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ABSTRACT  

Mitigating the effects of sound from man-made sources is an important component 

of marine conservation of marine mammals, fish and crustaceans. Sound travels from its 

source, through the ocean, to the animals that perceive it. Natural sounds include wind, 

waves, rain, ice, mammals, fish, and crustaceans. Man-made sounds include non-

impulsive sources such as vessels and oil rigs, and impulsive sources such as seismic 

airguns, pile driving, and sonars. To protect animals from these sounds, safe thresholds 

are defined based on animalôs hearing and the daily sound exposure level (SEL). Safe 

thresholds for impulsive sounds are about 1/10th those of non-impulsive. To mitigate the 

effects of sound on marine life we need to better quantify the properties of man-made 

sources and the differences between non-impulsive and impulsive. This thesis provides 

such information. 

It is shown that seismic arrays have more energy above 1 kHz than previously 

reported and therefore have greater effects on marine life. Sound levels from impact pile 

driving depend on strike energy, pile penetration and the angle between pile and seabed. 

These factors change the distance that must be monitored to protect marine life by a 

factor of ten. 

The daily SEL and the autocorrelation of the one-minute sound exposure are used 

to describe the acoustic environment. These metrics are used to identify environments 

with and without human sound sources and the difference between different types of 

soundscapes, especially coral reefs from all others.  

Safe thresholds for sound exposure are based on the daily impulsive and non-

impulsive SEL. Impulsive sounds change to non-impulsive-like over ranges of 

kilometers, and at some transition point they should accumulate with the non-impulsive 

SEL. Using kurtosis as a measure of impulsiveness and a proposed threshold for no 

possible injury, a new categorization of man-made sounds as impulsive or non-impulsive 

is presented that depends on the source and functional hearing group but not on range. 

This work will  inform the development of regulatory protocols to help mitigate the 

effects of man-made sound on marine life.         
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CHAPTER 1 INTRODUCTION 

Contributions of human sound sources to the marine soundscape are increasingly 

regarded as an environmental effect that we have an ability to measure and control, 

particularly with respect to recovery of endangered species or maintaining the health of 

commercial fish stocks. Measuring baseline sound levels and mitigating the effects of 

sound are important elements of the Canadian Governmentôs Ocean Protection Plan 

(https://bit.ly/2Tcqnq9). Management of noise is third on the list of actions that we can 

take to help in the recovery of north Atlantic right whales (after reducing ship strikes and 

fishing gear entanglement (https://bit.ly/2BSeUlC)). In the United States ocean noise 

management is a priority for the National Oceanic and Atmospheric Administration 

(https://cetsound.noaa.gov/road-map), including the establishment of a network of Noise 

Reference Stations (https://bit.ly/2Ec8Pkv). The European Union has identified annual 

average sound levels and the number of days with impulsive sounds as indicators of 

Good Environmental Status within the Marine Strategy Framework Directive 

(https://bit.ly/2NpksZl). In May 2018 the Global Ocean Observing System (GOOS) 

added Ocean Sound as only the second cross-disciplinary essential ocean variable (EOV) 

that observatories should measure and report (https://bit.ly/2VisS7O). 

These high-level management directives have led to increases in baseline 

monitoring programs and dedicated sound measurement campaigns, both facilitated by 

lower cost and higher performance autonomous acoustic data loggers. The programs in 

turn have led to rapid growth in the available acoustic data that needs to be processed to 

extract information from the raw data. There is a need for both standardized metrics and 

tools, and research to advance our understanding of how to collect, process, and interpret 

https://bit.ly/2Tcqnq9
https://bit.ly/2BSeUlC)
https://cetsound.noaa.gov/road-map
https://bit.ly/2Ec8Pkv
https://bit.ly/2NpksZl
https://bit.ly/2VisS7O
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marine acoustic data. Basic acoustic metrics are defined in the recent ISO Standard 18405 

(2017a), and the Atlantic Deep-water Ecosystem Observation Network (ADEON) project 

in the United States has produced a Soundscape Specification and Data Analysis 

Specification that go into more detail on what metrics to produce and how to compute 

them (https://www.adeon.unh.edu/). These initiatives provide definitions for fundamental 

measurements of sound levels, however, they do not proscribe measurement details 

relevant to studying the effects of noise on marine life such as integration times for sound 

pressure level or metrics for describing how sounds evolve from impulsive to non-

impulsive as they propagate.  

Marine sound is a source ï medium ï receiver system. We require knowledge of all 

three components to understand the operation of the whole. Of the three, we know the 

most about how sound propagates through the medium. Modeling of sound propagation 

is well understood, especially for frequencies below 1 kHz where the physical scales of 

our environmental data are within a few orders of magnitude of the soundôs wavelength 

(Jensen et al. 2011). At higher frequencies the resolution of environmental data is no 

longer sufficient, and the mediumôs effect become more probabilistic. Most energy from 

vessels, seismic surveys and pile driving is also below 1 kHz, so the analysis of the 

properties of these sound sources has also been predominantly below 1 kHz. However, 

we know that many sound receivers in the ocean, especially pinnipeds and odontocetes, 

only start hearing at 1 kHz and above (Finneran 2015b). We know very little about the 

hearing sensitivity of most other marine life in terms of absolute thresholds as a function 

of frequency (to pressure or particle motion), ability to distinguish sounds that are close 

https://www.adeon.unh.edu/
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in time or frequency, ability to localize sound sources, or their sensitivity to impulsive 

versus non-impulsive sounds (Popper et al. 2014b).   

There is a mismatch between our knowledge of the sources, medium and receivers 

in the marine sound system. This thesis provides new information on the characteristics 

of human sound sources and proposes new analysis tools and standardized methods for 

describing the sounds received by marine life. 

This thesis is organized as follows: 

¶ The remainder of this Chapter introduces the effects of sound on marine life 

and how we currently quantify them. 

¶ Chapter 2 introduces basic acoustic metrics, long range acoustic propagation 

effects and the fundamental data analysis tools employed throughout the thesis. 

¶ Chapter 3 is a detailed analysis of a 2-month long seismic survey which 

investigates the frequency content of seismic sounds as a function of distance, 

the auditory frequency weighted SEL, and how the data integration duration 

affects results. 

¶ Chapter 4 uses a linear mixed model to analyze over 27,000 impact pile driving 

strikes measured at ranges between 540 ï 9100 m to determine how sound 

levels change with distance, pile inclination, strike energy and pile penetration 

into the sediment. 

¶ Chapter 5 examines the SEL from 12 long-term data sets. The results are used 

to recommend a minimum protocol for measuring auditory frequency weighted 

SEL: a sampling rate of 64 kHz and recording for at least 1 minute every 30 

minutes. The error in the daily SEL estimates are determined by the 

autocorrelation of the one-minute sound exposures. The autocorrelation is also 

shown to provide information on whether a soundscape is affected by human 

sounds. 
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¶ Chapter 6 examines the transition of sounds from impulsive to non-impulsive 

and whether that matters. Four impulsiveness metrics are compared by 

computing their values using short-term and long-term real-world data as well 

as numerous synthetic and random data. Kurtosis is recommended as the best 

metric. It is proposed that the threshold for no possible injury is the auditory 

frequency weighted sound pressure level given by the NMFS (2018) TTS 

threshold for non-impulsive sound minus 50 dB. The Chapter concludes with a 

new categorization of sounds as impulsive or non-impulsive based on animalôs 

functional hearing groups. 

¶ Chapter 7 summarizes the results from all of the Chapters as a consistent set of 

recommendations on how to record and analyze acoustic data for assessing the 

effects of sound on marine life. 

1.1. SOUND IN THE OCEAN AND THE RESPONSES OF MARINE LIFE. 

There is a complex relationship between the oceans and human society. The oceans 

are critical to the health of our planet and humankind. Estimates of the oxygen production 

by marine phytoplankton range from 50-80% of the worldôs consumption. The 

productivity of the ocean relies on a healthy ecosystem, including the role of large 

predators (birds, whales) as nutrient recyclers (Roman et al. 2014, Doughty et al. 2016). 

Humans interact with the oceans in diverse ways. Seventeen percent of the worldôs 

human population obtain their protein from the ocean (https://bit.ly/2Gwxe84). Ninety 

percent of world trade is carried on the ocean (UN 2017), carried by an ever increasing 

fleet of merchant ships that rose from 38,000 vessels in 2010 to 55,000 in 2016. Control 

of shipping lanes has been a military priority since the days of the Roman Empire. Thirty 

percent of the worldôs oil and gas is obtained from offshore sources 

(https://bit.ly/2SM6aIx) and offshore renewable energy installations are increasing world 

https://bit.ly/2Gwxe84
https://bit.ly/2SM6aIx
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wide. Our activities in the ocean generate wastes of many types that may affect marine 

life, including sound (IMO 2014). 

Sound is everywhere in the ocean and is the most important sensory modality for 

most marine animals. The acoustic landscape, or soundscape, is the sum of sounds from 

all sources that arrives at an animal or acoustic recorder. When we analyze recorded 

sound, we characterize it with typical engineering measurements ï such as sound pressure 

levels, weighted sound exposure levels, and the type and number of detectable sources 

like ships, seismic airgun pulses and sounds from marine mammals or fish. The meaning 

of sounds to marine life depend upon their hearing capabilities, time and spatial evolution 

of the sounds, the relative contribution of each source, the direction to each source and 

how the sound has changed as it propagates through the environment (Figure 1-1; 

Jennings and Cain (2013), (NOAA 2016, Southall et al. 2019a)). A soundôs meaning also 

depends on the history of the listener with similar sounds and what the animal is 

presently doing, which makes studies of the effects of sound challenging (Ellison et al. 

2012, Hall et al. 2013).  
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Figure 1-1. Conceptual views of a soundscape A soundscape is composed of 

ósoundô ï the physical measurements of the sound field, and the óscapeô which conveys 

how all of the sound sources overlap and are perceived by the listener [Figure from 

(Jennings and Cain 2013)]. Right - Graphic representation of the multiple ocean sources 

contributing to an ocean soundscape [Figure from NOAA (2016); figure was contributed 

to Miksis et al. (2018)]  

Underwater soundscapes are dynamic -- they vary in space and time. The 

contributors to the in-air soundscape that humans are accustomed to are generally within 

several hundred meters of the listener. Underwater soundscapes are influenced not only 

by local conditions (within 1 km) but also by distant sound sources (10ôs to 100ôs of km 

away) because sounds propagate long distances in water. The natural underwater 

soundscape is composed of contributions from natural abiotic or geophysical processes 

(e.g., wind, rain, ice), as well as contributions from biological sources (e.g., sound 

produced from animal movement and vocalizations from marine mammals, fishes, and 

invertebrates (Figure 1; Pijanowski et al. 2011). In the last 200 years humans have added 

new sounds into the ocean from machine driven shipping, seismic airgun surveys, pile 

driving, oil and gas extraction and sonars. From the 1950ôs-1990ôs ship sound increased 

by 3 dB / decade then became steady (Andrew et al. 2011). The development of seismic 
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airgun arrays to survey search for oil and gas below the seabed has created a new low 

frequency sound source throughout the worldôs oceans (Nieukirk et al. 2012, Nowacek et 

al. 2015).  

Man-made sound sources in the soundscape can affect marine life that generates 

sounds or listens in the same frequency bands. Sounds that are ecologically relevant to 

marine animals include conspecific calls, predator and prey sounds, natural sounds like 

surf used for orientation, and echolocation calls from odontocetes (Clark et al. 2009). It is 

well known that marine mammals use sound for foraging and navigation (Payne and 

Webb 1971, Au et al. 1974, Madsen et al. 2004), social communications (e.g. Whitehead 

and Rendell 2014), mother-calf bonding (Dombroski et al. 2016), and mating displays 

(Payne and McVay 1971). All fish and sea turtles have hearing organs and all individuals 

measured to date respond to sound in some way (Popper et al. 2014b). There have been 

multiple evolutions of sound production for courtship and agonistic displays in fish 

(Parmentier et al. 2017) which implies a significant advantage is gained by being able to 

produce sound. Reef fish are know to select or avoid settlement areas based on sound 

(Parmentier et al. 2015), and it appears that both coral and fish larvae use the intensity 

and transient content of the soundscape to select settlement locations (Vermeij et al. 

2010, Piercy et al. 2016). This shows that sound is important to these species at all life 

stages. Invertebrates also produce and perceive sound. Oysters have a valve closing 

response to sound (Charifi et al. 2017) as do scallops, which also make  distinctive 

ócoughô sound associated with clearing sediment from their valves (Di Iorio et al. 2012). 

Snapping shrimp generate bubbles by rapid movement of their claws that are believed to 

be used for signalling and hunting. These sounds vary widely in space and time 
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(Lammers et al. 2006). Lobsters and many other crustaceans sense sound and generate 

sounds which are believed to be associated with mating (Pye and Watson 2004) 

Short and long term studies of passive acoustic data in conjunction with 

observation of marine life behaviour have shown a wide range of impacts from human 

activities on marine life including: diversion of migrating of bowhead whales around 

seismic surveys (Richardson et al. 1999); a change in bowhead whale calling rates in 

response to seismic surveys (Blackwell et al. 2015); porpoise avoiding areas within 20 

km of impact pile driving (Tougaard et al. 2009, Brandt et al. 2016); stress hormones 

dropping in right whales when shipping was reduced after 9/11 (Rolland et al. 2012); 

small boat sound affecting the settlement of larvae fish (Simpson et al. 2016), affecting 

fishes orientation responses (Holles et al. 2013) and increasing fish cortisol (stress) levels 

(Spiga et al. 2012); seismic survey sound affecting scallops and lobsters months after 

exposure (Day et al. 2016); alarm and startle reactions in fish and squid to seismic 

surveys (Fewtrell and McCauley 2012); possible mortality of zooplankton exposed to 

seismic surveys (McCauley et al. 2017); a wide variety of responses by benthic animals 

to substrate borne vibrations (Roberts and Elliott 2017); beaked whales responding and 

stranding to naval sonars (D'Amico et al. 2009, Tyack et al. 2011, Deruiter et al. 2013); 

blue whales changing behaviour and calling patterns when exposed to naval sonars 

(Melcon et al. 2012, Goldbogen et al. 2013) or seismic surveys (Di Iorio and Clark 2010); 

vessel sound restricting the communication space for baleen whales (Hatch et al. 2012); 

pile driving sounds injuring fish (Halvorsen et al. 2012a, Casper et al. 2013); blue 

mussels changing their metabolic state when exposed to pile driving (Spiga et al. 2016); 
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and a marked difference in beaked whale echolocation clicks in the presence of vessels 

with echosounders running (Cholewiak et al. 2017).  

