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ABSTRACT OF THE DISSERTATION 
 
 
 

Seismic and Biological Sources of Ambient Ocean Sound 
 
 
 

by 
 
 
 

Simon Eric Freeman 
 
 

Doctor of Philosophy in Oceanography 
 
 

University of California, San Diego, 2013 
 
 

Michael J. Buckingham, Chair. 
 
 

Sound is the most efficient radiation in the ocean. Sounds of seismic and 

biological origin contain information regarding the underlying processes that 

created them. A single hydrophone records summary time-frequency information 

from the volume within acoustic range. Beamforming using a hydrophone array 

additionally produces azimuthal estimates of sound sources. A two-dimensional 

array and acoustic focusing produce a two-dimensional ‘image’ of sources.  

 

This dissertation describes the application of these techniques in three cases. 

The first utilizes hydrophone arrays to investigate T-phases (water-borne seismic 

waves) in the Philippine Sea. Ninety T-phases were recorded over a 12-day period, 
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implying a greater number of seismic events occur than are detected by terrestrial 

seismic monitoring in the region. Observation of an azimuthally migrating T-phase 

suggests that reverberation of such sounds from bathymetric features can occur 

over megameter scales.  

 

In the second case, single hydrophone recordings from coral reefs in the 

Line Islands archipelago reveal that local ambient reef sound is spectrally similar to 

sounds produced by small, hard-shelled benthic invertebrates in captivity. Time-

lapse photography of the reef reveals an increase in benthic invertebrate activity at 

sundown, consistent with an increase in sound level. The dominant acoustic 

phenomenon on these reefs may thus originate from the interaction between a large 

number of small invertebrates and the substrate. Such sounds could be used to take 

census of hard-shelled benthic invertebrates that are otherwise extremely difficult 

to survey.  

 

A two-dimensional ‘map’ of sound production over a coral reef in the 

Hawaiian Islands was obtained using two-dimensional hydrophone array in the 

third case. Heterogeneously distributed bio-acoustic sources were generally co-

located with rocky reef areas. Acoustically dominant snapping shrimp were largely 

restricted to one location within the area surveyed. This distribution of sources 

could reveal small-scale spatial ecological limitations, such as the availability of 

food and shelter.  
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While array-based passive acoustic sensing is well established in 

seismoacoustics, the technique is little utilized in the study of ambient biological 

sound. With the continuance of Moore’s law and advances in battery and memory 

technology, inferring biological processes from ambient sound may become a more 

accessible tool in underwater ecological evaluation and monitoring.  
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 CHAPTER 1 

Introductory Material 

 

1.1 The Underwater Radiation of Sound 

 
 The underwater world is never silent. Even a hydrophone placed in the 

ocean on the calmest of days, hundreds of miles from shore, will record noise from 

distant sources such as ships, animals, and seismic noise. In comparison to the 

atmosphere, the ocean is a much more efficient propagator of sound. Assuming the 

velocity of propagation is largely independent of frequency, the attenuation due to 

fluid viscosity, 𝛼, is given by  

 

 𝛼 = !!!!
!!!!!

      (1) 

 

(Kinsler and Frey, 1962) where plane-wave attenuation is shown to be proportional 

to the square of frequency, 𝜔, the coefficient of viscosity, 𝜂, the inverse of fluid 

density, 𝜌!, and the inverse cube of the sound speed, 𝑐. While the ratio of the 

viscosity coefficients of water and air is about 55, the ratios of density and sound 

speed are approximately 850 and 4.4, respectively. Consequently, the attenuation 

coefficient of sound in air is approximately 1300 times greater than that in water 

(note that 𝛼 is a logarithmic coefficient such that plane waves are attenuated as 

𝑒!!", where 𝑥 represents distance in m). Although attenuation in salt water is 
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increased through chemical relaxation processes, their effects are trivial in 

comparison to viscous dissipation in air at audible frequencies (Fisher and 

Simmons, 1977).  

 

Water is much more resistant to compression than any gas. The Newton-

Laplace equation elucidates how compressibility (measured as the resistance to 

uniform compression, or bulk modulus, K) influences sound speed, c: 

 

    𝑐 = !
!

      (2) 

 

The ratio of bulk modulus between seawater and air is approximately 

16,400, while the ratio of densities is only about 850. Consequently, the speed of 

sound in water is approximately 4.3 times higher than in air. The lack of absorption 

and high sound speed serve to create an environment highly amenable to acoustic 

propagation. Sound is by far the most efficient radiation in the ocean. Of any 

remote sensing technique, passive acoustic sensing of underwater sound-generating 

processes has the potential to extract the most environmental information, over the 

greatest distance.   

 

Further enhancing the propagation of sound in the deep ocean, the 

minimum in the vertical sound speed profile (known as the Munk profile, Munk et 

al., 1974) creates a continually refocusing horizontal waveguide known as the 
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Sound Fixing And Ranging (SOFAR) channel (Figure 1.1). Sound waves entrained 

in this waveguide spread cylindrically, rather than spherically. As cylindrical 

spreading dilutes acoustic energy proportionally with range, rather than to the 

second power as is the case with spherical spreading, a sound of a given pressure 

level can be heard much further away if the sound waves are entrained in the 

waveguide. Perhaps the most well known example demonstrating the efficiency of 

underwater acoustic propagation is the Heard Island experiment. In this experiment, 

designed to determine the feasibility of using long-range acoustic propagation time 

as an indicator of global temperature, a coded message was transmitted from Heard 

Island, Australia, and received simultaneously on both sides of the continental 

United States (Figure 1.2, from Munk et al., 1994). 

