downward
(Fig. 5.14b, Fig. 5.15b). As with temperature
gradients, this creates a shadow zone upwind
(Fig. 5.14b), where the sound is not heard. Down-
wind, sounds propagate in a channeled way
(Fig. 5.15b) with less loss. Sound attenuates more
against the wind than with the wind. Despite this
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Fig. 5.16 Noise map showing the received levels 50 cm
above ground of a gunshot fired towards east at a location
(small red circle in dark blue area upper left corner) close
to a lake (lake contour lines indicated by thin black curves)
with varied topography. The color coding indicates iso-
dB-curves in 5-dB steps. The dark arrow indicates wind
direction and its length corresponds to 300 m on the

common phenomenon, Wiley (2009) commented
that there are no documented cases of animals
selectively communicating downwind. But refrac-
tion by gradients of wind velocity played a signifi-
cant role in Civil War battles in the rolling hills of
the eastern U.S. There was no radio communica-
tion in the nineteenth century, so commanders
often depended on what they heard of the battle
in front of them to make decisions about troop
movements. An acoustic shadow zone existed dur-
ing the Battle of Gettysburg and commanders
could not hear the sounds of battle just 10 miles
away, whereas people 150 miles away in
Pittsburgh clearly heard the skirmish (Ross 2000).

Sound maps portray the attenuation of sound
over distance from a source. The maps take a
bird’s-eye view, showing attenuation in 360°
about a sound source. Such maps can be produced
at a specific receiver altitude, or commonly show
maximum received levels over a range of
altitudes with the intent of yielding “conserva-
tive” estimates of received level. The attenuation
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ground. Note how the wind attenuates the gunshot upwind
and enhances it downwind. Noise map calculated by
DELTA—a part of FORCE Technology, Hgrsholm,
Denmark, using Nord2000 software (https://eng.mst.dk/
air-noise-waste/noise/traffic-noise/nord2000-nordic-
noise-prediction-method/; accessed 23 December 2020).
Figure donated by Jesper Madsen, Aarhus University

pattern radiating from the sound source is typi-
cally irregular in shape (rather than concentric)
and helps identify environmental conditions that
impede or promote sound propagation. Sound
mapping tools can commonly utilize data on
topography and ground absorption, air tempera-
ture, and wind direction and speed. The example
in Fig. 5.16 shows how wind attenuated noise
from a gunshot upwind but enhanced received
levels downwind.

5.2.10 Attenuation from Air
Turbulence

Turbulence refers to unsteady and irregular
motion of the air. It is very difficult to model
and predict. It may be mechanically or thermally
induced. Mechanical turbulence is caused by fric-
tion, for example, when air moves over rough
ground or past obstacles such as houses and
trees. Friction causes eddies and thus turbulence.
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This turbulence is stronger in higher wind speeds
and rougher terrain. Turbulence is particularly
great during fall winds, which shoot down the
slope of a mountain. Thermal turbulence is cre-
ated when the sun heats the ground unevenly. For
example, bare ground warms up faster than fields
with vegetative cover or bodies of water. Convec-
tive air currents are established with warm and
less dense air rising and cold and denser air sink-
ing. These currents, in turn, may generate eddies.
Eddies may extend from the ground to a few
hundred meters height. They can be of various
sizes (height and diameter) and larger eddies may
break up into smaller ones. Because of air tem-
perature, gradients and wind, air is always in
motion and this motion may always generate
turbulence.

Turbulence causes EA, which increases with
distance from the source, with the level of turbu-
lence, and with sound frequency (see red curve in
Fig. 5.11b). EA is typically highest during day-
time and on hot sunny days. A characteristic of
turbulence on sound propagation is that received
levels at a fixed location quickly fluctuate with
time and, at some range, this fluctuation stabilizes
at a standard deviation of about 6 dB (Daigle et al.
1983). Van Staaden and Romer (1997), for
instance, reported that at night, the sound pressure
level of the song of an African bladder grasshop-
per (Bullacris intermedia) over open grassland
was reduced with distance very close to the
expected 6-dB per doubling of distance of spheri-
cal attenuation. However, during daytime, the
attenuation was much larger and more variable
due to air turbulence.

For more in-depth reading on outdoor sound
propagation, please see Attenborough et al.
(2007), Attenborough et al. (2007), Larsen and
Wahlberg (2017), Wahlberg and Larsen (2017),
or Larsen and Radford (2018).

The Source-Path-Receiver
Model for Animal Acoustic
Communication

53

The SPRM can be used to examine acoustic com-
munication among animals. In the example of
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Fig. 5.17, two gentoo penguins (Pygoscelis
papua) are communicating within their nesting
colony in Antarctica. The sender (i.e., the source)
emits a penguin display call. The call spreads
through the habitat, experiencing various forms
of attenuation. The receiver is another gentoo
penguin. It might respond acoustically and thus
become the next sender. Whether this two-way
acoustic communication is successful, depends
on a number of parameters.

The locations of sender and receiver matter;
the closer together they are, the better the com-
munication—most likely. If the source emission
pattern is directional rather than omnidirectional
(i.e., the call can be emitted in a specific direc-
tion), then the orientation of the sender towards
the receiver matters. Similarly, if the receiver’s
hearing is directional, then the receiver’s orienta-
tion affects communication success. A stronger
source level will increase the likelihood of suc-
cessful reception, unless the environment is
highly reverberant, in which case the echoes
would also be louder and potentially interfere
with communication success. The frequency con-
tent of the call matters, because different
frequencies propagate differently, and the hearing
abilities of the receiver are frequency-dependent.

Along the path, some of the call energy is lost
due to geometrical spreading and some is
absorbed by the air, snow, and soil. The direction
of propagation changes due to reflection and scat-
tering off rocks, and due to refraction by sound
speed gradients in air. Diffraction around
mountains might play a role over longer ranges.
Ambient noise in the environment does not affect
sound propagation; i.e., it neither leads to attenu-
ation nor changes the direction of propagation.

Ambient noise in the environment affects
whether the call is received and correctly
interpreted. Ambient noise can be of abiotic,
biotic, or anthropogenic origin. Wind causes
noise, as do waves and breaking ice. The other
penguins in the colony create ambient noise with
their own acoustic communications. Human pres-
ence (e.g., chatting tourists stomping through the
snow towards the penguin colony) might add to
the ambient noise. Ambient noise at the location
of the receiver lowers the signal-to-noise ratio
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Fig. 5.17 Example of the SPRM for animal acoustic
communication. The source is a gentoo penguin emitting
its display call within its nesting colony in Antarctica. The
sound propagation path takes the call through the local
habitat. The receiver is another gentoo penguin in a neigh-
boring colony who might respond acoustically, thereby
becoming the next source. The parameters that affect suc-
cessful communication are listed below the source and the
receiver. Along the path, the call experiences various

(SNR) at which the call is received. The critical
ratios (specific to the receiver’s auditory system;
see Chap. 10) dictate, below which SNR the call
is masked by the ambient noise and thus not
detected. At intermediate SNRs, the call might
be detected, but not correctly interpreted.
Masking-release processes (also specific to the
receiver’s auditory system) include comodulation
masking release and spatial release from masking
(e.g., Erbe et al. 2016) and aid signal detection
and interpretation. Ambient noise at the sender
may lead to the Lombard effect (Lombard 1911),
whereby the sender raises the source level of its
call, actively changes the spectral characteristics
to move sound energy out of the frequency band
most at risk from masking, and repeats the call to
increase the likelihood of reception. Finally,
ambient noise may instill anti-masking strategies
in both sender and receiver whereby they change
their location and orientation (both towards each
other) to foster communication success.