The Population Consequences of Acoustic Disturbance (PCAD) model was 

developed to provide a framework for understanding what happens when human sounds 

interfere with animalsô lifecycle functions (NRC 2005). To complete PCAD models we 

require information on existing population sizes, fecundity, mortality and feeding rates, 

the sound sources, the behavioural effects that result from exposure, and the 

consequences of changes to these factors. Obtaining this breadth of information is a 

challenge, even for better understood mammal populations such as the North Atlantic 

right whales and Southern resident killer whales (https://bit.ly/2T0AdLJ). Adding to the 

complexity of modeling population consequences of acoustic effects are other stressors to 

mammal populations, which led to the more general Populations Consequences of 

Disturbance model (PCoD, Harwood et al. 2014, King et al. 2015). Extensive research is 

still required on the effects of disturbing migrations, foraging, mating, and predator-prey 

detection to serve as inputs to the models. There is sufficient evidence in place now to 

recommend measures to mitigate auditory injury to marine mammals but not most other 

marine life. 

1.2. QUANTIFYING THE EFFECTS OF SOUND 

The effects of sound on humans and animals has traditionally been visualized as a 

series of four zones or concentric rings around the sound source (Figure 1-2). In Zone 1 

the sound exposure leads to barotrauma injury (for examples see Halvorsen et al. 2012b) 

or permanent threshold shift (PTS) meaning that hearing is damaged and does not 

https://bit.ly/2T0AdLJ
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recover. In Zone 2 the sound exposure causes a temporary threshold shift (TTS) where 

hearing recovers from after some period of time (e.g. the morning after a rock concert). In 

Zone 3 the sound source masks the ability of an animal to hear other sounds of 

importance which may also impact their fitness, such as sounds of predators or prey, 

environmental cues for navigation or homing, and conspecifics for mating, socializing or 

schooling. In Zone 4 the sound is still audible and may evoke a behavioural response (e.g. 

orientation, movement) or physiological response (e.g. stress hormones). The areas of 

Zones 1 and 2 are generally small (radii on the order of 50 ï 5000 m for Zone 2), and thus 

only affect individuals of a population for short periods of time. The masking area (Zone 

3) is much larger, with radii up to 100ôs of km for seismic surveys and exposures that 

may last for months. Thus Zone 3 is likely where the greatest effects on marine life occur. 

The significance of masking is difficult to quantify since the importance of 

communications for critical life functions are unknown in most cases, and we have 

limited ecological understanding of animalsô ability to compensate for masking through 

adaptive strategies (Branstetter et al. 2016, Erbe et al. 2016). 

The zone-view of the effects of noise does not accurately reflect the complexity of 

auditory injury or impairment and the choices animals make to accept sound exposure for 

other advantages such as feeding or mating (Ellison et al. 2012). When animals make the 

choice not to respond to noise, they can stay in an area where very long sound exposures 

result in auditory injury and impairment, and thus Zone 2 may be larger than Zone 4 

(Hawkins and Popper 2017). Similarly, a rapid behavioral responses to sound can cause 

animals to rapidly leave an area, which could result in dangerously rapid depth changes 
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(Jepson et al. 2003, Blix et al. 2013) or entering an area that results in stranding (Cox et 

al. 2006); in this manner Zone 4 can become Zone 1.  

Regulations that specify a maximum value for biologically relevant indicator are 

often imposed on human activities to minimize injury to marine mammals and other 

endangered marine life (Erbe 2013). Early marine sound mitigation regulations were 

based upon keeping the sound pressure level below the level associated with measured 

injuries to the hearing of marine life (NMFS 1995, NOAA 1998, FHWG 2008).  

Evidence has since demonstrated that the total sound exposure level and the peak sound 

pressure levels are better indicators of injury than the sound pressure level (Southall et al. 

2007, Popper et al. 2014b). Peak sound pressure level is associated with immediate 

physiological or auditory injury from extremely high amplitude sounds that typically 

occur within very close proximity to a sound source. Injuries and impairment associated 

sound exposure level are due to long-term exposure to high intensity sounds. These 

injuries and impairments are far more likely to impact a greater number of individuals 

over a larger spatial area than might be expected from injury associated with peak sound 

pressure level. As noted above the area over which injury occurs are much smaller than 

the area over which effects from masking could occur. 
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Figure 1-2. General principles of sound exposure. (after Dooling et al. (2015))  

The sound exposure level (SEL) is a key acoustic metric considered in this thesis 

because it is the predictor of auditory injury and impairment. SEL is defined as 10 times 

the logarithm (base 10) of the integral of the squared sound pressure over some period of 

time, T, normalized by a reference squared pressure po
2 and reference time To: 

ὒȟ ρπÌÏÇ ᷿ὴ ὸὨὸ. 1-1 

where To is normally 1 second and po is 1 µPa, so that the units of LE,T are dB re 1 µPa²·s. 

In the far field of an acoustic source, pressure is equal to the particle motion (U), divided 

by the characteristic impedance of the fluid (ɟc), and therefore the integral of p2(t) is 

proportional to the sound intensity (pU), which has units of W/m2. If we integrate the 

sound intensity over time, we obtain energy, and therefore LE,T is used as a representation 
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of the sound energy in an acoustic event. By integrating over multiple events we can 

obtain the total energy of those events.  

The equal energy hypothesis (Eldred et al. 1955) states that an equal amount of 

energy (i.e. the same SEL) will have the same impact on hearing regardless of how long 

it takes to accumulate; i.e. a 190 dB re 1 µPa²·s SEL sound exposure will have the same 

effect whether the sound pressure level is 190 dB re 1 µPa for 1 s or 160 dB re 1 µPa for 

1000 s. The equal energy hypothesis has proven to be a powerful approach for 

quantifying sound exposure, however, there are also well known limits to itôs validity 

(Finneran 2015a). For instance, long periods between impulsive sounds allow some 

animals to partially recover hearing (Ward 1997), sounds below a certain threshold are 

often treated as óeffective quietô and should not be accumulated (Stadler and Woodbury 

2009), and for some animals sounds that are too short do not cause the same effects as 

longer but quieter sounds (Smith and R. Gilley 2008).  

The fundamentals of hearing are the same for marine and terrestrial mammals in 

that sounds entering the inner ear are transformed into neuronal signals by hair cells on 

the basilar membrane. The stiffness and thickness of the membrane changes along its 

length which changes the frequency response of the hair cells from the membraneôs base 

to its apex. Mammals hear sounds at different frequencies when the nerves associated 

with the hair cells that respond at those frequencies are stimulated. Noise induced hearing 

loss occurs when the hair cells or their connecting nerves are physiologically or 

physically impacted by loud sounds which leads to a shift in hearing thresholds. This can 

occur across a wide frequency range when exposed to a broadband impulse or only over a 
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narrower frequency range when exposed to an intense tonal signal. In cases of TTS the 

damage is recoverable, but more severe damage may lead to hair or nerve cell death and 

PTS (Le et al. 2017). Sounds below the threshold of effective quiet do not induce any 

physiological or neurological effects. 

The fundamentals of hearing in fish and sea turtles are different than in mammals. 

The inner ears of all vertebrates contain otolith organs where bony respond with a lower 

amplitude and different phase to accelerations which allow the animals (including 

humans) to sense physical accelerations and gravity. In the case of fish, the otoliths are 

also sensitive to the acceleration from passing sound waves (Popper et al. 2014b). Fish 

hearing sensitivity is affected by the relationship between a fishes swimbladder and the 

inner ear. If the swimbladder is involved in hearing it acts as a transformer that converts 

the pressure fluctuations from sound waves into larger amplitude particle motions sensed 

by the otoliths which provides a higher sensitivity to sound (Sand and Hawkins 1973). 

Since there are many morphologies of swimbladders in different groups of fish, there is 

also a wide spectrum of hearing capabilities from groups that are only being sensitive to 

particle accelerations to groups that have low frequency hearing that is more sensitive 

than many marine mammals (as discussed below).  

Hearing mechanisms in invertebrate marine life are more poorly understood. 

Decapod crustaceans have statocyst organs that allow the animals to sense acceleration 

and gravity in a manner similar to the otoliths in vertebrates. The statocysts are likely also 

sensitive to accelerations from sound waves, however, only at very high intensities 

(Popper et al. 2001). Some crustacean species also have chordontal organs that can 
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respond to movement of the appendages or exoskeleton which in turn may allow them to 

sense the substrate vibrations or particle accelerations associated with sound waves close 

to the source (Edmonds et al. 2016). Cephalods also have statocysts and sensory cells on 

their skins that are sensitive to particle acceleration (André et al. 2016, Samson et al. 

2016).  

Mammals, including marine mammals, respond differently to non-impulsive 

sources of human sound, such as ships, compared to impulsive sound sources such as pile 

driving and seismic airgun surveys (Southall et al. 2019b). For the purposes of noise-

induced hearing loss, impulsive sources are characterized by being broadband, short (< 1 

second) and having a high peak pressures and short rise times ([NIOSH] National 

Institute for Occupational Safety and Health 1998, Southall et al. 2019b). The hearing of 

mammals is more sensitive to the rapid variations of impulsive sound than non-impulsive 

sounds. The rate of impulses is also critical to their impacts ï impulses that are 100 ms ï 

10 s apart cause more damage than those closer together than 100 ms, or farther apart 

than 30 s (Erdreich 1986, Henderson and Hamernik 1986). Impulses presented during 

high levels of non-impulsive sound tend to cause higher levels of injury than either the 

impulses or non-impulsive sound on their own (Hamernik et al. 1974, Henderson and 

Hamernik 1986). In the marine environment impulsive sounds include impact pile driving 

and seismic airgun arrays. Sonar pulses from Naval vessels, which stimulated extensive  

research into the effects of sound on marine life, are typically grouped with the non-

impulsive sources due to their narrowband nature (NOAA 2001, NMFS 2018, Southall et 

al. 2019b), but were considered impulsive when reviewed by the European Union Task 

Group on Noise (Van der Graaf et al. 2012).  
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One of the differences in the effects of impulsive and non-impulsive sounds on 

hearing relates to how humans and other animals protect themselves from loud sounds. 

Terrestrial mammals have evolved mechanisms to protect their hearing from loud sound 

exposures, including tightening of the middle ear (Hung and Dallos 1972) and neural 

attenuation (Suga and Shimozawa 1974). Within the marine mammals we have some 

understanding of the hearing mechanisms of toothed whales (odontocetes), but virtually 

none about the large whales (mysticetes). Many odontocete species have a sophisticated 

óautomatic gain controlô for detecting echoes in the presence of their outgoing 

echolocation pulses and those of other members of their group (Nachtigall and Supin 

2008). They are able to learn to attenuate their hearing if a warning sound is received up 

to 30 seconds prior to a loud sound (Nachtigall et al. 2018). For all mammals if there is 

no warning of loud sounds the inner ear receives the full energy of impulsive sounds 

which leads to increased damage compared to non-impulsive sounds at the same energy 

(Akay 1978, Finneran 2015b). For terrestrial mammals impulses at a rate of 1 per second 

are particularly damaging since the acoustic reflex generally relaxes after 1 second, and 

all impulses arriving at the inner ear have maximum effect (Ward 1962, Buck et al. 1984, 

Danielson et al. 1991a). 

The ability of an animal to hear a sound is an important component of 

understanding its possible effects. The frequencies that mammals are able to hear is 

related to the dimensions of the basilar membrane. Hearing sensitivity is measured using 

an audiogram that depicts the relationship of the lowest amplitude sound an animal can 

hear as a function of frequency. Figure  1-3 shows a number of fish and marine mammal 

audiograms. Gadiforms (e.g. cod) are examples of fish whose swim bladders involved in 
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their hearing which allows them to sense acoustic pressure at relatively low levels. 

Salmonids (salmon, trout) are examples of fish with less developed pressure sensitive 

hearing structures. Many other types of marine taxa (e.g. the squid and mud crab in 

Figure  1-3) have limited sensitivity to acoustic pressure and only sense sound very close 

to the source where the sound field also has a substantial particle motion component 

(Popper et al. 2018). The marine mammals have much more sensitive hearing than most 

other marine life (lower minimum values in Figure  1-3), and significant differences 

between the species groups. Many of the groups are less sensitive to frequencies below 

200 Hz than the gadiforms and salmonids  
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Figure  1-3. Examples of audiograms. References: Marine Mammals (LF-

Cetaceans, MF-Cetaceans, HF-Cetaceans, Phocid and Otariid Seals): Southall et al. 

(2019b); Gadiforms and Salmonids - Ladich and Fay (2013); Loggerhead sea turtle - 

Martin et al. (2012b); Leatherback sea turtle ï Eckert (2012); Mud crab - Hughes et al. 

(2014); Longfin Squid - Mooney et al. (2010).   

The hearing sensitivity of an animal group is accounted for when computing the 

SEL by first applying an auditory frequency weighting function - for human hearing we 

use the óA-weightingô (NIOSH 1998). The function is an inversion of the audiogram, 

normalized so that it has a gain of zero at the frequencies of peak sensitivity. Finneran 

(2016), analyzed existing audiogram data and other inputs to develop auditory weighting 

functions that represent our understanding of the hearing capabilities of marine mammals 

(Figure 1-4, the sixth group, sirenians, are not shown nor are the sensitivities of seals in-
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air). In order to assess the significance of the auditory frequency weighted SEL, they 

must be compared to the appropriate thresholds (Tougaard et al. 2015). The auditory 

frequency weighting functions and numeric thresholds from Finneran (2016) that were 

incorporated into NMFS (2018) are contained in Table 1-1. The PTS thresholds non-

impulsive and impulsive sounds are different, with the impulsive thresholds 13 ï 18 dB 

below those for non-impulsive sounds. The audiograms and thresholds were subsequently 

published in Southall et al. (2019b), with additional updates to the names of the marine 

mammal hearing groups. The Southall et al. (2019b) group names are generally used 

throughout this thesis. 
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Figure 1-4. The Finneran (2016) marine mammal hearing group auditory weighting 

functions. Low frequency cetaceans include the large baleen whales (e.g. blue, fin and 

humpback whales). Mid-frequency cetaceans are the dolphins as well as sperm and 

beaked whales that whistle and echolocate in the band of ~1000 ï 80000 Hz. High-

frequency cetaceans are the dolphins, sperm whales (kogia spp) and porpoises that 

echolocate in the range of 120 kHz. Otariid seals are sea lions and fur seals, while phocid 

seals are considered ótrueô seals. Equations for the curves are provided in Table 1-1.  
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Table 1-1. Summary of weighting function parameters and TTS/PTS thresholds. 

SEL thresholds are in dB re 1 ɛPa2·s and peak sound pressure level thresholds are in dB 

re 1 ɛPa (Table AE-1 from NMFS (2018)). The SEL is accumulated over 24 hours. See 

Tougaard and Beedholm (2019) for an example of how to compute and apply the 

weighting functions. The MF group was renamed HF, and the HF group named VHF in 

Southall et al. (2019b).  

 

Projects that are expected to generate sounds exceeding the PTS thresholds at 

required to mitigate possible effects on marine life. Project proponents use acoustic 

propagation modeling to estimate the isopleth distance where the 24-hour SEL exceeds 

the PTS threshold. They must visually and/or acoustically monitor the area around the 

activity and shut down the operation if a protected animal enters that area (Zone 1 in 

Figure 1-2). Since the impulsive thresholds are 13-18 dB lower than the thresholds for 

non-impulsive sounds, an accurate understanding of the nature of impulsive sounds, their 

attenuation with range from the source and their effects on hearing are important to 

properly mitigate the effects of offshore activities.  