 

In shallow seas, ambient ocean noise is often dominated by biological 

sources. Initially, the origins of the at times cacophonous sounds recorded near 

reefs were unclear and created some consternation as the sounds were first recorded 

during the Second World War (Knudsen et al., 1948). In many tropical and 

subtropical locales, snapping shrimp of the family Alpheidae produce the majority 

of biological ambient noise through ‘snapping’ their one large claw and creating an 

implosive cavitation bubble (Versluis et al., 2000). However, many marine species 

are acoustically active (for example, soniferous fishes of the family pomacentridae: 

Mann and Lobel, 1995; Maruska et al., 2007, sea urchins: Radford et al., 2008; 

spiny lobster: Patek et al., 2009). The sources of much of the biological 

contribution to the underwater soundscape remain undetermined. The components 
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of ambient sound created by biological processes are likely to contain important 

ecological information. Recent advances in digital recording technology and the 

reduction in cost of data storage and high performance batteries have lead to the 

proliferation of underwater acoustic recording devices suited to long-term 

deployment (Lammers et al., 2008, Wiggins and Hildebrand, 2007). In turn, 

passive acoustic monitoring and evaluation of ecological parameters is increasingly 

proposed as a complimentary survey technique to more traditional and invasive 

marine sampling (Payne et al., 2008). However, recordings are often made using a 

single hydrophone, which provides no spatial information, in highly heterogeneous 

environments inhabited by large numbers of soniferous organisms. Ambient sounds 

from biological sources are at times cluttered by anthropogenic and/or wind/wave 

related noise. At larger distances, propagation effects significantly alter received 

levels and frequency content. Fully realizing the three-dimensional, multi-source 

soundfield is a task that requires both an understanding of the physical processes 

involved in acoustic propagation as well as specialized equipment that facilitates 

unambiguous and meaningful interpretation of the ambient sound field. 

 

1.2 An Introduction to the Utility of Hydrophone Arrays 

 

A single hydrophone passively records a discrete time-series of instantaneous 

acoustic pressure. This information can be used to obtain an estimate of the 

frequency composition of the noise field, and how it may change over time. If the 

signal to noise ratio (SNR) is sufficiently high, the frequency-temporal 
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characteristics of the signals of interest can be obtained. However, no explicit 

information regarding the location or orientation of signal sources is recorded. A 

single hydrophone recording system is analogous to an optical light meter, or a 

single pixel from the charge coupled device (CCD) of a digital camera. The 

recordings studied in Chapter 3 were collected with a single hydrophone. 

 

A hydrophone array consists of two or more hydrophones. Two conditions 

must be met in order to take maximum advantage of multiple acoustic channels 

recorded by an array. 1. The relative geometry between the hydrophones must be 

known. 2. Recordings must occur simultaneously and be precisely time-aligned. If 

these criteria are satisfied, and acoustic sources are sufficiently far away so that 

sound waves arriving at the array are essentially plane wave fronts, the delay in the 

arrival of a sound wave between hydrophones can be used to estimate the angle of 

arrival through a commonly applied signal processing technique referred to as 

‘beamforming’. Note that the hydrophone array is not required to physically move 

in order to ‘look’ in different directions – the ‘look direction’ is a signal processing 

parameter applied after the data is collected. Consequently the array is, in effect, 

‘looking’ at all directions simultaneously. Thus a hydrophone array, when used to 

determine the angle of arrival of plane waves, is analogous to an optical camera in 

which the wavelength and intensity of light arriving from a range of azimuths and 

elevations are recorded. The recordings studied in Chapter 2 were collected with 

two line arrays (one vertical, one horizontal), and processed using the assumption 

that sound waves arriving at the arrays were plane.  
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When the aperture of the array is of similar size to the distance between the 

array and the source, the plane-wave assumption cannot be made. As sound waves 

emanate spherically from point sources, the arrivals of wave fronts at the array 

follow a curved geometry. Consequently, the range, in addition to the angle of 

arrival, can be estimated for a given sound source through curved wavefront 

focusing. This process is almost identical to beamforming, except that the number 

of directions in which one wishes to look is multiplied by the desired resolution in 

range. Consequently, this technique requires far greater computational resources. 

Only recently, with the popularization of 64-bit computing, has it become possible 

to perform this type of analysis easily with a desktop or laptop computer. The 

optical analogy to this type of array processing is a 3-D camera, which records not 

only the wavelength and intensity of light but also the relative distance to each 

source. Chapter 4 describes the application of curved wavefront array processing to 

characterize the sound field near the array.  

 

1.3 Geophony 

 

The term “geophony”, recently coined by Krause et al. (2011) refers to the 

contribution of earth-related sound to ambient noise. As Krause et al. investigated 

terrestrial soundscapes this term is usually used in referring to sounds made by 

wind, waves, weather, and other geophysical processes. However, use of the term 

naturally extends to sounds created by similar mechanisms underwater. The 
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geophony in the deep ocean is dominated by surface generated wind and wave 

noise (Wenz, 1962). However, such noise is occasionally overwhelmed by sounds 

arising from earthquakes that have occurred under the sea floor or close enough to 

the oceans so that sound waves refract into the water column.  

 

In the solid earth, two types of seismic energy propagation occur as body 

waves from an earthquake epicenter. The first are primary compressional waves, or 

P-waves, in which particle motion is parallel to the direction of travel. Secondary 

waves, or S-waves, are shear waves in which particle motion is perpendicular to the 

direction of travel. S-waves only exist in solid media as the main restoring force 

arises from elasticity. Because of the differing mechanisms of propagation, P and 

S-waves travel at different speeds. As these speeds are known, at least to an 

approximate degree, the period of time between their arrivals at a given location 

permits the estimation of epicentral range. With three precisely timed recordings 

made at different locations, triangulation of the epicenter is possible. With a 

network of globally distributed seismometers, the United States Geological Survey 

(USGS) maintains a real-time database of global seismic activity using essentially 

this approach.  