RECEIVER

Parameters:

Location

* Orientation
Reception directivity
Audiogram

e Critical ratios
Masking release

anthropogenic

propagation effects leading to attenuation. Ambient noise
in the habitat stems from waves, wind, and ice (abiotic),
other penguins (biotic), and perhaps humans (anthropo-
genic). Ambient noise at the receiver reduces the signal-to-
noise ratio and hence the detectability of the call. Ambient
noise at the source may lead to increases in source level
and repetition (redundancy) and shifts in spectral content
(Lombard effect)

5.3.1 The Sender

In animal acoustic communication, the signal that
is being sent depends on the sender’s species,
demographic parameters, behavioral state, and
many other factors. Obviously, different taxo-
nomic groups produce different sounds, ranging
from infrasonic rumbles of elephants to ultrasonic
clicks of bats (see Chap. 8 on classifying animal
sounds). But even closely-related species may be
told apart acoustically. For example, Gerhardt
(1991) found that the number of pulses in the
advertisement call in male Eastern gray treefrogs
(Dryophytes  versicolor) and Cope’s gray
treefrogs (Dryophytes chrysoscelis) is the major
cue distinguishing sympatric males who are simi-
lar in size and color. While species-specific calls
of bats have been recognized for decades
(Balcombe and Fenton 1988; Fenton and Bell
1981; O’Farrell et al. 1999), more recently,
acoustic differences have been noted in bat
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species that are difficult to tell apart morphologi-
cally (Gannon et al. 2001; Gannon et al. 2003;
Gannon and Racz 2006). The more we record and
document species’ repertoires, the more success-
ful bioacousticians will become at identifying the
sender’s species.

Within the same species, populations living
in different geographic regions and habitats
may exhibit differences in their sounds, as
demonstrated for Italian vs. English tawny owls
(Strix aluco; Galeotti et al. 1996), pikas
(Ochotona spp.; Trefry and Hik 2010), and
chimpanzees (Pan troglodytes schweinfurthii;
Mitani et al. 1992). Animals can tell conspecifics
from a different region or population apart. Audi-
tory neighbor-stranger discrimination has been
demonstrated, for instance, in concave-eared tor-
rent frogs (Odorrana tormota; Feng et al. 2009)
and alder flycatchers (Empidonax alnorum;
Lovell and Lein 2004), where territory holders
respond less aggressively towards played-back
neighbor songs than to those of strangers, the
“dear enemy effect.”

Not just population identity, but even individ-
ual identity may be encoded in the outgoing
signal; for example, in oilbirds (Steatornis
caripensis; Suthers 1994), banded mongoose
(Mungos mungo; Fig. 5.18; Jansen et al. 2012),
and in fallow deer (Dama dama; Vannoni and
McEligott 2007). Galeotti and Pavan (1991) stud-
ied an urban population of non-songbirds, tawny
owls, in Pavia, Italy, and demonstrated that the
males’ territorial hoots have a clear species-
specific structure with individual variations
mainly in the final note of the call. Bats use
individualized calls as they aggregate. For exam-
ple, Melendez and Feng (2010) determined that
communication calls of little brown bats (Myotis
lucifugus) were individually distinct in minimum
and maximum frequency, and call duration. Indi-
vidual pallid bats (Antrozous pallidus) emitted
unique calls below the frequency of their echolo-
cation clicks and in the presence of other bats
(Arnold and Wilkinson 2011). Wilkinson and
Boughman (1998) provided evidence that the
greater spear-nosed bat (Phyllostomus hastatus)
used individual social calls to coordinate feeding
on clumped nectar and fruit resources. Colonial
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Fig. 5.18 Spectrograms of close calls of three banded
mongoose (two females and one male; top to bottom)
during a. digging, b. searching, and c. moving between
foraging sites. Black arrows point to the individually stable
foundation of each call. Dashed arrows point to the har-
monic extension, the duration of which was correlated with
behavior (Jansen et al. 2012). © Jansen et al.; https://link.
springer.com/article/10.1186/1741-7007-10-97. Published
under a Creative Commons Attribution License; https://
creativecommons.org/licenses/by/2.0/

animals, such as penguins, gulls, pinnipeds, and
bats especially rely on individual acoustic recog-
nition between a mother and offspring. These
mothers often leave their young in a colony
while they forage, so proper recognition of their
own young upon return is important to fitness.
Especially in birds without nests and physical
landmarks such as king penguins (Aptenodytes
patagonicus), acoustic recognition between
parents and chicks becomes critical (Aubin and
Jouventin 2002; Searby et al. 2004).

As organisms grow, their physical dimensions
and size of their sound-producing organs become
larger. Generally, emitted sounds transition from
high-frequency, low-amplitude sounds to
low-frequency, high-amplitude sounds (Hardouin
et al. 2014). It is partly a consequence of the
simple physiology that animals cannot efficiently
emit sounds with wavelengths longer than the
dimensions of their sound-emitting organs (e.g.,
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see Michelsen 1992; Genevois and Bretagnolle
1994; Fletcher 2004, and Larsen and Wahlberg
2017). For instance, Charlton et al. (2011)
reported that increased body size in male koalas
(Phascolarctos cinereus) was reflected in the
closer spacing of vocalization formants.
(Formants refer to a concentration of acoustic
energy around particular frequencies caused by
resonances in the vocal tract.) Stoeger-Horwath
et al. (2007) reported age-dependent variations in
the grunt and trumpet calls of African savanna
elephants. The grunts were only recorded in
individuals less than 2 months of age and infants
never produced trumpet calls until they were
3 months old. The authors also reported
age-dependent variations in the low-frequency
rumble; older individuals rumbled at a lower fun-
damental frequency than younger individuals,
and there also was a tendency for rumble duration
to increase slightly with age. Weddell seal
(Leptonychotes weddellii) pups on rookeries
emit high-frequency calls that transition into
low-frequency adult calls used exclusively while
hauled-out on the ice (Thomas and Kuechle
1982). Reby and McComb (2003) reported that
lower-frequency male roars in red deer (Cervus
elaphus) stags were associated with greater age
and weight, so provided “honest” cues about
reproductive condition.

In many species, sex-specific differences in the
acoustic repertoires are employed to insure proper
mate selection (Hardouin et al. 2014). The
sender’s reproductive state and drive for mating
often is represented in its acoustic signals. In
songbirds and many orthopteran insects, only
males sing (Miller et al. 2007; Riede et al.
2010). Songs are under the influence of reproduc-
tive hormones associated with courtship, and
songbird songs are long, complex, and repeated
in a typical and recognizable sequence of sounds.
In species in which males compete acoustically to
attract a female mate, a substandard mating call
could indicate immaturity, agedness, or poor
health of the caller. For example, Hardouin et al.
(2007) examined hoots by 17 male scops owls
(Otus scops) on the Isle of Oléron, France.
Heavier male owls made lower-frequency hoots,
which could give them a competitive mating
advantage over lighter weight males.