The thresholds shown in Table 1-1 are based on many extrapolations and expert 

opinions. Two important issues  identified for research on marine mammals are 1) 

measuring the hearing of low frequency cetaceans and 2) determining the range from an 
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impulsive source at which the waveforms no longer have the characteristics that make 

them more damaging than a non-impulsive sound. More work is needed to improve our 

understanding of the effects of sound on fish and invertebrates. For these groups we need 

to develop auditory frequency weighting functions, determine the responses of different 

groups to human sounds, and understand the differences in response between impulsive 

and non-impulsive sounds. Thus, the study of human impulsive sources in real-world 

conditions is important for improving our ability to predict and mitigate injury to marine 

life from four human activities that occur worldwide ï shipping, sonars and 

echosounders, seismic airgun surveys and impact pile driving for marine construction. 

1.3. QUESTIONS ADDRESSED BY THIS THESIS. 

This thesis analyzes data from impulsive and non-impulsive sound sources 

recorded in the open ocean in order to provide practical guidance on how to measure and 

quantify the SEL and assess the possible effects on marine life. The specific questions 

addressed are: 

1. How do the unweighted and auditory frequency weighted SEL from seismic 

airgun surveys and impact pile driving change with distance from the source?  

2. What are the recommended recording protocols for measuring the weighted 

SEL in terms of the hydrophone sensitivities, sampling rate and duty cycle. 

How does duty cycling affect the uncertainty in daily SEL estimates? 

3. How do impulsive sounds transition to being non-impulsive for the purposes of 

accumulating SEL? Is there an objective measure that may be used to 

distinguish impulsive from non-impulsive sounds? Is there a practical threshold, 

similar to effective quiet, below which auditory injury or impairment does not 

need to be considered? 
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CHAPTER 2 BACKGROUND CONCEPTS  

This Chapter introduces key terms, metrics, concepts and algorithms that are 

employed throughout the remainder of the thesis. For most applications noise is defined 

as any signal that interferes with a signal of interest, which implies noise is undesirable. 

From the point of view of a right whale, snapping shrimp, vessel and humpback whale 

sounds are noise, while other right whales and killer whale sounds are signal. To seismic 

exploration companies, airguns generate sounds of interest, while rain, wind and 

mammals are noise. To deal with this perception bias, the convention used throughout 

this thesis is the use of the ósoundô to describe acoustic perturbations generated by 

geologic, biologic or anthropogenic sources. óNoiseô is reserved for acoustic 

perturbations that interfere with detection of all sounds. Thus, noise includes acoustic 

perturbations generated by flow around a hydrophone, movement of a hydrophone, 

contact of a hydrophone by sediment or animals as well as self-noise of a hydrophone-

recorder system.  

2.1. ACOUSTIC METRICS 

2.1.1. Basic Metrics 

This thesis uses the symbols and definitions for acoustic metrics from ISO standard 

18405 (ISO 2017a). An important element of the standard is the distinction between field 

quantities, such as sound pressure, and level quantities that are 10 times the logarithm of 

the field quantity, i.e. sound pressure level.  

Definitions of the metrics employed in this thesis are provided in Table 2-1. The 

most important metrics employed in this analysis are: 
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¶ peak sound pressure level (Lp,pk) (note that the term peak SPL is deprecated). 

¶ sound pressure level over an averaging duration T (Lp,T), which may be referred to 

as the SPL; 

¶ sound exposure level over some period T (LE,T), which may be referred to as the 

SEL; and 

¶ weighted sound exposure levels (LE,W,T) where óWô is a frequency band or 

frequency weighting function. The frequency bands employed are the decidecade 

bands (see Section 2.1.2) and the marine mammal functional hearing group 

auditory frequency filters. 

¶ Kurtosis which is a measure of the impulsiveness of a time series. 

 

Table 2-1. Definition of acoustic metrics used in this thesis. 

Metric Definition Units 

Peak Sound 

Pressure Level 

(Lp,pk) 

 Ten times the logarithm of the ratio of the maximum 

instantaneous sound pressure level in a stated frequency 

band attained by an acoustic pressure signal, p(t) to the 

reference value, p0
2 (normally 1 µPa2) 

ρπÌÏÇ
ρ

ὴ
ÍÁØὴ ὸ  

Note that Lp,pk is a poor indicator of a soundôs loudness 

because the peak signal duration is often very short. The 

sound exposure level is a better indicator of loudness. 

dB re 1 µPa² 

Peak-to-peak 

sound pressure 

level (Lp,pk-pk) 

Ten times the logarithm of the ratio of the difference 

between the maximum and minimum instantaneous sound 

pressure values in a stated frequency band over the 

duration of a signal of interest p(t) to the reference value, 

p0
2, (normally 1 µPa2): 

  

dB re 1 µPa² 

Sound pressure 

level (SPL or Lp,  

Lp,T) 

Ten times the logarithm of the ratio of the mean-square 

pressure level in a stated frequency band over a time 

window (T) containing the acoustic event to a reference 

value, p0
2: (normally 1 µPa2) 

 ρπÌÏÇ ᷿ Ὠὸ 

dB re 1 µPa² 
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Metric Definition Units 

Sound exposure 

level (SEL, LE,T) 

The sound exposure level is ten times the logarithm of the 

ratio of the time-integral of the squared pressure over the 

analysis duration (T), to the reference time T0 (normally 1 

s) and reference square pressure value p0
2 (normally 1 

µPa2) 

ὒȟ ρπÌÏÇ
ρ

Ὕὴ
ὴ ὸὨὸ 

where T0 is a reference time interval of 1 s. The SEL 

represents the total acoustic energy received at some 

location during an acoustic event. 

dB re 1 µPa2·s 

Weighted sound 

exposure level 

(LE,W,T) 

The sound exposure level computed over a time window T 

using a frequency weighted spectrum: 

 ὒȟȟ ρπÌÏÇ В ᷿ ὡ ὪὛὪὨὪ
Ⱦ

      

where W(f) is the frequency dependent auditory filter 

function and St(f) is the power spectral density of p(t) over 

a period of ótFFTô seconds. The total period óTô is normally 

divided into equal sized blocks of duration ótFFTô. 

dB re 1 µPa2·s 

Mean-square 

sound pressure 

spectral density 

level, Lp,f,t 

Ten times the logarithm of the ratio of the distribution as a 

function of non-negative frequency of the mean-square 

sound pressure per unit 

bandwidth of a sound having a continuous spectrum, to the 

reference square pressure value p0
2 (normally 1 µPa2) : 

ρπÌÏÇ
ὛὪ

ὴ
 

dB re 1 µPa2/Hz 

   

Kurtosis, ɓ 

The fourth moment of a time series divided by the square 

of the second moment: 

‍ Ȣ;  

‘
ρ

ὸ ὸ
ὴὸ ὴӶȠ 

‘
ρ

ὸ ὸ
ὴὸ ὴӶȟ 

 

Dimensionless 

Skewness, ɔ 

The third moment of a time series divided by the second 

moment to the power of 3/2. 

‎
ρ

ὸ ὸ
ὴὸ ὴӶȾ

ρ

ὸ ὸ
ὴὸ ὴӶ

Ⱦ

 

Dimensionless 

Crest Factor 

Difference, in dB, between the peak sound pressure level 

and the sound pressure level averaged over some specified 

period of time. 

dB 
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Metric Definition Units 

Harris Impulse 

Factor 

Difference between the Impulse-time weighted SPL and 

slow-time weighted SPL (see Harris (1998), (IEC 2004)) 
dB 

 

2.1.2. Metrics Related to Frequency 

The distribution of a soundôs power with frequency is described by its spectrum 

which is the absolute value of the Fourier transform of the soundôs time series. The sound 

spectrum is split into of adjacent frequency bands whose width depends on the duration 

of the time series input to the Fourier transform (there are many excellent texts on Fourier 

Analysis; here I suggest Au and Hastings 2008 Principles of Marine Bioacoustics, 

Chapter 6, since this text also has chapters on hearing, use and production of sound by 

marine life and other background information relevant to the thesis subject matter.). 

When using 1-second of input data, the spectrum has 1 Hz wide bands, which yields an 

estimate of the power spectral density level of the sound (Welch 1967). It is common to 

overlap the data input to successive Fourier transforms by 50%, then average 120 of the 

resulting spectra to obtain the per-minute average power spectral density. These values 

directly compare to the Wenz curves, which represent typical deep ocean sound levels 

(Figure 2-1, (Wenz 1962)). Wenz averaged spectra over 200 seconds, and to be strictly 

comparable current projects should use the same duration, however, it has become 

common practice to use 1-minute durations since the results are very similar and many 

long-term autonomous recording programs have continuous data blocks shorter than 200 

seconds.  
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Figure 2-1. Wenz curves (NRC 2003), adapted from Wenz (1962), describing 

power spectral density levels of marine ambient sound from weather, wind, geologic 

activity, and commercial shipping. 

In general mammals perceive exponential increases in frequency rather than linear 

increases (Scharf 1970, Saunders et al. 1979). Therefore, splitting the spectrum into 1 Hz 

bands is not representative of how mammals perceive sound; rather analyzing a sound 

spectrum with bands that increase exponentially in size gives data that are more 

meaningful. In underwater acoustics, a spectrum is commonly split into bands that are 

1/10th of a decade where each decade represents a 10-fold increase in frequency. The 

centre frequency of the i th decidecade band, fc( i ), is defined as 

 ὪὭ ρπȾ , (2-1) 
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and the low ( f lo) and high ( fhi) frequency limits of the i th decidecade-band are defined 

as: 

 Ὢ ὪὭϽρπȾ  and Ὢ ὪὭϽρπȾ  . (2-2) 

This definition is the same as the ANSI definition for 1/3-octave-bands (base 10) 

(ISO 2017a, ANSI S1.1-1994 R2004). The decidecade bands become wider with 

increasing frequency, and on a logarithmic scale the bands appear equally spaced 

(Figure 2-2). The decidecade band limits and centre frequencies from 10 to 250000 Hz 

are contained in Table 2-2. 

 

Figure 2-2. Decidecade bands shown on a linear frequency scale (top) and on a 

logarithmic scale (bottom).  

Table 2-2. Decidecade low, centre, high and nominal centre frequencies from 10 to 

250000 Hz. 

Lower bound (Hz) Centre frequency (Hz) Upper bound (Hz) Nominal centre frequency  

8.91 10 11.22 10 Hz 

11.22 12.59 14.13 12.5 Hz 

14.13 15.85 17.78 16 Hz 

17.78 19.95 22.39 20 Hz 

22.39 25.12 28.18 25 Hz 

28.18 31.62 35.48 32 Hz 

35.48 39.81 44.67 40 Hz 

44.67 50.12 56.23 50 Hz 

56.23 63.10 70.79 63 Hz 
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Lower bound (Hz) Centre frequency (Hz) Upper bound (Hz) Nominal centre frequency  

70.79 79.43 89.13 80 Hz 

89.13 100 112.2 100 Hz 

112.2 125.9 141.3 125 Hz 

141.3 158.5 177.8 160 Hz 

177.8 199.5 223.9 200 Hz 

223.9 251.2 281.8 250 Hz 

281.8 316.2 354.8 315 Hz 

354.8 398.1 446.7 400 Hz 

446.7 501.2 562.3 500 Hz 

562.3 631.0 707.9 630 Hz 

707.9 794.3 891.3 800 Hz 

891.3 1000 1122 1 kHz 

1122 1259 1413 1.25 kHz 

1413 1585 1778 1.6 kHz 

1778 1995 2239 2 kHz 

2239 2512 2818 2.5 kHz 

2818 3162 3548 3.15 kHz 

3548 3981 4467 4 kHz 

4467 5012 5623 5 kHz 

5623 6310 7079 6.3 kHz 

7079 7943 8913 8 kHz 

8913 10000 11220 10 kHz 

11220 12589 14125 12.5 kHz 

14125 15844 17783 16 kHz 

17783 19953 22387 20 kHz 

22387 25119 28184 25 kHz 

28184 31623 35481 31.5 kHz 

35481 39811 44668 40 kHz 

44668 50119 56234 50 kHz 

56234 63096 70795 63 kHz 

70795 79433 89125 80 kHz 

89125 100000 112202 100 kHz 

112202 125893 141254 125 kHz 
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Lower bound (Hz) Centre frequency (Hz) Upper bound (Hz) Nominal centre frequency  

141254 158489 177828 160 kHz 

177828 199526 223872 200 kHz 

223872 251189 281838 250 kHz 

 

The sound pressure level in the i th decidecade-band Lp,ddec i,T is computed from the 

power spectrum S( f ) between f lo and fhi: 

ὒȟ  ȟ ρπÌÏÇ
ρ

Ὕ
ὛὪὨὪȾὴ  

2-3 

where T is the duration of time used to compute the power spectrum S(f). Summing the 

decidecade band sound pressure level of all the decidecade bands yields the broadband 

sound pressure level:  

ὄὶέὥὨὦὥὲὨ ὛὖὒρπÌÏÇВρπȟ  ȟϳ . 2-4 

The SPL in a band is equal to the average power spectral density level plus 

10·log10(bandwidth): 

ὒȟ ȟ ὒȟ ȟ ρπÌÏÇὪς Ὢρ. 2-5 

For example, the SPL from a 10000 Hz bandwidth is 40 dB higher than the average 

spectral density in that band. We observe this effect often when comparing decidecade 

band levels that increase or remain flat as frequency increases while the power spectral 

density in the same frequency range decreases rapidly (e.g. Figure 2-3).  
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Figure 2-3. Comparison of decidecade band levels (top) to the power spectral 

density levels (bottom) from a one week recording in a sheltered bay off Nova Scotia in 

February 2013. The figures include representations of the exceedance percentiles, i.e., L5 

is the sound level exceeded by 5% of the data. LWenz are the limits of prevailing noise 

from (Wenz 1962). 

2.2. ACOUSTIC PROPAGATION EFFECTS 

A key question in the study of underwater sound is the nature of the sound that is 

received some distance from its source. Understanding and modeling sound propagation 

in the ocean is a complex topic that is the subject of numerous textbooks (e.g. Kinsler et 

al. 2000, Jensen et al. 2011) and the subject of active research at centers around the globe, 

including Dalhousie. This section provides a descriptive overview of key sound 

propagation concepts for readers unfamiliar with the subject. These concepts are integral 

to interpreting the transformation of the sounds emitted by a source to those received 

some distance away. The sounds are transformed by 1) geometric spreading and 
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dispersion, 2) reflection, scattering and absorption at the seabed and surface, 3) refraction 

due to changes in sound speed and 4) absorption in sea water. These concepts are 

introduced in this section.  

As a general rule, higher frequencies are more affected by propagation effects and 

travel shorter distances than low frequencies. At one extreme, the echolocation clicks of 

porpoise at 130 kHz only travel 500 m before becoming inaudible (Au et al. 1999). At the 

other extreme, sounds from fin whales (20 Hz) and low frequency energy from seismic 

airguns (5-100 Hz) can be detected thousands of kilometers away under the right 

conditions (Nieukirk et al. 2012)  

Geometric Spreading Losses: Sound levels from an omnidirectional point source in 

the water column are reduced with range, a process known as geometric spreading. 