 

When P and S-waves encounter the continental shelf or sea floor, a portion of 

seismic energy is refracted into the water column. As a fluid, seawater cannot 

provide the restoring forces necessary for shear wave propagation. Instead, 

refracted shear wave energy propagates as a compressional wave in the ocean. 
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Recordings of P and S-waves made by a hydrophone in mid-water can, like 

terrestrial seismograph recordings, be used to estimate epicentral range through the 

difference in P and S-wave arrival times.  

 

In some instances, a third wave is recorded by mid-water or bottom-mounted 

hydrophones, and to a lesser degree seismometers located on islands or coastal 

areas. This tertiary wave, or T-phase (where the terms “wave” and “phase” mean 

the same thing, but “phase” is more commonly used to describe the tertiary wave in 

the literature) is unique to seismic events that occur either under the sea floor or 

along coasts. T-phases are thought to form when P and S-waves refract into the 

ocean through favorable bathymetry and entrain into the SOFAR channel, although 

not all the mechanisms through which entrainment takes place are known 

(Williams et al., 2006). T-phases are unique amongst seismic waves in that they 

propagate in a highly efficient manner in comparison to the absorption that affects 

body waves. In addition, the frequency dependent absorption characteristics of 

seawater are far less severe than those of the solid earth.  Consequently, T-phases 

recorded at sea are often extremely powerful in comparison to P and S-waves, 

particularly at great distances from the source (Figure 1.3). These T-phases also 

contain high frequency components that have otherwise been absorbed in the solid 

earth.  

 

Chapter 2 of this dissertation investigates seismic phases, including T-phases, 

recorded simultaneously on horizontal and vertical large-aperture hydrophone 
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arrays in the Philippine Sea. After validating array performance and characterizing 

these contributions to the ambient noise field, a likely example of basin-scale T-

phase reverberation is described.  

 

1.4 Biophony 

 

 Like “geophony”, “biophony” was also coined by Krause et al. and refers to 

the biological, non-human contribution to the soundscape. The concept of using the 

information available in the biophony to gauge ecological conditions is almost 

certainly an instinctive ability that humans and perhaps other animals possess. 

However, the book Silent Spring (Carson, 1962) popularized the notion that if the 

biophony of an ecosystem changes, the ecosystem has been altered in some way. 

This concept is perhaps even more effective underwater because of the enhanced 

propagation characteristics of the medium. The biophony recorded underwater 

integrates information from a far greater volume than is possible in terrestrial 

environments, assuming equivalent source levels.  

 

However, therein lies a problem. What is recorded in the case where sources 

within audible range number in the tens of thousands? It may be difficult or even 

impossible to identify individual sound sources, or even discern types of sound 

producers from amongst the cacophony. Such an acoustic environment is found 

over many coastal reef environments in which sounds are produced by large 

numbers of organisms living on and inside benthic structures (Everest et al., 1948; 
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Radford et al., 2010). In these environments, and when recordings are taken with 

relatively simple equipment, it is necessary to take a more synoptic view of the 

soundfield. Rather than identifying each source of sound, an overall impression of 

the time and frequency characteristics of the environment may be made. From these 

averaged results, broad conclusions may be made regarding the mechanisms by 

which sounds are produced, and the ecological relevance of changes in the 

soundfield over time or between areas (Lammers et al., 2008). Chapter 3 of this 

dissertation describes such an investigation of ambient sounds recorded over five 

coral reef sites in the northern Line Islands archipelago. Acoustic data were 

recorded simultaneously with time-lapse flash photography of reef organisms in 

order to correlate sounds with general benthic activity. The validation through 

photography, and subsequent recordings of reef organisms in quiet aquarium 

conditions, supports the hypothesis that the dominant component of reef noise in 

the northern Line Islands is produced by the interaction of large numbers of small, 

hard-shelled benthic organisms with the substrate.  

Although ambient noise on a coral reef is often a cacophony of sound in which 

individual sources are difficult to distinguish, hydrophone arrays can be used to 

spatially separate sound sources. An effort to create a ‘map’ of sound producers on 

a reef, including the spectral characteristics of the sources, is presented in Chapter 

4.  

 

The distribution of organisms in space is almost never homogeneous. Their 

physical location is often associated with resource scarcity, such as a limited food 
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supply or access to protection. As coral reefs are typically a highly heterogeneous 

environment, the distribution of acoustically active organisms is similarly non-

uniform. Knowledge regarding the whereabouts of organisms will likely reveal 

small-scale spatial patterns in resource abundance and availability. At the same 

time, directly quantifying biologically produced sounds can provide an estimate of 

abundance. If some physical characteristics of an organism, such as size, can be 

linked to the frequency characteristics of sounds produced by that organism, 

spectral information pertaining to each source may provide information regarding 

the physical characteristics of the sound producers. The study reported in Chapter 4 

is a step toward using hydrophone arrays in reef environments for the frequency 

and spatiotemporal characterization of the acoustically active organisms within. 

Chapter 3 identifies these organisms as small (< 5 cm) and extremely abundant 

invertebrates living predominantly below the surface of the reef. The diversity of 

these organisms is thought to be grossly underestimated due to the shortcomings of 

traditional, optically based survey techniques (Plaisance et al., 2011). Development 

of array-based passive acoustic techniques may lead to a more accurate estimation 

of acoustically active invertebrate abundance and diversity.  

 

1.5 Summary of Key Points 

 

This thesis concerns the characterization of sources of ambient ocean noise at 

two different scales, in two different environments. Chapter 2 describes the use of 

simultaneously recording, large aperture horizontal and vertical hydrophone arrays 
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to investigate the arrival structure of T-phases in the deep ocean. Ninety T-phases 

were recorded over a 12-day period, implying that a far greater number of seismic 

events occur than are detected by the USGS seismic monitoring network in the 

region of the Philippine Sea. The analysis of an azimuthally shifting T-phase arrival 

shows that the T-phase most likely scattered from the Ryukyu ridge, south of the 

Okinawa Islands. This basin-scale reverberation significantly lengthens the period 

of SOFAR ensonification.  