O. N. Larsen et al.

Context further determines acoustic signaling.
For example, predators often hunt quietly, and
prey remain silent when it is aware of being
stalked. A classic case where (prey) moths
attempt to jam (predator) bat echolocation signals
with a counter signal to confuse the approaching
predator has developed another twist. Ter
Hofstede and Ratcliffe (2016) found that, “spe-
cific predator counter-adaptations include calling
at frequencies outside the sensitivity range of
most eared prey, changing the pattern and fre-
quency of echolocation calls during prey pursuit,
and quiet, or ‘stealth,” echolocation.” Acoustic
interactions between a parent and offspring are
often brief and relatively quiet to conceal and
protect the young. In contrast, messages with a
high reproductive value, such as mating calls or
territorial defense calls, and calls with high sur-
vival value, such as infant distress calls or adult
alarm calls, are produced loudly and repeatedly.
To this point, it has been shown that distress calls
of three species of pipistrelle bats (Pipistrellus
nathusii, P. pipistrellus, and P. pygmaeus) were
structurally convergent, “consisting of a series of
downward-sweeping, frequency-modulated
elements of short duration and high intensity
with a relatively strong harmonic content” (Russ
et al. 2004). The study suggested that it was not as
important to have species-specific signals as it
was to have some device that produced a mob-
bing by bats of the predator regardless of species
of bat.

Ambient noise at the location of the sender
may also affect signal emission level, repetition,
and spectral shifts (collectively called the Lom-
bard effect; Brumm and Zollinger 2011). For
instance, male tingara frogs (Engystomops
pustulosus) increased the level, repetition, and
complexity of their calls when noise overlapped
with their normal frequency band of calling but
not when noise was higher and non-overlapping
in frequency (Halfwerk et al. 2016). Brumm
(2004) and Brumm and Todt (2003) noted that
birds in a noisy environment called louder and
more often, and repositioned themselves, possi-
bly to increase the likelihood of the sound being
received. Similarly, greater horseshoe bats
(Rhinolophus ferrumequinum) increased their
call level and shifted frequency in noisy
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environments (Hage et al. 2013). Eliades and
Wang (2012) examined the neural processes
underlying the Lombard effect in marmoset
monkeys (Callithrix jacchus) and found that
increased vocal intensity was accompanied by a
change in auditory cortex activity toward neural
response patterns observed during vocalizations
under normal feedback conditions.

Many animal communication calls are close to
being omnidirectional, radiating equally in all
directions—at least at their lower frequencies
(Larsen and Dabelsteen 1990). However, some
bird species (e.g., juncos, warblers, and finches)
showed an ability to focus their calls in the direc-
tion of an owl to warn-off the predator. Yorzinski
and Patricelli (2009) examined the acoustic direc-
tionality of antipredator calls of 10 species of
passerines and found that some birds would
“call out of the side of their beaks” with their
head pointed away from conspecifics in an appar-
ent attempt at ventriloquist behavior. Whether
terrestrial animals can actively change the sound
emission directivity in response to noise (in order
to enhance acoustic communication) needs to be
investigated.

5.3.2 The Path and the Acoustic

Environment

As the signal leaves the sender and travels
through the environment, it is subjected to various
forms of attenuation (as detailed above) and so
the level at the receiver location is less than the
source level. In addition, ambient noise at the
receiver location reduces the SNR, making it
harder for the receiver to detect the signal. Ambi-
ent noise may be classed according to its sources:
abiotic, biotic, or anthropogenic. Chapter 7
provides a detailed overview of ambient noise
with example spectrograms.

In terms of abiotic ambient noise, wind is a
major contributor and its noise level increases
with wind speed. In addition, remember that the
direction of wind (i.e., upwind or downwind)
affects the distance that sounds propagate. Wind
drives other types of noise, such as noise from
vegetation moving in the wind. Even without
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wind, there may be noise from branches creaking
and breaking in the heat or noise from rustling
leaves in the understory as animals walk through.
Wind also drives waves; surf noise or noise from
breaking waves is typical for coastal areas. Even
without wind, moving water, such as waterfalls,
can be noisy. Precipitation (i.e., rain, hail, thun-
der, and lightning) creates noise. Geological
events such as earthquakes, seismic rumblings,
and volcanic eruptions contribute noise to the
terrestrial soundscape. In polar regions, melting
ice and calving glaciers contribute to ambient
noise.

Biotic ambient noise comes from animals in
the environment. These can be of the same or
different species from the target species. Several
taxa call in large numbers at certain times of day
and season, significantly raising ambient noise
levels (e.g., chorusing cicadas, katydids, or
frogs). Biologists typically think of soniferous
animals as calling with specialized anatomies for
sound production (i.e., syringes in birds and vocal
cords in mammals). However, most animals also
can produce mechanical sounds using external
anatomies, such as wing-stridulation by a locust,
abdomen vibration by a spider, beak-pecking by a
woodpecker, teeth-chattering by a squirrel, foot-
thumping by a rabbit, etc. In addition, animals can
produce unintentional sounds, such as noise
associated with rustling leaves as an animal
walks through a forest, respiration noise, flight
noise, feeding sounds, etc., not intended for com-
munication with a conspecific. Example
spectrograms for many of these sounds are
found in Chap. 7 on soundscapes as well as
Chap. 8 on detecting and classifying animal
sounds.

Anthropogenic ambient noise is due to aircraft,
road traffic, trains, ships, military activities, con-
struction activities, etc. Increasing encroachment
of human activities on animal habitats results in
increased noise exposure for all taxa of animals
(see Chap. 13 on noise impacts).

Ambient noise varies with time on scales of
hours, days, lunar phase, season, and year. The
reason is a combination of sound propagation
effects and source behavior. The time of day and
season of year affect sound propagation. As
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explained above, sounds can be heard from far-
ther away during the night; for example, a train
can be heard in the distance at night, but not
during the day. Walking in the woods during the
winter, the listener can hear sounds over much
greater distances than during the summer with
thick vegetation. In many animals, sound-
production rates are highest during the breeding
season. Chorusing insects, amphibians, and birds
precisely time the commencement of their
cacophonies to a breeding season each year.
Amphibians stop calling when they go into winter
hibernation, so chorusing can stop abruptly in late
autumn. Some birds migrate, so their songs are
missing from the winter soundscape. Many
migrating birds are soniferous and their flight
calls can temporarily dominate the soundscape
as they pass through an area during a spring
migration (e.g., a honking flock of migrating
geese or a chirping flock of starlings). Yet, other
species of birds remain in temperate areas over
winter and produce sounds all year long (e.g.,
cardinals, sparrows, and snow juncos). Tropical
insects, frogs, and birds can reproduce multiple
times per year, they do not migrate or hibernate,
and so are soniferous throughout the year. Diurnal
cycles exist in all animals with birds calling in the
morning, insects in the afternoon, frogs in the
evening, and nocturnal animals in the middle of
the night.