Before the sound emanating from the point source reaches the seabed or sea surface 

boundaries, the waves propagate spherically. In this case, the received levels at a recorder 

located a distance R from the source are 20log10R dB lower than the levels measured at 

1 m from the source. Once the waves interact with the sea surface and seabed, spreading 

is limited to the cylinder formed by the surface and seabed with a lower range-dependent 

decay of 10log10R dB. Water depth is a key factor in predicting sound levels. Spherical 

and cylindrical spreading factors provide limits for quick assessment of the expected 

levels from a given source (Jensen et al. 2011). In shallow waters (<200 m) after the 

sound has travelled several water depths by cylindrical spreading, the sound enters the 

ómode-strippingô region where higher order modes of the propagating sound no longer 

travel efficiently and the change in sound levels with range is approximately 15log10R 
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(Ainslie et al. 2014a). Over longer ranges in shallow water, dispersion causes the time of 

arrival of sounds to spread as different frequencies and modes arrive at different times. 

For very shallow waters sound can not propagate at all if the water depth is less than a 

quarter of a wavelength (Urick 1983).  

Absorption, Reflection and Scattering at the sea surface and seabed: If geometric 

spreading were the only factor governing sound attenuation in water, sound levels in 

shallow waters would almost always be higher than those in deep waters at the same 

range from the source. However, in shallow water the sound interacts more often with the 

seabed and sea surface than sound travelling in deep waters and these interactions reflect, 

absorb and scatter the sounds. The sea surface is a pressure release boundary, which 

means that pressure at the surface must be zero. As a result, the sound must be 

completely reflected at the surface and have the opposite phase as the incident sound so 

that the sum of the two sounds at the surface is zero. At the seabed there are many 

possible types of interactions depending on the composition of the bottom. Soft silt and 

clay bottoms absorb sound, sand and gravel bottoms tend to reflect sound like a partially 

reflective mirror, and some hard yet elastic bottoms such as limestone reflect the sound 

but also absorb some of the energy by converting the pressure waves to shear waves that 

propagate perpendicular to the original sound wave. In the Arctic the ice cover is also an 

elastic boundary layer that reflects and absorbs sound through shear conversion.  

The angle of reflection equals the angle of incidence which is measured from the 

perpendicular to the surface. The effective perpendicular to the surface depends on the 

similarity of the soundôs wavelength to the roughness of the surface. As the frequency 
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goes up the wavelength decreases and smaller changes in the surface shape become 

important. When the wavelength is equal to or smaller than the undulations in the seabed 

and sea surface the sound to reflects in random directions, which is also referred to as 

scattering. This effect reduces the sound that arrives at a receiver at longer ranges in 

shallow water. Thus, predicting the sound levels that propagate over several water depths 

requires a knowledge of the bottom shape and composition, the surface roughness and the 

soundôs wavelength. 

Refraction due to sound speed changes: As a rule of thumb, sound is ólazyô: It 

wants to travel at the slowest possible speed. When the sound speed changes with depth, 

which it almost always does, the sound refracts toward the depth with the lowest sound 

speed, which can result in sound being trapped in a óductô and travelling very long 

distances with minimal attenuation. Conversely, in conditions where the sound speed 

decreases with depth, sound is refracted towards the seabed and may not reach an 

intended receiver. The sound speed is a function of the temperature, salinity and pressure 

(depth). Colder and fresher water has a lower sound speed and conversely warmer and 

saltier water has a higher sound speed. As the water depth increases the pressure 

increases the water density slightly, which increases the sound speed (Jensen et al. 2011). 

These effects combine with environmental forces such as solar heating, wind mixing, and 

currents to constantly affect the sound speed in the upper 500 m of the water column 

which has daily variations around typical seasonal means (Figure 2-4). The ability of a 

minimum in the sound speed profile to ótrapô sound depends on the magnitude of the 

sound speed change at the minimum, the vertical height of the minimum and the soundôs 

wavelength. Ducts must be several times larger than the wavelength for effective trapping 
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of sound (Etter 1996). A corollary of this effect is that higher frequencies are refracted 

more readily by sound speed changes than lower frequencies that have longer 

wavelengths. It is also possible for the sound speed to change with horizontal location, 

which leads to three-dimensional refraction of sound, however, this is far less common 

than refraction due to sound speed changes with depth.  

 

 

Figure 2-4. Example of seasonal sound speed profiles from (Teague et al. 

1990)(Modelled Profiles) and actual sound speed profiles measured in situ in Baffin Bay. 

Absorption by sea water: Acoustic energy is attenuated by molecular absorption in 

seawater. The volumetric sound absorption is quantified by an attenuation coefficient, 

expressed in units of decibels per kilometer (dB/km). Absorption depends on the soundôs 
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frequency and the waterôs temperature, salinity, acidity, and pressure. In general, the 

absorption coefficient increases with the square of the frequency (i.e., low frequencies are 

less affected). The absorption of acoustic wave energy has a noticeable effect 

(>0.05 dB/km) at frequencies above 1 kHz. For example, at 10 kHz the absorption loss 

over 10 km distance can exceed 10 dB, as computed according to the formulae of 

François and Garrison (1982a, b), Ainslie and McColm (1998) or using the TEOS-10 

software suite (http://www.teos-10.org/).  

A note on source levels: Most analysis of sound propagation assumes that the 

source of sound can be represented as an infinitesimally small point, and its source level 

documented as the level 1 m from that point. This approximation is reasonable for small 

high frequency sources such as echosounders and acoustic current Doppler profilers, 

however, it is not accurate for two sources of interest in this thesis, seismic airgun arrays 

that have a spatial extent of ~100 m2, and impact piles that are a line source spanning the 

height of the water column. Modeling the sound level from an airgun is performed by 

computing the received level far from the airgun array by computing the contribution of 

each airgunôs bubbles as they grow and collapse, then back-propagating to determine an 

effective point source pressure and energy level (MacGillivray 2006). This value is called 

a source factor, which has units of µPa²m². The source factor is higher than the actual 

sound levels close to the array. These methods work well for low frequencies (<500 Hz), 

however at high frequencies statistical approximations are in development (MacGillivray, 

per comms, 2017). For impact piles, various methods to accurately model and propagate 

the source factor are being developed (Lippert et al. 2016) and detailed results of actual 

measured levels as a function of range are required to validate the approaches.   

http://www.teos-10.org/
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2.3. FUNDAMENTALS OF ANALYSIS OF PASSIVE ACOUSTIC MONITORING 

DATA  

Chapters 3-6 of this thesis involve the analysis of passive acoustic monitoring 

(PAM) data, i.e. data stored over periods of weeks to months by an autonomous data 

logger. This section provides: 

1. An overview of acoustic data logger operation and how to use this information to 

convert the recordings into calibrated pressure time series. 

2. Methods for converting the calibrated pressure times series into sound pressure 

level and sound exposure level values. 

3. Methods for converting the calibrated pressure time series into power spectra, 

power spectral density levels, and decidecade sound pressure and sound exposure 

levels. 

4. Methods for computing auditory frequency weighted sound exposure levels. 

2.3.1. Calibrated Pressure Time Series 

Information in this section is adapted from material written by the thesis author 

for the ADEON project (https://adeon.unh.edu) and is used with permission.  

 

https://adeon.unh.edu/
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2.3.1.1. Functional Blocks of Passive Acoustic Data Recorders 

Figure 2-5 is a functional block diagram of a passive acoustic data recorder. A 

description of each component in the analog section is provided in the sub-sections 

below. 

 

Figure 2-5. Block diagram of a passive acoustic data recorder.  

2.3.1.2. Hydrophones 

Hydrophones are the transducers that convert pressure fluctuations in the water to 

an electrical signal. The transducers are normally piezo-electric ceramics that generates a 

variable capacitance in response to the pressure fluctuations. Most hydrophones include a 

preamplifier that converts the charge to a voltage or current that is transmitted to the 

analog section of the recorder. For hydrophones with built-in preamplifiers with voltage 

outputs, the voltage sensitivity is specified in units of volts per Pascal (Mv in V/Pa) or as 

a sensitivity level in decibels relative to 1 V/µPa (dB re 1 V/µPa). For hydrophones that 

use current signaling, the current sensitivity shall be specified in units of amperes per 

Pascal (MI in A/Pa). 

The absolute sensitivity varies slightly between hydrophones, even within the same 

production batch. Similarly, the sensitivity changes with frequency. Hydrophones should 
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be purchased with a measured calibration curve supplied by the vendor. For accurate 

quantification of sound levels, the calibration curve must be included in the analysis of 

sound levels. 

The sensitivity of the ceramic element impacts the overall self-noise of the 

hydrophone. The hydrophone preamplifierôs input referred noise should be specified as 

an equivalent sound pressure level (SPL) in the water through the ceramic elementôs 

sensitivity. The greater the sensitivity of the ceramic element, the lower the hydrophoneôs 

self-noise for the same preamp input referred noise. 

Hydrophones have a range of amplitudes over which their output is linearly related 

to the input pressure. Extreme care must be employed if the hydrophone is used outside 

of its linear range. 

2.3.1.2.1. Hydrophone Movement and Data Below 10 Hz 

Hydrophones build-up charge due to the static pressure caused by changes in depth 

that is discharged through the preamplifierôs input impedance. If the hydrophoneôs output 

is AC-coupled to the recorderôs input, there is a charge time for the AC coupling during 

power up. For hydrophones and recorders with good low-frequency response (i.e., below 

10 Hz), the input impedance is very high, and the charge and discharge times can be 

seconds long, during which time the hydrophone output should be discarded. Similarly 

any hydrophone depth changes will produce hydrophone outputs that are not caused by 

an acoustic wave. Using the hydrostatic equation, ὴ ”Ὣᾀ, a 1 cm change in depth is 

101 Pa change in pressure, or ~160 dB re 1 µPa (assuming a density of 1030 kg/m3). 

Hydrophone movement must be minimized for effective passive acoustic monitoring. 
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Data below 10 Hz from most passive acoustic recordings should not be used 

without special consideration due to large uncertainties caused by hydrophone movement, 

noise from flow around the hydrophone and uncertainty in the hydrophone calibration at 

those frequencies. In cases where high amplitude signals are present below 10 Hz that are 

not of interest to the analysis it is recommended that a 10 Hz high pass filter be applied to 

the data before performing further analysis. 

2.3.1.3. Preamplifiers 

The preamplifier can be integrated into the hydrophone, or there may be a separate 

preamplifier that is part of the recorder. Preamplifiers can be used to: 

¶ Buffer the sensing element from the input to the ADC. 

¶ Amplify hydrophone signals before analog-to-digital conversion if the dynamic 

range of the ADC is smaller than that of the hydrophone. 

¶ Force analog-to-digital input to exceed the maximum range of the ADC, so that the 

ADC reaches its maximum output before the hydrophone becomes non-linear. 

The frequency response and gain of the preamplifier is required for converting the input 

voltage to pressure. 
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2.3.1.4. Analog-to-Digital Converters and Anti-Aliasing Filters 

Analog-to-Digital Converters (ADC) create a digital representation of the real-

world analog signal. They represent the continuously varying analog signal with the 

closest value from a discrete óstair-caseô of levels that they may generate. They are 

characterized by: 

¶ The sampling rate (i.e., how many times per second the analog input is converted to 

a digital representation). By the Nyquist theorem, the maximum frequency that is 

accurately represented by the digital data is one-half the sampling rate. Frequencies 

above the Nyquist frequency must be filtered from the analog input signal prior to 

digitization, otherwise they will óaliasô into lower frequencies and the digital signal 

will not be an accurate representation of the original analog input. 

¶ Maximum input voltage. 

¶ Bit depth (i.e., the number of óbitsô of digital resolution the ADC generates). The 

larger the number of bits for the same maximum input voltage, the smaller the 

distance between the discrete levels that the ADC can represent. Thus, a higher bit 

depth means better representation of the data (higher resolution). 

The two main types of ADCs used in digital recorders are Successive 

Approximation Register (SAR) and Sigma-Delta: 

¶ SAR ADCs tend to be used for medium to high resolution applications at sample rates 

up to 5 MHz. They are usually a lower power option than Sigma-Delta converters for 

the same resolution and sample rate; however, they require external anti-aliasing 

filters. 

¶ Sigma Delta ADCs use an over sampling technique whereby they sample the input 

with a 1-bit ADC at a very high sample rate and then digitally filter and decimate to 

provide an output at a lower sample rate and a higher bit width. The primary 
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advantage of a Sigma Delta ADC is that the analog anti-aliasing requirements are 

greatly relaxed due to the high input sample rate. 

For an ideal ADC, the number of bits in the output word places a limit on the noise floor 

of the converter. However, recorders with output word size greater than 16 bits, the 

system self-noise is usually greater than the quantization noise of an ideal ADC with that 

word size. Specifying an ADC with 18 or 24 bits does not necessary guarantee better 

system performance. An output word size may need to be specified if the processing 

requires a specific word length. 

2.3.1.5. Computing a Calibrated Pressure Time series 

To convert the digital values (DV) in the WAV files to acoustic pressure units, the 

following must be accounted for: 

¶ Digital sensitivity (MADC_D) of the ADC, which depends on the bit depth  

ὔ  ( 16 or 24): MADC_D = ρȾς . Unit: dimensionless.  

¶ Voltage range of the ADC (VADC) = Vmax-Vmin where Vmin is the minimum voltage the 

ADC can convert, and Vmax is the maximum voltage the ADC can convert. Unit: 1 V. 

¶ Gain of the hydrophone preamplifiers is G. Unit: 1 V/V. 

¶ Voltage sensitivity of the hydrophone is Mv. Unit: 1 V/Pa. (Voltage sensitivity is 

often expressed in units of 1 V/µPa because the reference sound pressure in 

underwater acoustics is 1 µPa.). 

Passive acoustic recorder data is stored as a digital file, typically .wav format which 

contains Nbit-long signed binary words. The maximum value of the digital words is Vmax 

which has a digital value of 2Nbit-1 because one bit is reserved for the sign of the number. 