 

Chapter 3 examines ambient biological noise recorded on five reefs in the 

northern Line Islands archipelago. Simultaneous time-lapse photographic data 

taken by remote underwater cameras provide identification of active benthic 

organisms and a relative indicator of organism activity. Acoustic recordings show a 

spectral peak in the 14.3 to 14.63 kHz band, consistent across all field sites. This 

peak increases in pressure spectral density by 5 to 7 dB at nightfall, and decreases 

by the same amount at sunrise. Time-lapse photography shows a marked increase 

in benthic organism activity concurrent with the increase in sound level. The 

majority of recorded activity was that of crustacea, including hermit crabs, 

Brachyurid (true) crabs, and shrimp. Acoustic recordings of blue-eyed hermit crabs 

Clibanarius diugeti in quiet aquarium conditions demonstrate that the sounds 

produced as the crabs feed and move over coral substrate are spectrally consistent 

with the dominant sounds recorded in the Line Islands, although the level of 

individual sounds is on the order of 20 dB less than ambient noise on Line Islands 

reefs at night. Consequently, the sounds created by a large number of small, hard-
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shelled creatures appear to create the spectral peak dominant in ambient reef noise 

around the northern Line Islands. 

 

Chapter 4 further examines reef noise through use of a portable, diver-

deployed hydrophone array deployed over a spur-and-groove coral reef 

environment at Kure Atoll, within the Papahānaumokuākea Marine National 

Monument, Northwest Hawaiian Islands (NWHI). The recording site was unique in 

that the absence of anthropogenic noise, especially at night, was guaranteed. 

Additionally, because of the remote and protected status of the ocean around Kure 

Atoll, the biophony could be considered as that produced by a virtually undisturbed 

ecosystem. Deployment of the array in a bi-linear configuration and restricting the 

acoustically surveyed area to a 40-by-40 m horizontal square around the array 

permitted the use of curved-wavefront acoustic focusing, enabling localization of 

sound sources in two-dimensional space, approximately over the nearby reef 

surface. To reduce the computational burden arising from conventional and 

adaptive array processing, a two-step approach using cross-correlation was applied: 

First, pair-wise cross-correlation was used to triangulate the locations of dominant 

sound sources. Then, acoustic focusing was performed only over areas likely to 

contain sound sources. Results from four minutes of recording reveal a highly 

heterogeneous acoustic environment. Snapping shrimp appear to contribute 

significantly to single hydrophone recordings at Kure Atoll, but are localized to one 

area within the surveyed region. Spectrally heterogeneous sounds are localized in 

other areas, suggesting that different sound generating processes - linked to distinct 
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biological processes – occur on spatial scales resolved by the array. Future work 

will continue to extract biologically and ecologically relevant information from the 

frequency and spatiotemporal distribution of sound sources recorded at Kure Atoll. 

In particular, the relationship between spatial changes in the soundscape and the 

nightly increase in pressure spectral density will be investigated. Furthermore, three 

additional deployments of the hydrophone array at islands along a gradient of 

latitude within the Papahānaumokuākea Marine National Monument (Pearl and 

Hermes Atoll, Neva Shoals, French Frigate Shoals). The array processing 

algorithms described in Chapter 4 will be applied to these data to ascertain if 

latitudinal gradients correlate with changes in the soundscape recorded at these 

sites.  
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1.7 Figures 

	  

Figure 1.1: Left: An idealized ‘Munk’ sound speed profile from the surface to 5 km 
depth. The Munk profile is typical of that found in the deep ocean. Right: a ray-
based propagation model output of a 1 Hz sound source at 1 km depth showing the 
effect of the SOFAR channel, of which the axis is at a depth of approximately 1100 
m. The colorscale indicates transmission loss, in dB. 
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Figure 1.2: A map showing the source, receiver positions, and global acoustic 
propagation paths associated with the Heard Island feasibility study. The station in 
Samoa did not intercept transmissions due to blocking by bathymetric features. 
This Figure is from Munk et al., 1994. Reproduced with permission. 
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Figure 1.3: A spectrogram of acoustic data recorded in 4825 m of water in the 
Philippine Sea showing the typical undersea arrival of P- and S-waves from a 
seismic event, followed approximately 5 minutes later by a far stronger T-phase 
arrival. The horizontal and vertical axes represent elapsed time (in minutes) and 
acoustic frequency (in Hz), respectively. The colorscale indicates pressure spectral 
density in dB re 1 µPa2/Hz. 
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 CHAPTER 2 

 

Estimating the horizontal and vertical direction-of-arrival of water-borne 

seismic signals in the northern Philippine Sea. 

 

2.1  Abstract  

	  

Conventional and adaptive plane-wave beamforming with simultaneous 

recordings by large-aperture horizontal and vertical line arrays during the 2009 

Philippine Sea Engineering Test (PhilSea09) reveal the rate of occurrence and the 

two-dimensional arrival structure of seismic phases that couple into the deep ocean. 

A ship-deployed, controlled acoustic source was used to evaluate performance of 

the horizontal array for a range of beamformer adaptiveness levels. Ninety T-

phases from unique azimuths were recorded between Yeardays 107 to 119. T-phase 

azimuth and S-minus-P-phase time-of-arrival range estimates were validated using 

United States Geological Survey (USGS) seismic monitoring network data. 