5.3.3 The Receiver

The same factors that can affect the sender also
could affect the receiver’s ability to detect and
interpret a signal (i.e., species, population, indi-
vidual traits, age, sex, context, and ambient
noise). On the species level, different species
typically hear sound at different frequencies and
levels. In other words, audiograms are species-
specific (Fig. 5.19). Fortunately, data on hearing
abilities of invertebrates, insects, reptiles,
amphibians, fish, birds, and mammals continue
to accumulate (see Volume 2). Nonetheless,
there is some intra-species and individual
variability in hearing (see Chap. 10).
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In American mink (Neovison vison), for
instance, hearing-sensitivity and frequency range
changed markedly with postnatal age. Pups up to
32 days old were almost deaf, whereas three
weeks later, their audiogram started to resemble
that of an adult (in shape), but they remained less
sensitive than adults, especially below 10 kHz
(Brandt et al. 2013). There might be good reasons
why hearing in young is immature. For example,
a male fruit fly (Drosophila melanogaster) cannot
hear the female’s flight tone until he is physically
mature enough to mate (Eberl and Kernan 2011).
This ensures the female fruit fly that any pursuing
male is mature. Hearing capabilities further
change over an adult’s life. Natural deterioration
with age due to anatomical and physiological
aging is a process called presbycusis. Hearing
loss can also be caused by acute noise exposure
at strong levels and chronic exposure to moderate
noise (see Chap. 13). Hearing loss likely affects
the ability of a receiver to hear and interpret a
sender’s message. For example, a hearing-
impaired moth, which typically avoids a bat pred-
ator through an evasive flight pattern, will be
easier to capture if the bat’s echolocation signals
are not heard.

The receiver’s sex rarely influences its hearing
capabilities; however, Narins and Capranica
(1976, 1980) provided an example of sex
differences in the auditory reception system of a
Puerto Rican treefrog, the coquina frog (Eleuther-
odactylus coqui). Male and female treefrogs
responded to different notes of the male’s
two-note, co-qui call. Females were attracted to
the qui-part of the call. Males paid most attention
to the co-part of the call, which was important in
male-male aggressive interactions. The authors
found that the inner ear basilar papilla was tuned
differently in males and females; males had fewer
fibers tuned to the qui-part of the call and females
had fewer fibers tuned to the co-part of the call.
These differences also occurred in higher-order
neurons in the brain, where response decisions
take place. Later studies (Mason et al. 2003)
showed similar sexual differences in the middle
ear of bullfrogs (Lithobates catesbeianus).

Ambient noise is a ubiquitous factor
influencing signal reception and interpretation.
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Goldfish 20Hz3kHz

Bullfrog 100 Hz3 kHz

Catfish 50 Hz4 kHz

Tree frog 50 Hz4 kHz

Canary 250 Hz8 kHz

Cockatiel 250 Hz8 kHz

Parakeet 200Hz85kHz

Elephant 17Hz105kHz

Owl 200 Hz12kHz

Human 31 Hz19kHz

Chinchilla 52 Hz33kHz

Horse 55Hz335kHz

Cow 23Hz35kHz

Raccoon 100 Hz40 kHz

Sheep 125 Hz425kHz

Dog 64 Hz44 kHz

Ferret 16 Hz44 kHz

Hedgehog 250 Hz45 kHz

Guinea pig 47 Hz49kHz

Rabbit 96 Hz49 kHz

Sealion 200 Hzb0 kHz

Gerbil 56 Hz60 kHz

Opossum 500 Hz64 kHz

Albino rat 390 Hz72 kHz

Hooded rat 530 Hz75 kHz

Cat 55 Hz77 kHz

Mouse 900 Hz79 kHz

Little brown bat 103kHz115kHz

Beluga whale 1kHz123 kHz

Bottlenose dolphin -~ 150 Hz150 kHz

Porpoise 75Hz150 kHz
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0

Fig. 5.19 Hearing ranges of some animals and humans.
Bars represent the approximate hearing frequency range,
ordered after increasing upper frequency cut-off; blue:
fish, gray: bird, green: frog, orange: terrestrial mammal,
violet: human, and brown: marine mammal. The red verti-
cal lines are the frequencies of musical notes Cy—Cg, for
comparison. There is one octave between successive
C-notes. Middle-C on a piano is C4. A full-sized piano
will only range from just under C, to Cg, with tones >Cj;
being ultrasound. Data from Fay (1988), Fay and Popper

Having experienced various forms of attenuation
along its path, a signal will be audible if its
amplitude remains above the power spectral den-
sity level of the ambient noise plus the critical
ratio of the receiver. The critical ratio is essen-
tially a minimum SNR needed for signal detec-
tion (see Chap. 10 for more information on the
critical ratio). An even higher SNR is needed for
signal discrimination, recognition, and finally,
comfortable communication (Fig. 5.20; Lohr

(1994), Heffner (1983), Heffner and Heffner (2007),
Lipman and Grassi (1942), Warfield (1973), and West
(1985), previously compiled by Vanderbilt University
and Louisiana State University (http://Isu.edu/deafness/
HearingRange.html; accessed 6 January 2021), and plot-
ted by Wikimedia Commons author Cmglee. https://
commons.wikimedia.org/wiki/File:Animal_hearing_fre
quency_range.svg. Figure licensed under the Creative
Commons Attribution-Share Alike 3.0 Unported license;
https://creativecommons.org/licenses/by-sa/3.0/deed.en

et al. 2003; Dooling et al. 2009; Dooling and
Blumenrath 2013; Dooling and Leek 2018).
Some birds take advantage of these limitations
by producing both high-amplitude broadcast
sounds and low-amplitude soft sounds. The for-
mer become public since they cover a large active
space with many potential receivers whereas the
latter become private as they cover a very small
active space with only few receivers (Larsen
2020).
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Fig. 5.20 Sketch of the radii about a calling bird over
which a broadcast public call might be detected,
discriminated, and recognized. Detection (i.e., signal pres-
ence/absence) is possible over the longest ranges (i.e.,
lowest SNR). A higher SNR is needed for signal discrimi-
nation, then signal recognition, and finally, comfortable
communication, yielding progressively shorter ranges. In

The auditory systems of some animals have
built-in masking-release processes to reduce the
impact of ambient noise. A spatial release from
masking results from the directional hearing
capabilities of the animal. If the signal arrives
from a direction in which the receiver is more
sensitive and if the noise arrives from a direction
in which the receiver is less sensitive, then
the reception directivity improves the SNR and
the signal can be detected in higher ambient
noise. A spatial release from masking has
been demonstrated in several taxa including
tropical crickets (Paroecanthus podagrosus and
Diatrypa sp.; Schmidt and Romer 2011), gray
treefrogs (Bee 2008), budgerigars (Melopsittacus
undulatus; Dent et al. 1997), and pigmented
Guinea pigs (Cavia porcellus; Greene et al.
2018). A comodulation masking release is possi-
ble if the noise is broadband and amplitude-
modulated coherently across its frequencies. The
animal might then utilize information about the

=

45 birds [m]

louder ambient noise, the ranges will be even less. For
animals with soft private calls or greater critical ratios, the
radii will also be less (Erbe et al. 2016). © Erbe et al.;
https://doi.org/10.1016/j.marpolbul.2015.12.007.
Licensed under CC BY 4.0; https://creativecommons.org/
licenses/by/4.0/

noise from frequencies outside of the signal fre-
quency to filter the noise within the frequency
band of the signal. A comodulation masking
release has been demonstrated in gray treefrogs
(Bee and Vélez 2018), European starling (Sturnus
vulgaris; Klump and Langemann 1995), and
house mice (Mus musculus; Klink et al. 2010).
Addionally, animals have a host of behavioral
adaptations to optimize sound reception. For
example, an animal may improve the SNR for
sound arriving at its ears by approaching the
source, tilting its head, adjusting its pinnae
(in the case of mammals), or moving to another
location away from a noise source (Nelson and
Suthers 2004).