Thus, the input value to the ADC, in volts, for a digital value of DV is  
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ὠ  ὈὠϽ
ὠ

ς . 2-6 

The preamplifier gain G is an amplification applied to the hydrophone signal before 

the ADC. This gain is the ratio of the output voltage to the input voltage: G = Vout/Vin, 

where Vin is the input voltage to the amplifier from the hydrophone and Vout is the output 

voltage from the amplifier. The voltage at the ADC is pre-amplified. Thus, to determine 

the voltage output by the hydrophone, VADC in must be divided by G:  

ὠ  ὠ  ȾὋ 2-7 

To obtain the pressure value we need to apply the hydrophone sensitivity which is 

the ratio of the hydrophone output voltage to the input acoustic pressure. The sensitivity 

is customarily given as a sensitivity level in decibels relative to 1 V/µPa, which results in 

a negative number. The sensitivity depends on frequency, but it is usually approximately 

constant over a nominal bandwidth. The nominal sensitivity is usually provided by the 

manufacturer based on factory calibration, for example a sensitivity level of 

Mv,dB = ī165 dB re 1 V/µPa. A less negative sensitivity corresponds to a more sensitive 

hydrophone. For example, a hydrophone with a sensitivity of ī165 dB re 1 V/µPa is more 

sensitive than one with ī180 dB re 1 V/µPa. The sensitivity level is converted to a 

voltage sensitivity as ὓ ρπȢ Ⱦ  V/µPa, which is 5.623·10-9 for a sensitivity level 

of -165 dB re 1V/µPa. Dividing VHP out by Mv and combining with the previous steps gives 

the pressure times series (Equation 2-8) 

ὴὸ
ὈὠϽὠ

ὋϽὓ Ͻς
 ʈ0Á 

2-8 
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2.3.2. Sound Pressure Level and Sound Exposure Level 

The instantaneous sound pressure level is the 10 times the logarithm base 10 of the 

square of the pressure time series divided by a reference pressure, po, squared (Equation 

2-9).  

Ὓὖὒὒ ρπzÌÏÇ
ὴὸ

ὴ
 Ä" ÒÅ ρ А0Á 

2-9 

As defined in Table 2-1, the peak sound pressure level is the maximum value of Lp 

over an interval of time. The peak-to-peak sound pressure level is 10 times the logarithm 

base 10 of the maximum minus the minimum value over an interval of time. 

SPL as defined above is rarely used in practice except as the peak sound pressure 

level. Instead, SPL or Lp is the root mean square sound pressure level over a duration T, 

as shown in Table 2-1. The SEL is obtained by dividing by a reference duration of 1 

second rather than the integration time T. Thus, the SEL is equal to the SPL plus 

10·log10(duration): ὒȟ ὒȟ ρπÌÏÇὝ. To convert from a daily SEL to an average 

daily SPL we subtract 10·log10(86400 seconds) = 49.4 dB. 

2.3.3. Obtaining Calibrated Spectra 

Many of the operations we wish to perform on passive acoustic data occur in the 

frequency domain. Therefore, it is important to be able to convert a calibrated pressure 

time series into calibrated spectra and to verify that the energy was preserved. The 

information that follows is intended to be a brief refresher of the mechanics of spectral 

analysis ï a proper text or course on spectral analysis is recommended for anyone 

intending to perform spectral analysis on acoustic data. This refresher uses MATLAB  

functions and its treatment of arrays where the first element is index 1. 
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The spectrum of a time series p(t) is given by itôs fast Fourier transform (FFT). 

When using the MATLAB  FFT, the result needs to be divided by the square root of the 

number of points in the time series to normalize to the correct unit of µPa: 

Spectrum = fft(p) / sqrt(length(p)); % uPa; complex number 

The power spectrum is more commonly used, which is the absolute value of the square of 

the spectrum: 

 powerSpectrum = abs(spectrum .* spectrum);  %uPa2 

Each element of the power spectrum vector contains the energy for the frequency bin, 

where the first bin is centered at frequency zero (DC), and the other bins are centered at a 

frequency of ((i-1) * Fs / length(p(t))), up to a length(p(t))/2 which has the energy at the 

Nyquist frequency of Fs/2 (where Fs is the sampling frequency). Above this bin the 

spectrum is mirrored. Because of this mirroring the bins above length(p(t))/2 may be 

discarded as long as the energy in bins 2:length(p(t))/2 is doubled.  

 powerSpectrumSingleSided = powerSpectrum(1:Fs/2+1); 

 powerSpectrumSingleSided(2:Fs/2) = 2 * powerSpectrumSingleSided(2:Fs/2) 

To verify that the operation was performed correctly check the energy: 

 sum(p .* p) = sum(powerSpectrumSingleSided) 

The power spectral density typically reported for long-term acoustic data is the power 

spectrum computed for 1 Hz bins, i.e., using 1 second of data in the FFT. Recall that the 

power spectrum level, or the power spectral density level, are obtained by taking 10·log10 

of the power spectrum or power spectral density. 
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When performing FFTs as shown above, energy from one spectral bin will óleakô 

into adjacent bins. In many cases spectral leakage is not important, however, if there is a 

strong signal at one frequency it will elevate the power spectrum in neighbouring 

frequency bins. This effect is especially confounding when the extra energy is at or near 

zero frequency. As discussed above, small movement of the hydrophone can generate 

very large low frequency signals. Spectral leakage can be minimized by applying a 

window function to the time series before taking the fast Fourier transform. Common 

windows, arranged in order of effectiveness at reducing leakage from least to most, are: 

Hamming, Tukey, Hann and Blackmann-Harris. The Hann window is recommended for 

most acoustic data analysis because it is simple to implement, effective at sidelobe 

suppression and leakage suppression and a standard that most computing packages (e.g. 

MATLAB, R, Python, SciLab) provide and reviewers accept (Heinzel et al. 2002).  

When using a window function in MATLAB , for instance win = hanning(Fs), it is 

important to note that the window is not energy balanced which will reduced the power 

spectral values. To balance the energy: 1) compute the sum of the squares of the window 

coefficients; 2) divide the number of points in the window by the sum of the squares of 

the coefficients obtained at step (1); 3) multiply each of the window coefficients by the 

square-root of the value obtained at step (2). When applying windows, it is essential to 

use an overlap-and-save method to ensure that each part of the time series is equally 

weighted (e.g. Welch 1967).  
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2.3.4. Computing Decidecades from Calibrated Spectra 

Decidecades are computed from power spectra (i.e. the linear representation rather 

than the level representation) by summing the spectral bins associated with the 

frequencies of the decidecade (see Table 2-2). A minimum FFT size of Fs/2 is 

recommended to have at least one whole spectral bin in each of the decidecades starting 

at 10 Hz. The power from the spectral bins at the edges of the decidecades must be 

divided between the two adjacent decidecades. For instance, the 10 Hz decidecade is 

from 8.91 to 11.22 Hz ï the overlap of this band with the frequency axis of a 1 Hz 

resolution FFT is shown in Figure 2-6. Figure 2-6 also shows the frequency coverage of 

each FFT bin ï i.e. the 9 Hz bin covers from 8.5 to 9.5 Hz. To obtain the 10 Hz 

decidecade we sum: 

(9.5 ï 8.91) * PS(9 Hz) + PS(10 Hz) + (11.22 ï 10.5) * PS(11 Hz) 

Where PS(9 Hz) is the power spectrum at the 9 Hz bin, etc. 

 

Figure 2-6. Overlap of the 10 Hz decidecade frequency band on a 1 Hz resolution 

frequency axis. 

2.3.5. Computing Auditory Weighted SEL 

 There are three methods that may be used to compute the auditory weighted SEL ï 

by direct summing of the weighted spectrum, by summing of the weighted decidecades, 

or by summing the energy of a filtered time series. All three methods require a function 

that generates the weighting coefficients using the equation and parameters from Table 
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AE-1 of NMFS (2018) shown here in Table 1-1. Example software for this section is 

provided in Section 2.3.6. 

To apply weightings to a power spectrum, the coefficients are computed for the 

centre frequencies of the FFT that was used, then multiplied by the power spectrum and 

summed. When applying weightings to decidecades, the coefficients are computed for the 

centre frequency of each decidecade, then the multiplied by the decidecade spectra and 

summed. In most cases the weightings are performed on relatively short data samples, 

such as a 1-second or 1-minute power spectra or decidecades. To obtain the daily SEL the 

short-term SEL are summed in linear units then converted to a level presentation for 

analysts or comparison to the TTS and PTS thresholds.  

In some cases, it is desirable to have an auditory frequency weighted time series, 

for example if there is a requirement to compute impulsive metrics of an auditory 

frequency weighted signal. An arbitrary magnitude finite impulse response (FIR) filter is 

recommended for this application (see Section 2.3.6.3). When using this method, the 

original calibrated time series is FIR filtered, then the filtered time series samples are 

squared, summed, and divided by the number of samples per second to obtain the SEL. 

The three methods produce almost identical results (Figure 2-7). The decidecade 

method is the most versatile since it can be applied to data that has been compressed 

previously to decidecade SPL or SEL. Because of the coarse frequency resolution of 

decidecades that method produces biased values, especially when the data contains 

substantial low frequency energy which the auditory frequency weighting function is 

removing (e.g. Figure 2-7). The filter method appears to have not removed quite enough 
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low frequency energy when using the low-frequency auditory frequency weighting 

derived filter, likely because the filter was not able to follow the shape of the weighting 

function precisely for the sharp low-frequency roll-off. Given that the auditory frequency 

weighting functions are a synthesis of a broad range of audiograms from multiple 

individuals and species (see Southall et al (2019)), this small error is not considered 

important. To ensure the results are repeatable between sample rates, the same relative 

number of points in the FIR filter should be employed ï i.e., always generate the filters 

using the sample rate as the number of points in the filter. 

 

Figure 2-7. Comparison of methods for estimating auditory frequency weighted 

SEL Comparison shows the decidecade vs spectral methods, as well as the filtering vs 

spectral methods for the low, mid, and high-frequency cetacean auditory frequency 

weighting functions applied to the real-world data analyzed in Chapter 6. 

 



 

50 

 

2.3.6. Supporting Information ï Code Samples 

This section contains MATLAB  software for methods discussed in this Chapter. 

2.3.6.1. Computing the Auditory Frequency Weighting Functions: 

function  [mWeighting] = NMFS2018MWeighting(freq, a, b, f1, f2, C)  
%computes the NMFS 2018 M - weights for the input freq based on the  
%parameters provided from table AE - 1 of NMFS 2018. Fr eq is the  

%frequency that the weighting function is calculated at; value is 

%returned in linear space.  
fByF1 = freq / f1;  
numerator = power(fByF1,2*a);  
 

denom1 = 1 + fByF1*fByF1;  
denom1 = power(denom1, a);  
fByF2 = freq / f2;  
denom2 = 1 + fByF2*fByF2;  
denom2 = power(denom2, b);  
denom = denom1 * denom2;  

  
mWeighting = C + 10*log10(numerator/denom);  
mWeighting = power(10, mWeighting / 10);  

end  
 

function  [ mWeighting ] = getMWeighting( mammalGroup, freq, groupName )  
%% Frequency is in Hz  
% mammalGroup: NMFS2018 ï you can implement older ones if needed  

%Weighting group: LFC, MFC, HFC, OTA, PHO  

switch  groupName  
    case  'NMFS2018'  
        switch  mammalGroup 
            case  'LFC'  
                a = 1.0;  
                b = 2;  
                f1 = 200;  
                f2 = 19000;  
                C = 0.13;  
                K = 179;  
            case  'MFC'  
                a = 1.6;  
                b =  2;  
                f1 = 8800;  
                f2 = 110000;  
                C = 1.2;  
                K = 177;  
            case  'HFC'  
                a = 1.8;  
                b = 2;  
                f1 = 12000;  
                f2 = 140000;  
                C = 1.36;  
                K = 152;  
            case  'PHO'  
                a = 1.0;  
                b = 2;  
                f1 = 1900;  
                f2 = 30000;  
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                C = 0.75;  
                K = 180;  
            case  'OTA'  
                a = 2.0;  
                b = 2;  
                f1 = 940;  
                f2 = 25000;  
                C = 0.64;  
                K = 198;  

  
            otherwise  
                mWeighting = - 1000;  
                ret urn ;  

        end  
  end  
  mWeighting = NMFS2018MWeighting(freq, a, b, f1, f2, C);  

end  

 

2.3.6.2. Computing Auditory Frequency Weighted SEL using the Spectrum or 
Decidecades 

The MATLAB  processing to obtain one-minute SELs using power spectral density 

or decidedades is shown below: 

     nFFTs = 60 * 2 -  1;  % 50% overlap, but canôt overlap last buffer 
     step = fs/2;  
     specSPL = zeros(nWeights, 1);  
     toSPL = zeros(nWeights, 1);  

     window = hanning(fs);  

     weight = sqrt(sum(window.*window)/(fs));  
     window = window / weight;  
 

     for  ff = 1:nFFTs  
         start = 1 + (ff - 1)*step;  
         last = start + fs -  1;  
         dat = readData(start:last);  
         psd = fft(dat .* window) / sqrt(fs);  
         psd(2:step) = sqrt(2) * psd(2:step);  
         psd = psd(1:step+1);  
         psdAbs = abs(psd .* psd);  
         dDecs = getThirdOctaveBands(psdAbs, lastTO, toTable,  1);  
         for  (w=1:nWeights)  
             filtSpec = psdAbs .* specWeights(w, :)';  
             specSPL(w) = specSPL(w) + sum(filtSpec);  
             tobSpec = TOBs .* toWeights(w, :)';  
             toSPL(w) = toSPL(w) + sum(tobSpec);  
         end  
     end  

    % normalize to the get 1 - minute SPL  

     toSPL = toSPL / (fs*nFFTs);  
     specSPL = specSPL / (fs*nFFTs);  
     for  w = 1:nWeights  

   % convert to dB and add 10log10(60) to get 1 - min  SEL 

         specSELs(w, counter) = 10*log10(specSPL(w)) + 10*log10(60);  
         toSELs(w, counter) = 10*log10(toSPL(w)) + 10*log10(60);  
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     end  

 

2.3.6.3. Computing Auditory Frequency Weighted Time Series 

The coefficients for the filter can easily be generated in MATLAB  as follows: 

   NfilterPoints = Fs;     

   freqs = linspace(0, Fs/2, 1000);  

   response = zeros(size(freqs));  

   for  p = 1:length(response)  

       response(p) = getNMFS2018Weighting(mammalGro up, freqs(p), óNMFS2018ô); 

   end  

   response = sqrt(response);  % because the filtering is done on  

           % voltage data not power data.  

   freqs = freqs / (Fs/2);  

   d = fdesign.arbmag( 'N,F,A' ,NfilterPoints, freqs, response);  

   Hd = design(d, 'freqs amp' );  

 

where getNMFS2018Weighting is a wrapper function for NFMS2018MWeighting that 

looks up the parameter values of Table 1-1 based on the auditory frequency weighting 

functional group name. Note that because of filter start-up length the time series input to 

the filter needs to be buffered and overlapped: 

     [readData] = getCalibratedData(FileName, fs,  
         Tstart, Tend, readSamples, startSample);  
     readLen = size(readData, 1);  
     if  startSample == 1  
        bufferData(2*NfiltPts+1:readLen+2*NfiltPts) = readData;  

   % mirror the data at the sta rt of file:  

        for  (i=1:2*NfilterPoints)  
           bufferData(i) = readData(2*NfilterPoints+1 - i);  
        end  
     else  
        bufferData(1:2*Nfil ter Poin ts) = overlapBuffer;  
        bufferData(2*Nfil terPoints +1:2*Nfilt erPoints +readLen) = readData;  
     end  
     overlapBuffer = readData(readLen - 2*Nfilt erPoints +1 :  readLen);  
     filtData = fftfilt(Hd.numerator, bufferData);       

     % note that the start time of the filtered data is now the read  

       % starttime ï Nfilt erPoints /fs   
     analysisTS = filtData(Nfilt er Poin ts+1  :  NfilterPoints+ dataPts);  
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CHAPTER 3 CHARACTERISTICS OF SEISMIC SURVEY 
PULSES AND THE AMBIE NT SOUNDSCAPE IN BAF FIN BAY 

AND MELVILLE BAY, WE ST GREENLAND 

This chapter contains the paper Martin et al. (2017), which was submitted to the 

Journal of the Acoustical Society of America in August 2016 and published December 

2017. The material for this Chapter was the result of a large project conducted by JASCO 

Applied Sciences for Shell Global Solutions. The author contributions were: 

- Bruce Martin was the project manager and primary investigator.  