Analysis of phases from a seismic event that occurred on Yearday 112 near the east 

coast of Taiwan approximately 450 km from the arrays revealed a 22° clockwise 

evolution of T-phase azimuth over 90 s. Two hypotheses to explain such evolution 

- body wave excitation of multiple sources or in-water scattering - are presented 

based on T-phase origin sites at the intersection of azimuthal great circle paths and 

ridge/coastal bathymetry. Propagation timing between the source, scattering region, 

and array position suggests the mechanism behind the evolution involved scattering 
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of the T-phase from the Ryukyu Ridge and a T-phase formation/scattering location 

estimation error of approximately 3.2 km. 

 

2.2 Introduction  

 

The mechanisms by which seismic phases couple to the deep sound channel 

are highly dependent on bathymetry (Talandier and Okal, 1998; D'Spain et al., 

2001; Park et al., 2001; Bohnenstiehl et al., 2003). Although studied for several 

decades, aspects of this coupling remain poorly understood (de Groot-Hedlin and 

Orcutt, 1999; Chapman and Marrett, 2006; Williams et al., 2006; Bohnenstiehl, 

2007). T-phases (T being an abbreviation for tertiary, following P, primary, and S, 

secondary, phases) are water-borne seismic waves created by P and S wave 

components propagating through and refracting, diffracting, and scattering from the 

ocean bottom into the water column. First described by Tolstoy et al. (1949), T-

phases are frequently recorded by passive acoustic sensor systems in the deep 

ocean (e.g., Baggeroer et al., 2005). A definitive review of T-phase research is 

found in Okal (2008). Due to the highly efficient, continually refocusing nature of 

horizontal acoustic propagation in the deep sound channel, T-phase signals offer a 

method of seismic event detection and characterization for coastal and oceanic 

events that is far more sensitive than what can be achieved with a terrestrial 

seismometer network. Indeed, Dziak et al. (2004) have shown that the minimum T-

phase detection threshold for deep sound-channel-based hydrophones is 1.53 lower 

in magnitude than that of terrestrial seismometer networks located around the 
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Atlantic Ocean. Hence, T-phase analysis can yield unique insight into seismic 

events near and under the oceans. From an applied viewpoint, T-phase analysis is 

an important component of seismic monitoring systems such as for the 

Comprehensive nuclear Test Ban Treaty (CTBT) (Harris et al., 1994; Okal, 2001).   

Normal mode analysis of T-phase arrival structure has indicated that the first mode 

is often the dominant energy contributor (D'Spain et al., 2001). This mode travels 

with minimal bottom interaction and follows the most direct ocean-acoustic path 

from the T-phase formation site to the receiver. Unlike an ideal waveguide, in 

which the lowest order modes have the greatest group velocity, the most horizontal 

acoustic pathway in the deep ocean may not necessarily be the fastest due to higher 

sound speeds above and below the deep sound channel axis. Thus, precise 

knowledge of the water column sound speed profile along the travel path of the T-

phase is very helpful when attempting to use the time-dependent modal structure of 

T-phase arrivals to infer mechanisms of coupling to the deep sound channel (Jensen 

et al., 1994). The only significant T-phase attenuation mechanisms besides 

geometrical spreading are interaction with bathymetric features that protrude into 

the sound channel, and absorption by land masses. Such efficient propagation 

enables megameter-scale detection and characterization (Ewing et al., 1951; 

Johnson et al., 1963; Slack et al., 1999; Reymond et al., 2003; Okal, 2008). In 

addition, in shallow water such as continental shelf regions, earth-borne seismic 

energy is most likely to couple into the deep sound channel through the lowest 

order modes due to the depth-limited nature of higher order mode propagation 

(Jensen et al., 1994; D'Spain et al., 2001; Okal, 2008). It should be noted, however, 
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that estimates of the epicentral location of seismic events that create T-phases from 

T-phases themselves are not definitive; significant variation can exist between 

epicenters and T-phase coupling site locations, the relationship between which is 

governed by many factors including bathymetry, crustal structure, and the type of 

seismic event. In this article, insight toward the complexities of such variation is 

provided through simultaneous horizontal and vertical measurement of T-phase 

arrival structure using hydroacoustic line arrays and adaptive beamforming 

algorithms. Evidence is presented to suggest that T-phase energy scatters from 

basin-scale bathymetric features, lengthening the duration of ensonification in the 

deep ocean.  

The mechanisms of T-phase generation cannot be precisely known in each 

instance without accurate information regarding the originating seismic event, 

geoacoustic properties of the ocean bottom and sub-bottom, sea floor roughness, 

and bathymetric features within the coupling zone. Even if this information is 

known, it may not be available to the spatial resolution required for a complete 

assessment. Additionally, it is likely that not all mechanisms by which T-phases 

couple to the deep sound channel have been discovered (Williams et al., 2006). 

Several mechanisms have been proposed to explain the formation of T-phases 

during transmission of seismic waves into the water column. Down-slope 

conversion, described by Johnson et al. (1963), has been used to explain the 

coupling between body waves and the deep sound channel on sloping continental 

boundaries. Scattering from the rough sea floor in deep water has been proposed to 

explain the formation of T-phases far from any bathymetric features that 
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substantially protrude into the deep sound channel (Walker et al., 1992; de Groot-

Hedlin and Orcutt, 1999). Similarly, scattering from the rough sea surface may also 

enable entrainment of acoustic energy in the deep sound channel (Johnson and 

Norris, 1968; Keenan and Merriam, 1991). Additionally, direct refraction of 

seismic waves directly into the deep sound channel through vertical or near-vertical 

bathymetric features may result in the entrainment of acoustic energy at sufficiently 

small propagation angles to enable teleseismic (i.e., reception of a seismic signal 

more than 1000 km from the epicenter) transmission.  

Evidence regarding the complex nature of T-phase generation mechanisms 

is indicated by the variation in the characteristics of T-phase arrivals on single-

hydrophone or on terrestrial T-phase station recordings. Propagation effects in the 

deep ocean also influence these recordings. However, even from multiple locations, 

such recordings do not characterize the potential spatial variability of T-phase 

coupling sites during an event. Additionally, they do not offer insight toward the 

vertical arrival structure of seismic phases.  