54 Summary

The Source-Path-Receiver Model (SPRM) is used
widely in technical noise control and illustrates
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the importance of exploring a signal at all points
between the source and receiver and of under-
standing factors that affect the observations.
This chapter developed the SPRM for the exam-
ple of animal acoustic communication (also see
Chap. 11). The influences of the sender’s and
receiver’s species, age, sex, individual identity,
and behavioral status were discussed. The receiv-
ing animal’s hearing ability is a major factor for
communication success.

Terminology related to sound propagation
(or the path) was defined and basic concepts of
outdoor sound propagation were developed,
supported with simple equations. Several factors
play an important role in sound propagation: dis-
tance between sender and receiver, air tempera-
ture, wind (direction and speed), obstacles along
the path, and ground cover. The concepts of
source level, received level, sound absorption,
reflection, scattering, reverberation, diffraction,
refraction, acoustic shadows, acoustic mirages,
air temperature gradients, and wind speed
gradients were illustrated. Two types of geomet-
ric spreading (i.e., spherical and cylindrical)
were applied. Examples for ray tracing were
provided. Ambient noise (including its abiotic,
biotic, and anthropogenic sources) in terrestrial
environments and its influence on both sender
and receiver was discussed.

The SPRM may be applied to many other
bioacoustic scenarios or studies such as animal
biosonar (where the sender and receiver are the
same individual; see Chap. 12) or the effects of
noise on animals (where the source might be a
highway; see Chap. 13). It would also be useful to
consider passive acoustic monitoring (of animals
or soundscapes) within the framework of the
SPRM to understand the sound sources recorded,
the way the environment affects the recorded
soundscape, and the effects (and potential
artifacts) of the recording system (i.e., the
receiver; see Chaps. 2 and 7). The SPRM might
also guide the bioacoustician in setting up audio-
metric experiments (where the source is an
engineered signal; see Chap. 10). The SPRM is
a fundamental concept helpful in bioacoustic
study design and interpretation.
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5.5 Additional Resources

The following sites were last accessed 3 February
2021.

* NoiseModelling is a free software package
developed by the French Government’s Centre
National de la Recherche Scientifique and the
Universit¢  Gustave Eiffel to produce
sound maps: https://noise-planet.org/
noisemodelling.html

e Dan Russell’s Acoustics and Vibration
Animations: https://www.acs.psu.edu/
drussell/demos.html

Acknowledgement We wish to thank Prof. Keith
Attenborough for his constructive review of this chapter.
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Christine Erbe, Alec Duncan, and Kathleen J. Vigness-Raposa

6.1 Introduction

It is imperative that bioacousticians who work in
aquatic environments have a basic understanding
of sound propagation under water. Whether the
topic is the function of humpback whale song,
echolocation in wild bottlenose dolphins, the
masking of grey whale sounds by ship noise, the
role of chorusing in fish spawning behavior, the
effects of seismic surveying on benthic
organisms, or the capability of an echosounder
to track a school of fish, the way in which sound
propagates through the ocean affects how we can
use sound to study animals, how sound we pro-
duce impacts animals, and how animals use
sound.

Aquatic fauna has evolved to use sound for
environmental sensing, navigation, and communi-
cation. This is because water conducts sound very
well (i.e., fast and far), while light propagates
poorly under water. Visual sensing based on sun-
or moonlight is limited to the upper few meters
of water. And while water transports chemicals,
chemoreception is most effective over short
ranges, where chemical concentration is high.
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Furthermore, sound can be detected from all
directions, providing omnidirectional alerting of
activities happening in the environment.

Given that sound may propagate over very long
ranges with little loss, a myriad of sounds is com-
monly heard at any one place. These sounds may
be grouped by origin: abiotic, biotic, and anthro-
pogenic. Natural, geophysical, abiotic sound
sources include wind blowing over the ocean sur-
face, rain falling onto the ocean surface, waves
breaking on the beach, polar ice breaking under
pressure and temperature influences, subsea
volcanoes erupting, subsea earthquakes rumbling
along the seafloor, etc. Biotic sound sources
include singing whales, chorusing fishes, feeding
urchins, and crackling crustaceans. Anthropogenic
sources of sound include ships, boats, fish-finding
echosounders, oil rigs, gas wells, subsea mines,
dredgers, trenchers, pile drivers, naval sonar, seis-
mic surveys, underwater explosions, etc.

As these sounds travel from their source
through the environment, they may follow multi-
ple propagation paths. Sounds may be reflected at
the sea surface and seafloor. Some sound may
travel through the seafloor and radiate back into
the water some distance away. Sound is scattered
by scatterers in the water (such as gas bubbles or
fish swim bladders). Sound bends as the ocean is
layered with pressure, temperature, and salinity
changing as a function of depth, and with fresh-
water inputs. All of these phenomena depend on
the frequency of sound. The spectrum of broad-
band sound changes, too, as acoustic energy at

185

C. Erbe, J. A. Thomas (eds.), Exploring Animal Behavior Through Sound: Volume 1,

https://doi.org/10.1007/978-3-030-97540-1_6


http://crossmark.crossref.org/dialog/?doi=10.1007/978-3-030-97540-1_6&domain=pdf
mailto:c.erbe@curtin.edu.au
mailto:A.J.Duncan@curtin.edu.au
mailto:kathy@INSPIREenvironmental.com
https://doi.org/10.1007/978-3-030-97540-1_6#DOI

186

high frequencies is more readily scattered and
absorbed than energy at low frequencies. The
receiver of sound can thus infer information not
just about the source of sound but also about the
environment’s complexity.

Understanding the physics of sound in water is
an important step in studies of aquatic animal
sound usage and perception, whether these are
conspecific social sounds, predator sounds, prey
sounds, navigational clues, environmental
sounds, or anthropogenic sounds. It is also critical
for the study of impacts of sound on aquatic
fauna, and for using passive or active acoustic
tools for monitoring aquatic fauna and mapping
biodiversity. The goal of this chapter is to intro-
duce the basic concepts of sound propagation
under water.

6.2 The Sonar Equation

The sonar equation was developed by the US
Navy to assess the performance of naval sonar
systems. These sonar systems were designed to
detect foreign submarines. The sonar emits an
acoustic signal under water and listens to
returning echoes. The time of arrival and acoustic
features of the echo may determine not only from
what target the signal reflected, but also the range
and speed of the target. The term “sonar” stands
for “SOund Navigation And Ranging.”

There are numerous forms of the sonar equa-
tion. What they all have in common is that
(1) they each represent an equation of energy
conservation, meaning that the total acoustic
energy on either side of the equation is the
same; and (2) all of the terms in the equation are
expressed in decibel (dB). The sonar equation
with its original terms as defined in Urick
(1983) allows an easy conceptual exploration of
various scenarios encountered in bioacoustics.
The definitions and notations of some of the
terms are more mathematically specific in the
recent underwater acoustics terminology standard
(ISO 18405)".

! International Organization for Standardization. (2017).
Underwater — acoustics—Terminology  (ISO  18405).
Geneva, Switzerland.

C. Erbe et al.

6.2.1 Propagation Loss Form

As sound propagates through the ocean, it loses
energy, termed propagation loss (PL?). A simple
form of the sonar equation equates PL to the
difference between the source level (SL) and the
received level (RL) of sound (Urick 1983):

PL = SL — RL (propagation loss form) (6.1)

SL was defined by Urick as 10log; of the ratio
of source intensity to reference intensity (see
Chap. 4). RL was equal to 10log, of the ratio of
received intensity to reference intensity. PL was
computed as 10log;, of the ratio of source inten-
sity to received intensity.