- Koen Broker was the project lead for Shell, assisted with the study design, and 

provided suggestions and reviews that strengthened the JASA article.  

- Jeff MacDonnell assisted with the fieldwork and data analysis for the Shell project.  

- Marie-Noel Matthews performed the acoustic propagation modeling for the 

analysis for Shell and was an important resource during discussions of model-

measured comparisons.  

The impulse detection and seismic correlation analysis algorithms used to extract 

the seismic pulses was written by Bruce Martin as part of JASCOôs PAMLab software 

suite. Bruce is the original author of the software; it is now maintained by Briand Gaudet 

and Bruce Martin. The MATLAB  software used to generate many of the figures in this 

Chapter was originally written by Bruce and is now maintained by Bruce and Christopher 

Whitt. The data preparation and statistical analysis for the effects of depth, analysis 

window duration, and frequency content was all performed by Bruce Martin, as were the 

ambient analysis for Baffin Bay and Melville Bay (Not included here). A companion 
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article lead by Heloise Frouin-Mouy discusses the marine mammal presence determined 

from these data sets (Frouin-Mouy et al. 2017). 

Note that Tables 3-4 to 3-8 as well as Figures 3-16 to 3-27 are S-1 to S-5 and S-1 to 

S-12, respectively in the JASA Manuscript. These Tables and Figures appear as 

Supporting Information for this Chapter. 

  



 

55 

 

 

Title: Characteristics of seismic survey pulses and the ambient soundscape in 

Baffin Bay and Melville Bay, West Greenland 

S. Bruce Martin1, Marie-Noël R. Matthews, and Jeff T. MacDonnell2 

JASCO Applied Sciences (Canada) Ltd. 

32 Troop Avenue, Suite 202,  

Dartmouth, Nova Scotia, Canada, B3B 1Z1 

bruce.martin@jasco.com 

Koen Bröker3 

Shell Global Solutions International B.V. 

Lange Kleiweg 40 

2288GK Rijswijk  

The Netherlands 

Running Title: Soundscape of Baffin and Melville Bay 

Date Submitted: 28 Aug 2016 

  

 
 
 
1 Also at Dalhousie University, Department of Oceanography, 1355 Oxford Street,  PO BOX 
15000,Halifax, Nova Scotia Canada, B3H 4R2 
 
2 Currently at Acoustic Data Analysis Center, P.O. Box 99000, Stn Forces Halifax, NS B3K 5X5 
3 Also at Groningen Institute for Evolutionary Life Sciences, University of Groningen, Nijenborgh 7, 
9747AG Groningen, The Netherlands 



 

56 

ABSTRACT  
 

In 2012 a seismic survey campaign involving four vessels was conducted in Baffin 

Bay, west Greenland. Long-distance (150 km) pre-survey acoustic modeling was 

performed in accordance with regulatory requirements. Four acoustic recorders, three 

with hydrophones at 100, 200, and 400 m depths, measured ambient and anthropogenic 

sound during the survey. Additional recordings without the surveys were made from 

September 2013 to September 2014. The results show that 1) the soundscape of Baffin 

Bay is typical for open ocean environments and Melville Bayôs soundscape is dominated 

by glacial ice sounds; 2) there are distinct multipath arrivals of seismic pulses 40 km from 

the array; 3) seismic sound levels vary little as a function of depth; 4) high fidelity pre-

survey acoustic propagation modeling produced reliable results; 5) the daily SEL did not 

exceed regulatory thresholds and were different using Southall et al. (2007) or NMFS 

weightings; 6) fluctuations of SPL with range were better described by additive models 

than linear regression; and 7) the survey increased the 1-min SPL by 28 dB, with most of 

the energy below 100 Hz; energy in the 16000 Hz octave band was 20 dB above the 

ambient background 6 km from the source. 

 
PACS Numbers: 43.30.Ma, 43.30.Nb, 43.30.Pc, 43.80.Nd 
Keywords: seismic airgun; ambient noise; SPL; Baffin Bay; Melville Bay; SEL 

3.1. INTRODUCTION 

In 2010, five petroleum exploration license blocks were awarded in Baffin Bay, 

west Greenland. Some of these blocks have considerable overlap with narwhal protection 

areas and are proximal to the Melville Bay Nature Reserve (Figure 3-1). As part of the 

environmental permitting process for seismic surveys in Greenland, the Danish Centre for 
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Environment and Energy (DCE) issued Environmental Impact Assessment requirements 

that included acoustic modeling and monitoring guidelines (Kyhn et al. 2011). These 

guidelines defined many of the responsible practices with respect to marine mammals and 

seismic surveys that were subsequently described by (Nowacek et al. 2013). The main 

mitigation measures in these guidelines are 1) establishing the radius of exclusion zones 

with high-fidelity acoustic modeling; 2) visually and/or acoustically monitoring exclusion 

zones to minimize auditory injury to marine mammals; and 3) turning off active sources 

when mammals are detected in exclusion zones. The DCE guidelines (Kyhn et al. 2011) 

apply the dual criteria recommended by Southall et al. (2007): a maximum peak sound 

pressure level (SPL) and a 24-hour sound exposure level (SEL) limit. Seismic surveys are 

usually performed using arrays of airguns spread over an area on the order of 100 m2 and 

are therefore not point sources. The range from an airgun array where the peak sound 

pressure level criterion of 230 dB re 1 µPa for cetaceans is exceeded (if at all) is at most 

on the order of tens of meters, indeed comparable to the size of the airgun array itself 

(Caldwell and Dragoset 2000, Gisiner 2016). Thus, the criterion of concern for defining 

exclusion zones is the 24-hour SEL. The 24-hour SEL thresholds recommended in 

Southall et al. (2007) are weighted for the hearing bands of mammal groups; the SEL 

criterion is typically exceeded at ranges from the airgun array on the order of hundreds of 

meters (Tashmukhambetov et al. 2008, Breitzke and Bohlen 2010, Matthews 2012b). It is 

widely accepted that applying mitigation zones based on these thresholds minimizes the 

risk of injuring marine mammals (Gordon et al. 2003, Wartzok et al. 2003, Southall et al. 

2007, Nowacek et al. 2013).  
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Seismic airgun pulses can be perceptible above the background ocean sound at 

distances in the order of hundreds of kilometers (Bohnenstiehl et al. 2012, MacGillivray 

et al. 2014, Blackwell et al. 2015) and even farther if the energy propagates in a deep 

sound channel (Thode et al. 2010, Nieukirk et al. 2012, Blackwell et al. 2015). At ranges 

between the injury exclusion zones and the limits of perception for seismic sound, 

animals may experience temporary threshold shift (TTS), behavioral disturbance, and 

masking effects (Gordon et al. 2003, Wartzok et al. 2003, Southall et al. 2007, Nowacek 

et al. 2013). The sound levels that induce behavioral responses from marine mammals 

cover a wide range of sound pressure and sound exposure levels and are dependent on 

factors such as the type of activity an animal was engaged in when exposed to the sound 

(Richardson et al. 1986, Wartzok et al. 2003, Ellison et al. 2012, Robertson et al. 2013). It 

is extremely difficult, therefore, to establish relevant metrics and appropriate thresholds 

to minimize behavioral effects (Southall et al. 2007, Kyhn et al. 2011, Finneran and 

Jenkins 2012, Wood et al. 2012, Wisniewska et al. 2014). Behavioral response studies 

aim to develop dose-behavioral response relationships reflecting the range of sound levels 

required to elicit a response within a population (Kastelein et al. 2013a) or the magnitude 

of response as a function of the stimulus (Kastelein et al. 2013b). The sound levels that 

have been reported to start eliciting behavioral responses range between 100 and 180 dB 

re 1 µPa SPL (Finneran and Jenkins 2012, Wood et al. 2012, Shannon et al. 2016, Carroll 

et al. 2017). The SPL depends on the averaging time used, which can lead to a range of 

possible values for the same pulse depending how the pulse length is determined (Madsen 

2005). It is important to document the variability in the pulse length and SPL with in situ 

data. 
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Man-made sound has the potential to mask ecologically relevant sounds, especially 

when the frequency bands of the sound sources overlap. Sounds that are ecologically 

relevant to marine animals include conspecific calls, predator and prey sounds, natural 

sounds used for orientation, and echolocation calls from odontocetes (Clark et al. 2009). 

Seismic airgun arrays emit high-intensity low-frequency sound impulses with peak 

frequencies of near 50 Hz (Dragoset 1990, Caldwell and Dragoset 2000). They are 

expected to have minimal impacts on marine mammals, such as odontocetes, that have 

limited hearing sensitivity at these low frequencies (NRC 2005, Southall et al. 2007, 

NMFS 2018). However, Goold and Fish (1998) report frequencies of up to 8 kHz above 

the ambient background at a distance of 8 km from a 2120 in3 seismic array in 50ï100 m 

deep water, Madsen et al. (2006a) report measured per-pulse SPLs in the 10 kHz 

1/3-octave-band greater than 110 dB at a range of 1.4 km from a 2590 in3 seismic array in 

deep waters in the Gulf of Mexico, and Hermannsen et al. (2015) show energy above 

10 kHz from single airguns at a range of 1300 m in 15 m deep water. 

In summer 2011, license holders submitted four seismic survey applications to the 

DCE. As part of the Environmental Impact Assessment process, each proponentôs 

acoustic modeling methods and results (Matthews 2012a) were reviewed by the DCE, 

and the cumulative effects of all surveys were assessed. To reduce the risk of hearing 

injury to marine life DCE required the proponentôs to determine the radius around the 

vessel where permanent hearing threshold shift was predicted based on the 

recommendations of Southall et al. (2007) (Kyhn et al. 2011). A behavioural disturbance 

radius was estimated based upon an SPL threshold of 150 dB re 1 µPa in 2012 and 140 

dB re 1 µPa in 2013 (Matthews 2012b, Matthews 2013). Guidance for effects on fish for 
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the project were disturbance at an SPL of 150 dB re 1 µPa and possible injury at a sound 

exposure level of 187 dB re 1 µPa²·s ([FHWG] Fisheries Hydroacoustic Working Group 

2008). The DCE report identified various data gaps, such as 1) limited documentation of 

the propagation of seismic airgun pulses around Greenland; 2) limited ambient sound 

data for Baffin Bay and Melville Bay; 3) limited knowledge of the variation in seismic 

array sound levels as a function of depth; 4) uncertainty about the importance of high-

fidelity inputs for acoustic models (e.g., temperature/salinity profiles, bottom contours, 

and the sub-bottom geo-acoustic structure); and 5) the temporal and spatial variation of 

marine mammal distribution in Baffin Bay and Melville Bay (Wisniewska et al. 2014). 

Comparing measured and modeled sound propagation as a function of depth was noted as 

especially important, since cold fresh water from melting glaciers creates a strong sound 

speed minimum at 30ï80 m depth, which is expected to trap and propagate low-

frequency sounds for long distances in the sound duct. 

To address these data gaps, we conducted a multi-year acoustic monitoring 

program. As part of Shellôs seismic survey in the license areas, three vertical array 

moorings with hydrophones at three measurement depths were deployed in summer 2012 

(Figure 3-1, also see Section 3.2.1). We also deployed one bottom-mounted autonomous 

recorder in Melville Bay from mid-August to mid-September 2012. During August and 

September 2012, two seismic source vessels conducted a 3-D seismic survey with 

3480 in3 airgun arrays near the vertical arrays, including two passes within 110 m slant 

range of the top hydrophones. The modeled broadside zero-to-peak sound pressure source 

level of the arrays was 247.3 dB re 1 µPa with a modeled per-pulse sound exposure level 

of 227.8 dB re 1 µPa²·s (Matthews 2012b). Five recorders were deployed in September 
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2013 to study the summer ambient soundscape and to characterize a lower-energy 

shallow-hazards seismic survey conducted with a 140 in3 array (modeled broadside zero-

to-peak sound pressure source level of the array was 239.3 dB re 1 µPa with a modeled 

per-pulse sound exposure level of 214.5 dB re 1 µPa²·s) (Matthews 2013). Two recorders 

with hydrophones at mid-water column depth were deployed overwinter from 29 

Sep 2013 to 6 Sep 2014 to capture the soundscape over a full year (see Section II.A). 

Here we report on the new knowledge derived from the monitoring program 

through an analysis of the license block and Melville Bay recordings. We present 

1) propagation of seismic pulses in Baffin Bay; 2) an overview of ambient sound 

characteristics, total sound levels, and spectral content associated with seismic pulses in 

Baffin and Melville Bay; 3) variation in seismic airgun sound levels as a function of 

depth; 4) a comparison of modeled and measured sound levels at ranges up to 65 km 

from the source; 5) cumulative sound exposure levels; 6) a comparison of different SPL 

metrics for predictions of ranges to behavioral disturbance of marine mammals; and 

7) the measured spectral content of the pulses as a function of range to the seismic source. 

Due to the large amounts of data collected in this project, we have provided figures and 

tables that illustrate points on additional recorder channels in the Supporting Information 

section. The data from this project also generated extensive new information on the 

seasonal presence of marine mammals in Baffin Bay, which is reported in Frouin-Mouy 

et al. (2017).  
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3.2. METHODS 

This section describes the autonomous recorder deployments and the methods used 

for analyzing the data and acoustic propagation modeling. With respect to acoustic 

terminology, this manuscript uses the terms recommended in ISO (2017a). Specifically, 

sound pressure level is 10 times the base-10 logarithm of the mean squared pressure 

summed over a specified time window and is abbreviated as SPL or Lp,duration rms where ópô 

stands for pressure and ódurationô is the averaging window length. The maximum of the 

pressure signal, in dB re 1 µPa, is referred to as peak sound pressure level or Lp,pk. The 

1/3-octave-band used in this analysis followed the 1/10th decade (decidecade) definition 

of 1/3-octaves. 

3.2.1. Recorders and Deployments 

Autonomous Multichannel Acoustic Recorders (AMARs, JASCO Applied 

Sciences) were deployed at Stations BB1ïBB4 (Figure 3-1, Table 3-4) between 29 Jul 

and 2 Oct 2012. Stations BB1ïBB3 were bottom-mounted vertical arrays (Figure 3-2), 

with hydrophones at 100, 200, and 400 m water depths. The recording depths were 

chosen as a compromise between the expected propagation paths (see Section II.C), water 

column coverage, and eliminating interference with the seismic arrays. At these three 

stations, the top hydrophone (100 m depth) sampled continuously at 64 kHz to record 

seismic airgun pulses and marine mammal calls. The two lower hydrophones (200 and 

400 m depth) sampled continuously at 8 kHz, primarily to record seismic airgun pulses. 