The higher-frequency components of seismic events (greater than about 5 

Hz) typically are not recorded far from the hypocenter by terrestrial seismometers, 

as attenuation during propagation through the solid earth is strongly frequency 

dependent (Slack et al., 1999; Dziak et al., 2004). Provided that a given T-phase 

couples to the deep sound channel close to the hypocenter, the high-frequency 

component of the originating seismic event is more likely to be recorded by an in-

water hydrophone as horizontal propagation of frequencies around 4 to 50 Hz is 

highly efficient in the deep ocean. Consequently, more information regarding 
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coastal and oceanic seismic events may be obtained through the use of water-

column acoustic sensor systems than from recordings by terrestrial seismometers.  

Analyses of T-phase arrivals using a hydrophone array capable of beamforming 

over the higher-frequency (approximately 5 to 50 Hz) T-phase components confers 

unique advantages in T-phase characterization, detection, and localization. 

Furthermore, knowledge to sub-wavelength scale accuracy of the relative positions 

of array elements and the array orientation allows for effective use of adaptive 

array processing. High-resolution data-adaptive techniques such as Minimum 

Variance Distortionless Response (MVDR) (Capon, 1969) and White Noise 

Constrained (WNC) beamforming (Cox et al., 1987) adaptively steer nulls toward 

off-look-direction, uncorrelated noise sources. The WNC technique can yield 

greater azimuthal resolution while retaining some robustness to violations of the 

assumptions made in array processing (Cox et al., 1987). Such techniques have 

been shown to improve the signal-to-noise ratio (SNR) of seismic phases (Harris et 

al., 1994). Combining simultaneous observations of T-phase arrivals from a 

horizontal array with another array oriented vertically reveals the azimuthal and 

modal nature of received T-phases (D'Spain et al., 2001). The ability to determine 

both horizontal and vertical characteristics of a water-borne seismic signal yields 

unique insight into the coupling of this energy through the oceanic crust into the 

deep ocean. 

The objective of this article is two-fold; 1) to quantitatively evaluate the true 

azimuth-of-arrival estimation performance of the towed horizontal array deployed 

in deep water during PhilSea09, and 2) to examine the horizontal and azimuthal 
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arrival structure of seismic phases recorded simultaneously on large-aperture 

horizontal and large-aperture vertical arrays in the deep ocean during PhilSea09. 

The next section of this paper briefly describes the experiment (Section 2.3.1) and 

acoustic sensor arrays used to collect the relevant data (Section 2.3.2). Section 2.4 

outlines the data analysis approach including array processing methods (Section 

2.4.2) and an automated T-phase peak-picking algorithm for rapidly obtaining 

angle-of-arrival estimates (Section 2.4.3). This section also describes the method by 

which the horizontal towed array true azimuth-of-arrival estimation performance 

with both conventional and data-adaptive beamforming algorithms was quantified 

using received tones from a controlled acoustic source at known azimuth, depth and 

range (Section 2.4.4). Results are presented in Section 2.5. The array azimuthal 

estimation performance results using the controlled source signals (Section 2.5.1) 

are followed by a summary of the time-of-occurrence and azimuth-of-arrival of the 

90 T-phases identified in the PhilSea09 data set (Section 2.5.2). Combined 

epicentral range and azimuth estimation is then evaluated using data from both the 

vertical and horizontal acoustic arrays for a seismic event characterized by the 

United States Geological Survey/National Earthquake Information Center 

(USGS/NEIC) seismic monitoring network (Section 2.5.3). Evidence is then 

described of T-phase generation and/or scattering along the Taiwanese coast and 

Ryukyu Trench through the analysis of T-phase azimuthal and elevation angle of 

arrival characteristics recorded by both arrays (Section 2.5.4). The observations 

indicate that the coupling of seismic energy into the deep sound channel can occur 

over large spatial scales well outside the margin of estimation error. Such 
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observations have been made before (Chapman and Marrett, 2006) although not 

without refutation of the mechanisms involved (Bohnenstiehl, 2007; Chapman and 

Marrett, 2007). The results for this event’s T-phase then are followed by a similar 

examination of the spatiotemporal arrival structure of its seismic body waves 

(Section 2.5.5). Implications of observed seismic arrival characteristics are 

discussed in Section 2.6. Finally, Section 2.7 summarizes the conclusions from this 

work. 

 

2.3 Description of the experiment and sensor arrays  

	  
2.3.1 Experiment  

 

A series of mesoscale acoustic experiments were performed in the Philippine 

Sea in April, 2009, as part of the ‘PhilSea’ experiment series (Worcester et al., 

2010). In PhilSea09, the Five Octave Research Array (FORA) (Becker and Preston, 

2003) was towed horizontally by the R/V Kilo Moana and the autonomous 

Distributed Vertical Line Array (DVLA) (Worcester et al., 2009) was bottom-

moored at 21.365°N and 126.017°E. Equipment was deployed from the R/V 

Melville, including the J15-3 controlled acoustic source. Figure 2.1 shows a map of 

the deployment locations. During periods of the experiment relevant to this study, 

the Melville was station-keeping at 35 km along a line bearing 17.5° northeast from 

the location of the DVLA (SS-35), position 21.67°N 126.12°E. Figure 2.1 also 

illustrates the track taken by the R/V Kilo Moana towing the FORA on Yearday 
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112 from 04:20 to 10:15 UTC, on an arc centered at SS-35 and of radius 62.03 km. 

This event is referred to as the ‘arc event’. The DVLA and FORA recorded a 

number of seismic events during this time. 