For example, a whale-watching boat might
have SL = 160 dB re 1 pPa® (in terms of mean-
square pressure, which is proportional to inten-
sity; see Chap. 4) and be located 100 m from a
group of whales. If PL in this environment and
over this range is 40 dB, then RL at the whales is
120dB re 1 pPa2 (Erbe 2002; Erbe et al. 2016a).

6.2.2 Signal-to-Noise Ratio Form
Another simple form of the sonar equation relates
the RL of a signal to the background noise level
(NL = 10log;o of the ratio of noise intensity to
reference intensity):

SNR = RL — NL (signal-to-noise ratio form)
(6.2)

SNR is the level of the signal-to-noise ratio,
expressed in dB. For example, a call from a whale
might have a received level RL = 105 dB re
1 pPa2 at another whale; however, background
noise at the time might be NL = 115 dB re 1 pPa®
over the frequency band of the call. The SNR is
—10 dB. Can the whale still hear the other one or
does the noise mask the call?

Because the SNR is a negative number in this
example, if one was just considering the relative
levels of signal and noise, the animals would not

2In this chapter, we italicize variables, but keep
abbreviations as regular font; so PL is an abbreviation
while PL is a variable.
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be able to hear one another because the back-
ground noise level is much greater than the
received signal level. However, animals (and
sonar systems) can take advantage of spectral
and temporal characteristics of a received sound,
as is explained below. Therefore, in the example
of beluga whales (Delphinapterus leucas) trying
to communicate in icebreaker noise, the listening
whale can indeed detect the call, because of the
different spectral and temporal structures of call
and noise (Erbe and Farmer 1998).

6.2.3 Forms to Assess

Communication Masking

Acoustic communication under water remains an
area of active research. In the conceptual model of
Fig. 6.1, one animal (the sender) emits a signal,
which travels through the habitat to the location
of the receiver. Whether the receiver can hear the
message depends on a number of factors that
relate to the sender, the habitat, and the receiver.
The level and spectral features of the signal will
affect how far it propagates and how well it can be
detected above the ambient noise in the environ-
ment. The locations of sender and receiver matter,

Sender

Effects:

Relevant variables:

* Location of sender
e Source level (SL)

e Spectral characteristics of signal (TBP)
e Emission directionality (Dls)

Fig. 6.1 Sketch of the factors related to acoustic commu-
nication in natural (not just aquatic) environments and
their corresponding terms in the sonar equation: source
level (SL), time-bandwidth product (TBP), sender direc-
tivity index (DIs), propagation loss (PL), absorption
(absorption coefficient a multiplied by range R), noise

Habitat

* Propagation loss (PL)
* Absorption (aR)

/;
Ambient noise (NL)
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not just the range between the two animals, but
also at which depth each happens to be located. If
the two animals are oriented towards each other,
directional emission and reception capabilities
will enhance signal detection. The environment
changes the level and spectral characteristics of
the signal by reflection, refraction, scattering,
absorption, and spreading losses. The detection
capabilities of the receiver can be quantified by
the detection threshold, critical ratio, and other
factors. Ambient noise in the environment can
initiate anti-masking strategies at both the sender
(e.g., increasing the source level) and receiver
(e.g., orienting towards the signal). A sonar equa-
tion can be constructed to investigate each of
these factors, as outlined in the following
sections.

The basic sonar relation for the communica-
tion scenario in Fig. 6.1 is:

SL— PL— NL> DT (basic signal detection form),

where DT is the detection threshold of the
receiver, expressed in dB. A sound is deemed
detectable if the expression on the left side
exceeds the detection threshold. In the absence
of noise, DT equals the audiogram. Audiograms
are measured by exposing an animal to pure-tone

Receiver

Relevant variables:

* Location of receiver

e Audiogram (DT)
 Critical ratio (CR)

* Directional hearing (DIr)

level (NL), and receiver detection threshold (DT), critical
ratio (CR), and directivity index (DIr). Modified from Erbe
et al. (2016¢c); © Erbe et al. (2016); https://www.
sciencedirect.com/science/article/pii/
S0025326X15302125. Published under CC BY 4.0;
https://creativecommons.org/licenses/by/4.0/
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signals of varying levels. The RL that is just
detectable defines the audiogram at that fre-
quency (see Chap. 10 for a more thorough defini-
tion of audiogram):

RL = DT (audiogram form)

The mammalian auditory system acts as a bank
of overlapping bandpass filters and the listener
focuses on the auditory band that receives the
highest SNR (Moore 2013). Under the equal-
power assumption (Fletcher 1940), a signal is
detected if its power is greater than the noise
power in any of the auditory bands. So, for any
auditory band,

RL — NL > 0 (within an auditory band) (6.3)

Communication signals of many species,
including birds and marine mammals (Erbe et al.
2017a), are commonly tonal, while noise is com-
monly broadband. In order to assess the risk of
communication masking, the critical ratio (CR) is
a useful quantity that has been measured in
humans and animals. The CR is the level differ-
ence between the mean-square sound pressure
level (SPL) of a tone and the mean-square sound
pressure spectral density level of broadband noise

Fig. 6.2 Spectrograms of
the lower two harmonics of
a beluga whale call (top

__1800
T 1600

panel) and an icebreaker’s 2 1400
bubbler system noise = 1200
(bottom panel). Colorbar in 8-

dB re 1 pPa’/Hz. The @ 1000
broadband levels are Y 800

RL =105 dB re 1 pPa? for
the call and NL = 115 dB re

m W oe W e
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when the tone is just audible (American National
Standards Institute 2015). Conceptually, the CR
quantifies the ability of the auditory system to
focus on a narrowband (tonal) signal. It captures
how many of the noise frequencies surrounding
the tone frequency are effective at masking the
tone, and the resulting band of frequencies has
been termed the Fletcher critical band (American
National Standards Institute 2015). A narrowband
signal is thus detectable, if

RL — CR > NL (critical ratio form)  (6.4)

RL is the tone level in dB re 1 pPaz, NLyis the
noise mean-square pressure spectral density level
in dB re 1 pPa*/Hz, and CR is measured in dB re
1 Hz (see p. 29 in Erbe et al. 2016c¢).

In the above-mentioned study with beluga
whales communicating amidst icebreaker noise,
the beluga whale call consisted of a sequence of
six tones with overtones from 800 to 1800 Hz,
and the icebreaker’s bubbler system noise was
broadband and relatively unstructured in fre-
quency and time (Fig. 6.2) (Erbe and Farmer
1998). The bandwidth of the call, expressed in
dB, was 10log;¢(1800-800) = 30 dB re 1 Hz (see
Chap. 4 for definitions and formulae). Given

I . 1800 \ D X AU Y,
1 pPa” for the noise ¥ 1600 "‘ \ \‘ W A \ I‘\ ll\' A\ \
3 1400 . NN MV O T
51200 ‘N e N W \ : i U
$ 1000 Ay Vi
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NL = 115 dB re 1 pPa? over the bandwidth of the
call, NLy was equal to NL (115 dB re 1 pPaz)
minus the bandwidth (30 dB re 1 Hz): NL,= 85 dB
re 1 pPa*Hz. Beluga whales have a CR of
approximately 15 dB re 1 Hz at 800 Hz, therefore,
the call with RL =105 dB re 1 pPa2 was audible,
because Eq. (6.4) was satisfied (Erbe 2008; Erbe
and Farmer 1998): 105-15 > 85.