All three hydrophones were sampled by the same AMAR. The 8 kHz sample rate for the 

lower hydrophones was chosen to maximize the recording duration within the memory 

capacity of the system (1.792 TB). We chose not to duty cycle these recordings so that 
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the recordings would contain complete overpasses of the seismic vessel at all depths. 

Station BB3 was located within 3 km of pre-survey modeling Site 3 (Matthews 2012b) to 

permit comparisons between the measured and modeled data (Figure 3-1). At Station 

BB4, located within Melville Bay, an AMAR was deployed at the seabed (130 m) with a 

single omnidirectional hydrophone sampling at 64 kHz.  

AMARs were deployed at Stations BB5ïBB9 (Figure 3-1, Table 3-4) between 

31 Aug and 30 Sep 2013. These systems were fitted with GTI-M8E-V35 hydrophones 

which, due to the shorter monitoring period that allowed for higher sampling rates, 

alternated between sampling rates of 64 and 375 kHz. The hydrophones were positioned 

between 300ï500 m, in each case near mid-water column for the chosen locations (Table 

3-4). To collect a year-long dataset without seismic activity, AMARs were deployed at 

Stations BB6 and BB10 from late September 2013 to early September 2014 (Figure 3-1, 

Table 3-4). Each year-long AMAR was fitted with a GTI-M8E-V35 dB omnidirectional 

hydrophone and cycled between 64 and 375 kHz, as well as periods of sleep. The details 

of hydrophone sampling configurations and sensitivities are given in Table 3-5 and Table 

3-6.  



 

64 

 

Figure 3-1. Baffin Bay recorder stations in summer 2012 (green circles/darker 

gray), summer 2013 (orange circles/light gray), and overwinter 2013ï2014 (black 

triangles), as well as pre-survey modeling locations (purple hexagons). Narwhal 

protection area data from Kyhn et al. (2011). 

 



 

65 

 

Figure 3-2. Overview of the mooring configuration used in 2012. The bottom 

hydrophone was located at ~ 400 m water depth with the recorder located ~5 m below it. 

The other hydrophones were located at 200 and 100 m depth. The streamlined sub-

surface float was at 90 m depth.  

 

3.2.2. Acoustic Data Analysis 

Acoustic data were quantified using three standard metrics: peak sound pressure 

level, sound exposure level (SEL), and sound pressure level (SPL) (see for example 

Madsen, 2005 for definitions of these metrics). The broadband SPL, as well as the SPL, 
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in each 1/3-octave-band were computed. The metrics were computed for each minute of 

data to characterize the total sound levels and separately for each detected seismic pulse 

to characterize the short impulses. The one-minute decidecade SPLs were converted to 

decidecade SELs by adding 10*log10(60 seconds) and combined to assess the frequency-

weighted sound levels (Southall et al., 2007) or to compute the sound levels in octave 

bands so seismic sound levels could be discussed as a function of frequency. The 1 Hz 

power spectral densities averaged over 1 minute were computed and are presented in the 

Section III.A and the Supplementary Information as long term spectrograms, percentile 

levels, and spectral probability densities (see Merchant et al., 2015 for a discussion of 

these methods).  

Our analysis used exceedance percentile levels to quantify the distribution of 

recorded sound levels. Following standard acoustical terminology, the nth percentile level 

(Ln) is the level (i.e., power spectral density level, SPL, or SEL) exceeded by n% of the 

data. Lmax is the maximum recorded sound level. Lmean is the linear arithmetic mean of the 

sound power, which can differ substantially from the median sound level L50. The 

exceedance percentiles are often presented as statistical sound levels using box-and-

whisker plots (e.g., Figure 3-5). In such plots, the bottom and top of the óboxô are defined 

by the 75th and 25th percentile sound levels respectively, and a line through the middle 

of the box shows the median level. Whisker lines extending above and below the box 

show the total range of measured data, with short hash marks to indicate the 95th and 5th 

percentiles. The mean (Lmean) value is shown with a separate line across the plot.  

Seismic survey pulses were identified using a variation on the Teager-Kaiser (TK) 

energy detector (Kandia and Stylianou 2006). The detector created an óenergyô time 
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series as the square root of the sum of the squared pressure signal over a period of 0.03 s. 

A detection was determined to have occurred when the square of this time series (sample 

Xi) was greater than the product of its neighbors by a chosen threshold (Equation 3-1). 

ὢ ὢ ὢz Ὕ  3-1 

The pulse limits were defined by searching for the maximum energy in the 

neighborhood of each detection. Two versions of the detector were implemented for this 

study. The first version used the 90% energy duration method of analyzing man-made 

impulsive sounds (T90 SPL, e.g. Blackwell et al. 2004, Thode et al. 2010) by searching 

over a 7 s window and finding the period that contained 90% of the energy (7 s was 

required due to the extensive multi-path arrivals, see Figure 3-7 and Figure 3-8). The 

second version limited the duration of the impulse to the approximate integration time of 

mammalian hearing (Madsen 2005, Tougaard et al. 2015) by searching over a 0.5 s time 

window centered on the TK-detection and finding the 0.125 s period with the maximum 

energy. Multi-path arrivals from a single airgun pulse were separated into distinct 

impulses for analysis when we used the second approach. We chose the 0.125 s window 

based on Tougaard et al. (2015) and because it is also the standard used in terrestrial 

sound level meters for fast-time weighting (ANSI S1.4-1983 R2006) and hence will be 

simpler for other teams to replicate in the future. The results of these two approaches 

were compared with the total 1 min sound levels computed from the same time periods. 

The data were pre-conditioned using a 10 Hz high-pass digital filter to remove very 

low-frequency electrical noise caused by an improper power supply to the current-loop 

circuits of the hydrophones. The finite impulse response filter was designed with the 

MATLAB  (The Mathworks Inc, Natick Ma) Filter and Window Design Application, with 
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a 7 Hz stop frequency, a 10 Hz pass frequency, and 60 dB of stopband attenuation using 

the óKaiser Windowô design option. The filter had 77342 points, and it did not 

substantially affect the measured signal levels above 10 Hz. Analysis of seismic pulses 

received 40 km from the source before the electrical noise began (5ï6 Aug) showed up to 

a 0.2 dB difference in the per-pulse SPL and SEL, and up to a 1.5 dB difference in the 

peak sound pressure level. Processing of the wav file recordings was performed using the 

PAMlab software suite (JASCO Applied Sciences). Post processing of the PAMlab 

outputs and plot generation was performed using custom MATLAB  scripts.  

3.2.3. Seismic Source and Acoustic Propagation Modeling 

Acoustic propagation modeling was a four-part process: 1) modeling of the airgun 

source; 2) modeling per-pulse sound exposure level propagation loss using a range-

dependent parabolic equation model, 3) combining the source level and propagation loss 

to estimate the per-pulse SEL at the water volume around the source, and 4) converting 

the per-pulse SEL to SPL. The first two steps were performed at individual decidecade 

centre frequencies between 10 and 2000 Hz, and the contributions of each band were 

summed during the final step. We used the Airgun Array Source Model (AASM, JASCO 

Applied Sciences) to estimate the source signature of each airgun in the array by 

simulating the physics of bubble expansion and interactions with adjacent bubbles. The 

frequency dependent source level and beam pattern of the array were estimated by 

convolving the signatures of the individual airguns taking into account the geometry of 

the array (MacGillivray 2006, Matthews and MacGillivray 2013). The Marine Operations 

Noise Model (MONM, JASCO Applied Sciences) was used to perform parabolic 

equation propagation loss modeling. MONM is based on the U.S. Navyôs Range-
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dependent Acoustic Model (Collins 1993), modified to use complex density to 

approximate shear wave conversion energy loss at the seafloor (MacGillivray 2006, 

MacGillivray and Chapman 2012, Matthews and MacGillivray 2013).  

Propagation loss estimates are affected by the bathymetry, water column sound 

speed profile, and acoustic properties of the seabed (Jensen et al. 2011). Pre-survey 

modeling (Matthews 2012b) was performed using sound speed profiles from the 

Generalized Digital Environmental Model (GDEM) database (Teague et al. 1990), 

bathymetry from the SRTM 30 data set (Rodríguez et al. 2005), and a five-layer seabed 

geo-acoustic profile based on available literature (Table 3-7). The sound speed profile in 

this area has a strong sound speed minimum at ~60 m depth because of cold fresher water 

lying over warmer more saline water (e.g., Figure 3-18). Therefore, we expected that 

sound would refract towards the sound speed minimum and that there would be higher 

sound levels at 100 m recording depth compared to the lower recording depths (see Sabra 

et al., 2016 for an introduction to long range underwater sound propagation). Due to the 

width of the measured sound duct (~15 m/s change from 30 to 100 m depth) the 

measured sound levels at higher frequencies maybe slightly less than could have been 

measured at 60 m at long ranges.    

Per-pulse SELs were converted to T90 SPLs using a range-dependent estimate of the 

pulse length. The pulse length was estimated by generating a synthetic pressure 

waveform for the airgun array through a Fourier synthesis of the waveform. The 

vertically and azimuthally directional starting field for the sound propagation model was 

generated in 1-Hz frequency bins from 10ï2000 Hz, based on the source signature 

computed by AASM and the relative position of each array element. The propagated 
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sound field was summed across frequency, and then an inverse Fourier transform was 

performed to obtain the modeled waveform. The pulse length was obtained from the 

modeled waveform to produce a per-pulse SEL to SPL conversion factor. During the pre-

survey modeling, two conversion factors were estimated, one eastward from Station BB1 

and the other westward from BB1. For the post-survey analysis, a conversion factor along 

bearing of 030º (northeast) from Station BB1, towards BB3, was computed.  

During data analysis, the measured and modeled sound levels were compared. 

Further modeling was performed to investigate if the differences between the measured 

and modeled sound levels could be reduced by increasing the frequency resolution of the 

modeling, running the model with the measured sound speed profiles, or using the 

bathymetry measured by the seismic vessels. 

3.2.4. 2012 and 2013 Greenland Seismic Surveys 

Seismic surveys were conducted in the Shell-operated license areas in 2012 and 

2013. The 2012 3-D survey was conducted by the Polarcus Amani and Polarcus Samur 

from 2 Aug to 15 Oct. In that year, each vessel towed two 3480 in3 seismic arrays (Figure 

3-17). The arrays on each ship were operated alternately so that the average sounding rate 

per ship was 10ï12 s. The median survey speed was 2.25 m/s, or 8.1 km/h. The vessels 

operated independently throughout the survey. The ships occasionally operated in the 

same area on parallel acquisition lines, separated in time by a 4 h delay (32 km 

separation). Approximately 228,000 pulses from the Amani and 220,000 from the Samur 

were recorded. The median ranges of the Amani to Stations BB1, BB3, and BB4 were 42, 

106, and 124 km, respectively (Table 3-1, Figure 3-16). The median ranges to the Samur 

were 36, 62, and 105 km, respectively. The vessel tracks that passed closest to 
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Station BB1 on 4 Sep and BB3 on 18 Sep are examined. Station BB2 measurements were 

similar to BB1, so only BB1 is analyzed in detail.  

Two other seismic surveys occurred in summer 2012 in Baffin Bay. 

ConocoPhillips, DONG Energy, and Nunaoil jointly conducted a 2-D survey from 

25 Aug to 24 Sep in the license area north of the Shell license area. This surveyôs closest 

point of approach was ~40 km to Station BB3 and 120 km to BB4. Maersk Oil conducted 

a 3-D survey from 6 Aug to 1 Oct in the license area southeast of the Shell license area. 

This surveyôs closest point of approach was 100 km to Station BB1 and at least 200 km 

from BB4 (Wisniewska et al. 2014).  

From 15 Sep to 8 Oct 2013 the Fugro Discovery conducted a localized shallow-

hazards survey for Shell Oil using a 140 in3 array (Figure 3-16, Table 3-4). Shallow 

hazards surveys detect features that may impact proposed oil and gas operations such as 

gas vents, abnormal pressure zones, and fault lines. Here we present the data from 

Station BB6 as an example of measurements that were 40 or more kilometers from the 

shallow-hazards survey, and BB7 as an example of recordings within the region of the 

survey. The two summer data sets with seismic surveys are compared with the year-long 

data from Stations BB6 and BB10. 

Table 3-1. Minimum, median, and maximum distances from the Amani and Samur 

to Stations BB1, BB3, and BB4 (Figure 3-1) in summer 2012. 

Ranges from survey 

vessel to station  

Minimum 

distance (km) 

Median distance 

(km) 

Maximum 

distance (km) 

Median daily 

closest point of 

approach (km) 

Amani to:     

BB1 0.1 42 89 16 

BB3 0.02 106 153 40 

BB4  68 124 158 95 

Samur to:     
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Ranges from survey 

vessel to station  

Minimum 

distance (km) 

Median distance 

(km) 

Maximum 

distance (km) 

Median daily 

closest point of 

approach (km) 

BB1 0.7 36 90 14 

BB3 0.6 62 153 25 

BB4 68 105 158 95 
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Figure 3-3.   Survey lines of the Amani and Samur in summer 2012. 

3.3. RESULTS AND DISCUSSION 

3.3.1.  Soundscapes of Baffin and Melville Bays 

The various sets of acoustic data acquired during this project are characterized by 

different combinations of man-made and natural sounds (Figure 3-4): 1) the year-round 

recording at Station BB6 shows minimal man-made sounds; 2) the September 2013 

recording at BB7 reveal few man-made sources until the start of the shallow hazards 

survey on 15 Sep; 3) the nearshore recordings in Melville Bay (BB4) from 2012 are 

dominated by glacial ice sounds; and 4) the BB1 recordings from 2012 prominently 

feature the 3-D seismic survey. When the seismic surveys started on 2 Aug 2012 and 15 

Sep 2013, the average sound levels near the operations increased. The average 1-min SPL 

at Station BB1 was 106 dB re 1 µPa prior to 2 Aug 2012 and 134 dB re 1 µPa after that 

date, with most of the increase at frequencies below 100 Hz (Figure 3-4, Panel 4). The 

received sound levels at that station increased and decreased as the survey vessel 

approached and departed. Other stations (e.g., Station BB3, Figure 3-19) had similar 

results. The sounds from the surveys in the other license areas are not discernible in these 

figures. 
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Figure 3-4.   Summary of the received sound levels in Baffin Bay  for four sound 

scenarios: 1) Station BB6 in overwinter 2013ï2014 with minimal man-made sounds; 

2) BB7 in summer 2013 at 3ï100 km from a shallow hazards survey that started 15 Sep; 

3) BB4 near glacial ice in Melville Bay in 2012; and 4) BB1 in summer 2012 at 0.1ï90 

km from the 3-D seismic survey that started 2 Aug. The bottom section of each figure 

shows long-term spectrograms and the top section corresponding band-level time series 

plots. 