During the arc event, the controlled acoustic source was deployed at 15 m 

and 60 m depths and produced a periodic signal of 5 min cycle duration. For 265 s 

of each cycle, the signal was comprised of seven tones, of which only the lowest 

three (79, 100, 135 Hz) were used in this study. Results from quantitative analysis 

of the azimuth of arrival of the lowest-frequency tones are presented in Section 2.5. 

 

2.3.2 Sensor arrays 

 

The FORA consists of five nested arrays of which four are linear, equally 

spaced hydrophone arrays designed with a range of inter-element spacings (Becker 

and Preston, 2003). The analysis of low frequency sounds presented in this paper 

was performed with data from a 16-element equally spaced sub-array consisting of 

every other element of the Ultra Low Frequency (ULF) array, a component of the 

FORA with a design frequency of 250 Hz. The inter-element spacing of this sub-

array was 6 m, corresponding to a design frequency of 125 Hz. This sub-array is 

referred to as the ULF sub-array in this paper.  

The array was towed 450 m behind the R/V Kilo Moana with an ULF array-

center distance (element #1) of 500 m. FORA acoustic data were sampled at a rate 

of 8 Ksamples/s for all acoustic channels, with 24-bit analog-to-digital conversion. 

Conductivity, temperature, and depth (CTD) casts taken from the R/V Kilo Moana 
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indicated that sound speed at the average depth of the array was approximately 

1520 m/s, corresponding to an in-situ array design frequency of 126.7 Hz. Non-

Acoustic Sensor (NAS) packages were positioned on the FORA adjacent to 

elements #1 and #32 of the ULF array, a separation distance of 108.5 m. Local 

magnetic bearing, roll, pitch, and yaw in addition to depth (resolved to 0.1 m) were 

recorded at a sample rate of 3.906 Hz by the NAS. These data were used to 

calculate array pitch and array axis bearing, in addition to verifying array 

straightness as assumed in the beamforming algorithms. Periods during which array 

element position error due to curvature was greater than 10% of the wavelength of 

the maximum detected T-phase frequency (around 50 Hz) were excluded from 

analysis. This 10% of wavelength error corresponds to a 1 dB reduction in array 

gain at that frequency using conventional beamforming (Hodgkiss, 1983). 

Shipboard GPS data from both the R/V Kilo Moana and the R/V Melville (with 

antenna positions near the center of the vessel) were recorded once a second 

throughout the experiment. 

During PhilSea09 the DVLA (Worcester et al., 2009) was moored on the 

ocean bottom in approximately 5530 m of water. It consisted of two 1000-m-long, 

30-element vertical sub-arrays, one spanning the sound channel axis located at 

about 1050 m depth, the other (the “deep sub-array”) spanning the surface 

conjugate depth at around 4670 m for the month of April (Antonov and Garcia, 

2006; Locarnini et al., 2006). Note, however, that the conjugate depth varied 

significantly during PhilSea09 because of changing water properties within the 

surface mixed layer. The deep sub-array consisted of two nested, equal-element-
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spacing sub-arrays, a 20-element sub-array with 5 m inter-element spacing and a 

12-element sub-array with 90 m spacing. The 12-element sub-array was centered 

on the estimated conjugate depth, while the 20-element sub-array (the “lower sub-

array”) was positioned entirely below the conjugate depth. DVLA acoustic data 

were sampled at 1953.125 samples/s at 24-bit resolution per channel. A high-pass 

resistor-capacitor (RC) filter with a pole at 10 Hz and a 6 dB/octave roll-off was 

incorporated as part of all DVLA acoustic channel data acquisition to remove very 

low frequency ambient noise and mechanical noise associated with cable vibration. 

The effects of this RC filter have not been taken into account in the results 

presented in this paper.  

The DVLA was navigated using long-baseline 

navigation/interrogation/recording systems within the two array control modules 

positioned atop each 1000-m sub-array and four acoustic transponders deployed on 

the sea floor. Acoustic recordings were time-aligned with a dual-oscillator clock 

system on board each control module that was synchronized with GPS time. The 

maximum clock error during the experiment is approximately 1 ms (Worcester et 

al., 2009). DVLA data were recorded and stored independently on each hydrophone 

element. Time-alignment signals based on this clock system were transmitted 

inductively through the mooring cable to each element twice per hour to allow for 

post-experiment clock corrections. The resulting timing accuracy is more than 

sufficient for P, S, and T-phase range and azimuth estimation.  

Time-of-arrival estimation was implemented using spectrograms from the 

deep sub-array. These data also were used to resolve the left-right ambiguity of the 
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beamforming outputs from the FORA. Vertical beamforming was implemented 

using the 20-element deep sub-array because of the relatively low-noise conditions 

around the conjugate depth.  

 

2.4 Data analysis 

 
2.4.1 Spectral analysis  

 

Spectrograms for all 16 elements of the FORA ULF sub-array were created 

using 50% overlapped, 8192-point Fast-Fourier Transforms (FFTs) windowed with 

a Kaiser-Bessel function of α = 2.5. For the DVLA, spectrograms were created for 

five elements, at 4285, 4915, 5205, 5245, and 5280 m depth. Due to the DVLA’s 

lower data sampling rate, a 2048-point FFT with 52% overlap was used to provide 

a nearly identical rate at which frequency domain ‘snapshots’ were obtained. This 

approach allowed direct comparison between the DVLA and FORA arrays of the 

temporal variations in single-element spectra and beamformer output estimates. 