In studies on critical ratios and in the beluga
whale experiments (Erbe and Farmer 1998; Erbe
2000), signal and noise were broadcast by the
same loudspeaker and thus arrived at the listener
from the same direction. If the caller and the noise
are spatially separated, then there is an additional
processing gain in the sonar equation: the
receiver’s directivity index DIr:

RL — CR + DIr — NL; > 0
(critical ratio form with directivity index)

The DIr is defined as 10log, of the ratio of the
intensity measured by an omnidirectional receiver
to that of a directional receiver. Directivity
indices increase with frequency and values up to
19 dB have been measured for communication
sounds in marine mammals. The associated spa-
tial release from masking should be considered in
environmental impact assessments of underwater
noise (Erbe 2015). Directivity indices are even
greater at higher frequencies used by dolphins
during echolocation (Fig. 6.3).

100 80

(A) T—_60

100 80
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6.2.4 Form for Biomass Surveying
Surveys for animals ranging from zooplankton to
fish and sharks may use an echosounder, fish
finder, or sonar (e.g., Parsons et al. 2014; Kloser
et al. 2013). In this scenario, the echosounder
emits a signal, which travels to the fish, where
some of it is reflected. How much of the signal is
reflected is expressed by the target strength (TS),
defined as 10log,, of the ratio of echo intensity to
incident intensity (Urick 1983). The reflected sig-
nal travels to the receiver, which has a specific DT
and DIr. The receiver is typically co-located with
the source, so that the signal travels the same path
twice and thus experiences twice the PL. The fish
is detected if the following sonar equation is
satisfied:

SL—-2PL+TS—NL> DT — DIr
(two — way sonar surveying form)

Target strength will vary for each type of ani-
mal, as well as with the number of animals in the
group and their orientation relative to the
echosounder. Figure 6.4 shows reflected signals
received on a REMUS autonomous underwater
vehicle. Individual animals are observed in two
aggregations, with two dolphins swimming
within one of the aggregations. Researchers are
using cameras on the same platforms to better
understand the information contained in reflected

-60 /

=100 —

[— 120 kHz
60 kHz
|— 30 kHz

Fig. 6.3 Sketches of the receiving directivity pattern of a bottlenose dolphin (Tursiops truncatus) in the vertical (a) and
horizontal (b) planes. Courtesy of Chong Wei after data in (Au and Moore 1984)
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Fig. 6.4 Echosounder image of marine fauna in two
aggregations, with two dolphins being in the aggregation
on the left. Colors represent acoustic target strength and
the shapes of the two dolphins can easily be recognized by

signals and ultimately convert that information
into species classifications and estimates of bio-
mass (Benoit-Bird and Waluk 2020).

6.3 The Layered Ocean

The speed of sound in sea water increases with
increasing temperature 7 [°C], salinity
S (measured in practical salinity units [psu]) and
hydrostatic pressure, which in the ocean is pro-
portional to depth D [m]. The approximate
change in the speed of sound ¢ [m/s] with a
change in each property is:

Temperature changes by 1 °C — ¢ changes by
4.0 m/s

Salinity changes by 1 psu — c¢ changes by
1.4 m/s

Depth (pressure) changes by 1 km — ¢
changes by 17 m/s

Maps of sea surface temperature and salinity
for the northern hemisphere summer show
considerable variation (Fig. 6.5). However, tem-
perature and salinity vary much more rapidly with
depth than they do in the horizontal plane, so the
ocean can often be thought of as a stack of hori-
zontal layers, with each layer having different
properties. Vertical profiles of these quantities

their high reflectivity (Benoit-Bird et al. 2017). © Benoit-
Bird et al. 2017; https://aslopubs.onlinelibrary.wiley.com/
doi/full/10.1002/In0.10606. Published under CC BY 4.0;
https://creativecommons.org/licenses/by/4.0/

are therefore very useful for understanding how
sound will propagate in different geographical
regions.

6.3.1 Temperature and Salinity

Profiles

In non-polar regions (red curves in Fig. 6.6), the
main source of heat entering the ocean is solar.
The sun heats the near-surface water, making it
less dense and suppressing convection. A surface
mixed layer with nearly constant temperature and
salinity is formed by mechanical mixing due to
surface waves and is typically 20-100 m thick.
Below that, the temperature drops rapidly in a
region known as the thermocline, before becom-
ing almost constant at a temperature of about 2 °C
in the deep isothermal layer that extends from a
depth of about 1000 m to the ocean floor.
Seasonal changes in solar radiation together
with the ocean’s considerable thermal lag (due
to its great heat capacity) can complicate this
simple picture, but most of these changes only
affect the top few hundred meters of the water
column, changing the detailed structure of the
mixed layer and the upper part of the thermocline.
In polar regions (blue curves in Fig. 6.6), the
situation is quite different. There is a net loss of
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Fig. 6.5 Maps of sea
surface temperature (top)
and salinity (bottom) for the
northern hemisphere
summer, averaged over the
period 2005 to 2017. Data
were taken from the World
Ocean Atlas (Locarnini

et al. 2018; Zweng et al.
2018)

Fig. 6.6 Depth profiles of
temperature, salinity, and
sound speed from the open
ocean based on the World
Ocean Atlas (Locarnini

et al. 2018; Zweng et al.
2018) seasonal decadal
average data for the austral
winter (solid) and austral
summer (dotted). Red
curves are for 30.5°S,
74.5°E and are
representative of non-polar
ocean profiles. Blue curves
are for 60.5°S, 74.5°E and
are representative of polar
ocean profiles
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heat from the sea surface, which results in a
temperature profile in the upper part of the
ocean that increases with increasing depth from
a minimum of about —2 °C at or (in summer)
slightly below the surface.

Salinity typically changes by only a small
amount with depth, and in most parts of the
ocean is between 34 and 36 psu. As a result, the
sound speed is usually determined by temperature
and depth, however, salinity can have an impor-
tant effect on sound speed in situations where it
changes abruptly. Examples include locations
where there is a large freshwater outflow into
the ocean from a river, or in estuaries where it is
common to have a wedge of dense, saline water
underlying a surface layer of freshwater. In polar
regions, the salinity of near-surface water can
vary considerably depending on whether sea ice
is forming, a process that excludes salt and there-
fore increases salinity in the water below the ice.
When sea ice melts, freshwater is released, reduc-
ing near-surface salinity.

6.3.2 Sound Speed Profiles

The following equation is one of a number of
equations of varying complexity that can be
found in the literature relating the speed of
sound to temperature, salinity, and depth
(Mackenzie 1981). It is valid for temperatures
from —2 to 30 °C, salinities of 30 to 40 psu, and
depths from 0 to 8000 m.

¢ =1448.96 +4.591 T — 5.304 x 1072 T*
+2.374 x 107* T% 4 1.340 (S — 35)
+1.630 x 1072 D+ 1.675 x 1077 D?
—1.025 x 1072T(S — 35) — 7.139
x 1071 TD? [m/s]

Sound speed profiles computed from the typi-
cal temperature and salinity profiles are also plot-
ted in Fig. 6.6.