The summer 2012 stations were deployed 29 and 30 Jul and retrieved 29 Sep to 

2 Oct (Table 3-4). Since the seismic survey started on 2 Aug, there were little data 

available from 2012 to assess the natural ambient soundscape in Baffin Bay. The summer 

2013 and overwinter 2013ï2014 recordings provide data for this purpose (Figure 3-5, 

Figure 3-19, Figure 3-21, Figure 3-23). Figure 3-5 shows the distribution of 1-min SPLs 

in four of these recordings. Broadband (10ï32000 Hz) and four-decade bands are shown. 

The 10ï100 Hz band normally contains sounds from natural and anthropogenic sources, 
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calls from the very large baleen whales, possible pseudo-noise from flow over 

hydrophones and cable strum. Large vessels, seismic surveys, baleen whales, as well as 

wind and wave action are the primary sources of sound in the 100ï1000 Hz band. The 

1000ï10000 Hz band contained sounds from wind and wave action and potentially 

whistles from pilot whales and narwhals. The 10000ï32000 Hz band contains energy 

from whistles, echolocation clicks, rain and high frequency man-made sources like 

echosounders and underwater communication modems (see Cato 2008, Hildebrand 2009 

for a summary of ocean ambient noise).  

Station BB6 is representative of ambient sound level measurements in Baffin Bay 

with a median SPL of 102 dB re 1 µPa in summer 2013 and 100 dB re 1 µPa overwinter 

2013ï2014 (Figure 3-5, Figure 3-21, Figure 3-23). There were few anthropogenic sound 

sources in this period, and no 3-D seismic surveys were conducted. The general shape of 

the spectra are similar to those reported from sonobuoy studies in 1981 (Leggat et al. 

1981). The 100ï1000 Hz band, driven by wind action, has the highest sound levels 

during summer. During winter, ice cover reduced the sound levels above 100 Hz from 

December to May (Figure 3-21, Figure 3-23) (see also Roth et al. 2012). Biologic sound 

sources were infrequent, with the exception of bearded seals (Erignathus barbatus) in 

May and June (Frouin-Mouy et al. 2017). 

The sound spectra recorded at Station BB4 in Melville Bay were consistent with 

glacial ice melt. The median 1-min SPL was 116 dB re 1 µPa, 14 dB higher than the 

102 dB re 1 µPa at Station BB7 in summer 2013 (Figure 3-5, Figure 3-20, Figure 3-23). 

The highest Melville Bay sound levels were in the 1000ï10000 band, whereas in the data 

from other stations the 1000ï10000 Hz band was much lower than the 100ï1000 Hz and 
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10ï100 Hz bands. Listening to the sound files from Station BB4 (e.g., the data 

represented in Figure 3-22) reveals many instances of ice cracking, as well as pops and 

hisses that are likely caused by air escaping from melting glacial ice (Pettit et al. 2015). 

This is reasonable given that this recording was made near the Greenland coast and its 

calving glaciers (Figure 3-1).  

 

Figure 3-5. Comparison of the statistical received sound level distributions for the 

four sound scenarios in Figure 3-4 . From left to right the bands are 10ï32000, 10ï100, 

100ï1000, 1000ï10000, and 10000ï32000 Hz. 

Seismic pulses were rarely detectable at Station BB4 (e.g. Figure 3-4), and the 1-

min SPL was uncorrelated with the distance to the Samur and Amani (Figure 3-6, r2 = 

0.017, SE = 0.31). The periods with higher sound levels (e.g., 7ï11 Sep, Figure 3-4) did 

not contain pulses originating from the seismic surveys in the adjacent lease areas either; 

instead, these periods contained more loud ice cracking events than the quieter periods. 
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Figure 3-6. Ranges from Station BB4 to the Samur and Amani in summer 2012 and 

the 1-min SPL. 

 

The octave-band 1-min SPLs at Station BB6 in September 2013 (Figure 3-23, 

Table 3-8) were used to establish a threshold where the seismic survey sounds would 

stand out against the ambient background sounds and begin masking other sounds in the 

same band as the received seismic energy (see Section 3.3.7). The data preceding the 

2012 seismic survey were not used because the time period was quite short and the 

dynamic range of the 2012 ambient recordings was limited by the low sensitivity of the 

M8Eī0dB hydrophones (see Table 3-6). 

3.3.2. Nature of Seismic Airgun Pulses in Baffin Bay 

The seismic pulses recorded in Baffin Bay showed very strong multipath arrivals 

for source-recorder ranges (or separations) of less than 40 km (Figure 3-7, Figure 3-8). 

The pattern of arrivals depended on the depth of the hydrophone, the water depth (770 

m), and the range to the seismic vessel. At 100 m hydrophone depth Figure 3-7), the 

pulses arrived in pairs, where the first one was the upward traveling reflection from the 

seabed and the second was the downward traveling surface reflection. As the range to the 
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vessel increased, the time between the impulses in each pair decreased due to the reduced 

differences in path length. The number of pairs arriving at the hydrophone also increased 

with range. At the 400 m hydrophone (Figure 3-8), the path lengths between the bottom 

and surface reflections were the same; hence, the impulses were evenly spaced. Similar to 

the measurements at 100 m water depth, the number of impulses increased with the 

distance to the vessel. The additional impulses increased the 90% energy duration every 

time an additional propagation path became important (Figure 3-9). The duration 

decreased with range as the length of the propagation path shortened. At ~40 km from the 

source, the number of arrivals depended on many propagation variables (e.g., bathymetry, 

bottom scattering roughness, weather), and the pulse lengths ranged from 2 to 6 s (Figure 

3-9). 

Also, at ~ 40 km from the source, the received signal at 100 m depth began to 

exhibit a frequency upsweep pattern in the first 0.5ï1 s of the pulse time series. This 

pattern became the dominant spectral feature at ranges greater than 40 km. These sweeps 

were the result of the sound being refracted into a low-velocity sound channel (Figure 

3-18). Higher frequencies were refracted more steeply than the lower frequencies, 

resulting in a longer path length and thus later arrivals at higher frequencies. Upsweeps 

were faintly present at 200 m depth, but they were not detected at 400 m depth (Figure 

3-8). 
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Figure 3-7. Shape of 3480 in3 seismic array pulses at progressively longer ranges 

from Station BB3 in 770 m water depth at the 100 m deep hydrophone. All figures show 

5 s of data. (Left) Time series waveforms, and (right) spectrograms (1 Hz resolution, 0.2 s 

of data per FFT (0.8 s zero-padding), 0.19 s overlap between FFTs, Hamming window). 

The SPL and SEL are for the T90 window durations shown. 
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Figure 3-8. Shape of 3480 in3 seismic array pulses at progressively longer ranges 

from Station BB3 in 770 m water depth at the 400 m deep hydrophone. These are the 

same pulses as shown in Figure 3-7 at 100 m depth. All figures show 5 s of data. (Left) 

Time series waveforms, and (right) spectrograms (1 Hz resolution, 0.2 s of data per FFT 

(0.8 s zero-padding), 0.19 s overlap between FFTs, Hamming window). The SPL and 

SEL are for the T90 window durations shown. 

 
Figure 3-9. The 90% energy pulse duration compared to range for the data received at 

Station BB1 and BB3 on the 100 m deep hydrophones. Data were selected from 3.7 days 

when only a single seismic vessel was active. Ranges to the vessels were 1ï150 km. For 

each minute of seismic activity, the five pulses with the highest energy were selected and 

plotted.  
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The pulses recorded in Baffin Bay had a different character than those reported 

from other deep-water measurements, in that the direct arrival and subsequent multipath 

arrivals in the recordings from Baffin Bay study had similar amplitudes (within 1ï6 dB). 

These signal characteristics were sustained at ranges between 1 and 40 km, unlike those 

reported by Madsen et al. (2006a) from deep waters in the Gulf of Mexico where the first 

arrival had much higher levels than the multipath arrivals. The pulse structure was also 

different than the long reverberant pulses observed at intermediate ranges in deep water 

in the Lau Basin by Bohnenstiehl et al. (2012); however, the long range pulses (127 km) 

recorded at 400 m depth in Baffin Bay were similar to the Lau Basin pulses at 

comparable ranges (Figure 3-8).  

The presence of many multipath arrivals in the present data suggests a smooth and 

flat seabed with a high reflection coefficient in the Baffin Bay project area. The Lau 

Basin region, by comparison, is a tectonic spreading zone with a very high sound speed 

bottom (primarily basalt with little surface sediment accumulation) that should be an 

excellent reflector. However, random seafloor deformations at the Lau Basin spreading 

zone scatter the higher frequencies so that only low frequencies propagate long distances. 

We note, by contrast to the deep-water propagation conditions in Baffin Bay and the Lau 

Basin, that seismic pulses received in shallow water areas (<100 m) are affected by 

shallow water filtering (Urick 1983), head waves from higher speed propagation in the 

substrate, and modal dispersion (Guerra et al. 2011, Guan et al. 2015).  
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3.3.3. Cumulative Sound Exposure and Predictions of Ranges to 
Radii for Auditory Injury of Marine Mammals 

As discussed in the introduction to this chapter, recent regulatory frameworks for 

assessing and mitigating the effects of sound on marine life (Southall et al. 2007, Popper 

et al. 2014b, NMFS 2018) use two criteria to assess the risk of auditory injury: peak 

sound pressure level and cumulative SEL. For airgun arrays, the peak sound pressure 

level drops below the injury threshold level for marine mammals at a range of tens of 

meters. The cumulative SEL drops below the suggested regulatory sound levels for injury 

at ranges of hundreds of meters to 1 km +. This is the zone that must be monitored for 

protection of marine mammals (Matthews 2012b), especially for stationary receptors. 

Thus, an analysis of the cumulative SEL metric using the Greenland data may be 

instructive for future regulatory discussions. 

The radius around the source where the measurements suggest possible auditory 

injury to marine mammals depends on which set of thresholds and auditory weighting 

functions are used. The Guidelines to Environmental Impact Assessment of Seismic 

Activities in Greenland Waters (Kyhn et al. 2011) mandates the M-weightings and 

thresholds recommended in (Southall et al. 2007). In the intervening period between the 

project and present, new approaches have been proposed by the National Ocean and 

Atmosphere Administration (NOAA) for the United States (NOAA 2013, NOAA 2015, 

NMFS 2016). Each approach proposed different auditory weighting methods and 

thresholds for auditory injury and behavioral disturbance. To estimate the ranges when 

the cumulative SEL exceeded the thresholds, we computed the frequency-weighted daily 

SEL at Stations BB1 and BB3 and plotted them against the closest point of approach of 

the seismic vessels for that day (Figure 3-10, using the Southall et al. (2007), (and NMFS 
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2016) recommendations). The Southall et al. (2007) weighting functions and thresholds 

predict potential hearing damage for pinnipeds at ranges of 600 m from the array and that 

low-frequency cetaceans could be injured at very close ranges (<100 m, Figure 3-10). 

The NMFS Technical Guidance (NMFS 2016) weighting functions and thresholds predict 

that the acoustic energy from this survey could injure high-frequency cetaceans at ranges 

of less than 500 m (Figure 3-10). On eight days when the seismic vesselsô closest points 

of approach to the stations were greater than 10 km, the measured exposure levels 

exceeded the high-frequency cetacean threshold. Our review of these events showed that 

seismic sounds were present; however, additional energy from the close passage of other 

vessels increased the sound levels in the high-frequency weighted cetacean SEL for those 

days. The vessels were likely the seismic support vessel running ahead of the seismic 

vessels to ensure there are no obstructions that could affect the seismic arrays. The NMFS 

Technical Guidance threshold for exposure of high-frequency cetaceans to non-impulsive 

sounds is 173 dB re 1 µPa²·s; these exposures do not exceed the threshold. The data were 

included as óseismicô by the automated processing since detection was performed on 

unweighted data and the weighting applied to the impulses after detection. These results 

highlight the need for continued research into the appropriate auditory weighting 

functions for marine species, the effects of sound on marine life, methods of data 

analysis, and thresholds that will minimize impacts. 
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Figure 3-10. Exceedance of frequency-weighted daily SEL compared to injury 

metrics versus the closest range to either seismic vessel for the 100 m hydrophone at 

Station BB1. (Left) Southall et al. (2007) injury threshold. (Right) NMFS Technical 

Guidance (2016) permanent threshold shift (PTS). Positive values exceed the thresholds. 

Frequency band abbreviations: LF ï low-frequency cetacean auditory weighting; MF - 

medium-frequency cetacean auditory weighting; HF - high-frequency cetacean auditory 

weighting; Pinniped - pinniped weighting from Southall et al. (2007) and the phocid 

weighting from NMFS Technical Guidance (2016). The light-gray shaded high-frequency 

data also contained energy from the close passage of vessel and hence are comparable to 

the threshold of 173 dB re 1 µPa2·s rather than 155 dB re 1 µPa2·s, and hence do not 

constitute an exceedance of the thresholds. 

3.3.4. Depth Dependence of Seismic Pulse Energy 

DCEôs review of the possible effects of seismic surveys on marine life raised the 

question of variation in the received levels as a function of depth (Wisniewska et al. 

2014); therefore, our study recorded acoustic signals at 100, 200, and 400 m below the 

sea surface. We found that the SPL, per-pulse SEL, and 24-hour SEL showed only minor 

variations in the received sound levels as a function of depth in Baffin Bay. Figure 3-7 

and Figure 3-8 show that the received sounds at ranges beyond 40 km from the source at 

a 100 m depth contained a low-frequency upsweep that was not present at 200 and 400 m 

depth, as described in the Section III.B. In the longest-range case (127 km), the SPL at 

100 m depth was 6 dB higher than at 400 m; however, the pulse was also 4 times shorter 

at 100 m, which resulted in the same SEL at both depths.  

At close ranges (0ï3 km) there were differences with depth in the received signals 

that depended on the multipath reflections arriving at different times and the vertical 
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beam pattern of the seismic array (Figure 3-11). The airgun array pulse originates almost 

at the surface and propagates outwards, arriving at the 100 m deep hydrophone first, then 

the 200 m and 400 m deep hydrophones. The pulse then reflects off the seabed and the 

reflected pulses arrive at the hydrophones in the opposite order ï 400 m, then 200 m and 

last at the 100 m. The pattern reversed again for the subsequent surface reflection (Figure 

3-11). Seismic arrays concentrate sound in the vertical direction with an angular beam 

width that depends on frequency (Figure 3-24). As the vessel approached within 1 km of 

the recording station, the deepest hydrophone óenteredô the beam first, and therefore as 

the vessel approached the received sound level at 400 m depth rose before the levels at 

the 200 and 100 m depths (Figure 3-11). At the closest point of approach, all three 

hydrophones were almost entirely in the main lobe of the seismic array, so that the 100 m 

deep hydrophone had the highest sound levels since it was closest to the array and had the 

lowest geometric spreading loss.  

 

Figure 3-11. Per-pulse SEL for 125 ms impulses detected at Station BB3 

hydrophones from the 3480 in3 seismic source as it passed the station on 18 Sep 2012. 

Differences in received sound levels were primarily within the first 3 km from the source.  

 




















































































































































































































































































































































































