In non-polar waters, the sound speed may

increase slightly with depth in the mixed layer
due to its pressure dependence, however, diurnal

C. Erbe et al.

heating and cooling effects can eliminate or
enhance this effect. As explained later in this
chapter, whether or not there is a distinct increase
in sound speed with depth in the mixed layer
determines whether there is a surface duct,
which has a considerable impact on acoustic
propagation from near-surface sound sources
and to near-surface receivers.

Below the mixed layer, the rapid reduction in
temperature with depth (i.e., in the thermocline)
results in sound speed also reducing until, at a
depth of about 1000 m, the temperature becomes
nearly constant. In the deeper isothermal layer,
the increasing pressure results in the sound speed
starting to increase with depth. There is therefore
a minimum in the sound speed in non-polar
waters at a depth of approximately 1000 m,
which, as will be seen later, is important for
long-range sound propagation.

In polar waters, the temperature and pressure
both increase with increasing depth, so the sound
speed also increases, which results in a strong
surface duct. However, in the Arctic Ocean, the
existence of water masses with different
properties entering from the Pacific and Atlantic
oceans can lead to more complicated sound speed
profiles.

Temperature and salinity profiles for the
world’s oceans can be found in the World
Ocean Atlas® (Locarnini et al. 2018; Zweng
et al. 2018). These are based on averages of a
large amount of measured data and are very use-
ful for calculating estimated sound speed profiles
for particular locations for particular months or
seasons of the year. The real ocean is, however,
highly variable; particularly the upper thermo-
cline and mixed layer, which can change on
time scales of hours, and in some extreme cases,
tens of minutes, so there is no substitute for in situ
measurements of temperature and salinity profiles
to support acoustic work.

3 World Ocean Atlas https://www.nodc.noaa.gov/OC5/
woal8/; accessed 30 September 2020.
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6.4 Propagation Loss

The apparent simplicity of the propagation loss
term (i.e., PL) in the various sonar equations
hides a great deal of complexity. There are a
few special situations in which PL can be calcu-
lated quite accurately using simple formulae, and
a few more in which it might be possible to obtain
a reasonable estimate using a more complicated
equation, but for everything else, these simple
approaches can lead to large errors, and it is
necessary to resort to numerical modeling. To
further complicate matters, there are a number of
different types of numerical models used for
propagation loss calculations, each with its own
assumptions and limitations, and it is important to
be familiar with these so that the most appropriate
model can be used for a given task.

6.4.1 Geometric Spreading Loss

The most basic concept of propagation loss is that
of geometric spreading, which accounts for the
fact that the same sound power is spread over a
larger surface area as the sound propagates further
from the source. The intensity is the sound power
per unit area (see Chap. 4), so the increase in
surface area results in a reduction in intensity.
The simplest case is when the source is small
compared to the distances involved, the sound
speed is constant, and the boundaries (i.e., sea
surface, seabed, and anything else that might
reflect sound) are sufficiently far away that
reflected energy can be ignored. In this situation,
the acoustic wavefront forms the surface of a
sphere. As the wavefront propagates outward,
the radius r of the sphere increases, the surface
area of the sphere increases in proportion to 12,
and therefore the intensity decreases inversely
proportional to 2. This leads to the well-known
spherical spreading equation for PL:

PL =20log ;,(r/1m) (6.5)

Equation (6.5) is also applicable to calculating
geometric spreading loss for sound radiated by a
directional source, such as an echosounder trans-
ducer, or a dolphin’s biosonar, providing the

193

range is sufficiently large (i.e., the receiver is in
the acoustic far-field of the source; see Chap. 4),
and the above assumptions are all met.

Another situation in which spreading loss can
be calculated analytically is when the sound is
constrained in one dimension by reflection and/or
refraction, so it can only spread in the other
two dimensions. In underwater acoustics, this
most commonly happens when the sound is
constrained in the vertical direction by the sea
surface or seafloor, but can still spread in the
horizontal plane. The result is that the acoustic
wavefront forms the surface of a cylinder, the area
of which is proportional to the range. The inten-
sity is therefore inversely proportional to the
range, and the PL is given by the cylindrical
spreading equation:

PL = 101log ;y(r/1m) (6.6)

Some situations in which cylindrical spreading
can occur are discussed later in this chapter,
but it should be noted that Eq. (6.6), strictly
speaking, only applies at all ranges from the
source in the highly unusual case that the source
is a vertical line source that spans the entire depth
interval into which the sound is constrained, and
that no sound is lost into either the upper or lower
layers.

For the much more common case of a small
source, the sound will undergo spherical spread-
ing at short ranges where the boundaries have no
effect, followed by cylindrical spreading at long
ranges where the fact that the source has a small
vertical extent is of little consequence. In
between, there will be a transition region in
which neither formula is accurate. This situation
can be approximated by assuming a sudden tran-
sition from spherical to cylindrical spreading at a
“transition range” r,. Equation (6.7) applies only
to ranges r > r, and still makes the assumption
that there are no losses at the boundaries.

PL=2010g ;o7 + 10log 9 (ri)
t

I

.
= 10log 1y (15) + 101og (7= (67)

In shallow-water situations, some authors rec-
ommend using a transition range equal to the
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water depth; however, while useful for very rough
PL estimates, this approach should be adopted
with caution as the best choice will depend on
the characteristics of the seabed. The only way to
accurately determine r; for a given situation is to
carry out numerical propagation modeling, in
which case you might as well use that to directly
determine the propagation loss, removing the
need for (Eq. 6.7) and its inherent inaccuracies.

6.4.2  Absorption Loss

When a sound wave propagates through water, it
results in a periodic motion of the molecules
present in the water, and the slight friction within
and between them converts some of the sound
energy into heat, reducing the intensity of the
sound wave. This is called absorption loss and
results in a propagation loss that is proportional to
the range traveled:

PL = aryy, (6.3)

where ry,, is the range in kilometers and « is the
absorption coefficient in dB/km. The propagation
loss due to absorption must be added to the prop-
agation loss due to geometrical spreading
described in Sect. 6.4.1.

A commonly used formula for « is:

o= 0.106 1L 9056
fit+f?
B
3

S ff
3 A+
4 4.9 x 1074]‘267(1"/274»2/17)

671/6

+o.52(1 +

(6.9)

with f; = 0.78(5/35)"%™® and f, = 42¢""7; f
[kHz], a[dB/km]

validfor —6<T <35°C(S=35psu, pH=8, z=0)
7.7<pH<8.3(T=10°C, S=35psu, z=0)
5<8<50psu(T=10°C, pH=38, z=0)
0<z<7km(T=10°C, S=35psu, pH=8)

(Francois and Garrison 1982a, b; Ainslie and
McColm 1998).
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The absorption coefficient increases with fre-
quency (Fig. 6.7). At low frequencies, it is
dominated by molecular relaxation of two minor
constituents of seawater: B(OH); and MgSQ,,
whereas above a few hundred kHz, it is primarily
due to the water’s viscosity.

In summary, Fig. 6.8 compares how propaga-
tion loss increases with range for spherical
spreading (Eq. 6.5), cylindrical spreading
(Eq. 6.6), and combined spherical/cylindrical
spreading with a transition range of 100 m
(Eq. 6.7). The effect of absorption (Eq. 6.8) in
addition to spherical spreading is also shown for
frequencies of 1, 10, and 100 kHz.

6.4.3 Additional Losses

6.4.3.1 The Air-Water Interface
Reflection and Tra