All S-minus-P-phase and T-minus-P-phase range calculations were made from the 

DVLA mooring position. Comparisons between spectrograms of potential T-phase 

arrivals between DVLA elements, and between beamformer outputs from the 

FORA and DVLA arrays, were performed to rule out mechanical and electrical 

noise as spurious sources.  
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2.4.2 Beamforming 

 

Narrow-band beamforming was implemented on data collected by the 

FORA ULF sub-array and the DVLA lower sub-array over all frequency bins from 

the first bin above 0 Hz to the spatial design frequency of each array (125 Hz and 

150 Hz, respectively). Data cross-spectral density matrix (CSDM) estimates were 

averaged using 𝑁 + 2  snapshots, where N represents the number of elements in the 

array, to ensure full rank of the CSDM before further processing. The resulting 

beamformer outputs were produced every 10 s for both the 16-element ULF sub-

array and the 20-element DVLA sub-array. Ship speed remained between 2.3 to 2.5 

ms-1 for the duration of the experiment. 

Frequency-wavenumber analysis is a powerful method to study the self-

noise characteristics of towed arrays (Ferguson, 1998). Beamformer output 

magnitude squared, 𝐵!(𝜔, 𝑘), on the frequency-wavenumber plane was calculated 

by multiplying plane-wave replica vectors and their Hermetians corresponding to 

spatial wavenumbers between − 𝑘! 2 to 𝑘! 2, (𝑘!  denotes the spatial sampling 

wavenumber) with the CSDM for each temporal frequency bin as shown in 

Equation 1. 

 

   𝐵! 𝜔, 𝑘 = 𝒘!
! 𝐶𝑆𝐷𝑀(𝜔) 𝒘𝒌  (1) 

 



	  

	  

33 

where 𝒘𝒌  and, 𝒘!
!  represent the plane wave vector and its Hermetian, 

respectively, for the kth wavenumber. This processing is equivalent to taking a 

spatial FFT of the complex Fourier coefficients in each temporal frequency bin. 

Broadband frequency-wavenumber outputs were examined to establish that non-

acoustic noise levels were significantly lower than those within the frequency-

wavenumber acoustic ‘cone’ and that the cone position on the frequency-

wavenumber plane at wavenumbers − 𝑘! 2 and 𝑘! 2 correspond to the sub array 

design frequency. This confirmed the array shape, element spacing, and provided 

an array-derived estimate of in-water sound speed.  

Frequency-azimuth beamformer outputs were used to determine the 

directionality and vertical characteristics of seismic phase arrivals at 10 s intervals. 

Frequency-azimuth plane-wave beamforming using conventional, Minimum 

Variance Distortionless Response (MVDR) (Capon, 1969), and White Noise 

Constrained (WNC) adaptive beamforming techniques (Cox et al., 1987) were used 

in analysis of acoustic data from both FORA and DVLA sub-arrays. To quantify 

the FORA azimuth-of-arrival estimation performance, an investigation was 

performed using the J15-3 acoustic signals that arrived near broadside during the 

arc event, when the exact location of the acoustic source was known. Estimates of 

the variance and bias of signal azimuthal estimates were produced for WNC 

beamformers representing a range of ‘adaptiveness’, using constraint values of 0 

dB, 6 dB, and 12 dB down from conventional. A constraint of 0 dB reduces 

adaptiveness in the WNC beamformer to zero, producing a result identical to one 

obtained using a conventional beamformer with a rectangular spatial window 
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function, whereas 12 dB down creates a highly adaptive beamformer approaching 

that of the MVDR.  

 

2.4.3 T-phase directionality estimates 

 

Since T-phases propagating in the water column over long range typically 

have a predominantly first-mode structure (D'Spain et al., 2001), these arrivals are 

detected at horizontal incidence. Previous measurements of T-phases from vertical 

hydroacoustic arrays (Baggeroer et al., 2005) support this statement. The FORA 

pitch was no greater than 5° during periods in which T-phases were recorded. The 

positions of individual array elements were estimated using the array pitch and 

depth measurements, and the assumption that the array was straight when the two 

compass headings recorded by the NAS differed by less than 2°. Array bearings 

relative to broadside were then converted to azimuthal estimates relative to true 

north, albeit with a left-right ambiguity along the axis of the array. Conversion 

from array-based bearings to true azimuth of arrival was implemented using 10-sec 

averages of the declination-corrected magnetic compass data from the two NAS 

packages. The left-right ambiguity was resolved by comparing the arrival times of 

individual seismic events between the FORA and DVLA. T-phases received during 

periods of time when one array was not recording were not considered in this 

analysis. 

T-phases are characterized by azimuthally directional arrivals in the 2 to 50 

Hz band, typically lasting between twenty and several hundred seconds. Although 
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the T-phase pressure spectral density level decreases with increasing frequency, 

beamformer spatial resolution increases. As a result, typical T-phase arrival 

structures on the frequency/angle-of-arrival plane appear as a ‘triangle’ of relatively 

high estimated pressure spectral density, as compared to background ocean noise. 

The wide ‘base’ of the triangle is observed in the lowest frequency bins and covers 

the widest range of azimuths due to the comparatively poor azimuthal resolution of 

the array at these frequencies. Azimuthal resolution improves at higher frequencies, 

evolving to a point at high frequency (as in Figure 2.9 presented later in the paper). 

The triangle is symmetric about an axis that represents the most likely azimuth of 

the T-phase. A peak-picking algorithm that exploits this triangular structure was 

employed to automatically and consistently estimate the directionality of T-phase 

arrivals over each 10-sec beamformer output. The peak-picking was implemented 

over a range of estimated pressure spectral density magnitude contours from 34 to 

52 dB re1   𝜇𝑃𝑎! 𝐻𝑧, typically spanning a frequency band from about 30 Hz to 50 

Hz. Azimuthal estimates for each contour were averaged to obtain a mean T-phase 

arrival angle estimate relative to the FORA. T-phase arrivals recorded by the 

DVLA were evaluated in a similar manner to determine the elevation angle of 

arrival.  

 

2.4.4 Beamformer performance evaluation 

 

While the beamforming algorithms used to process the 79, 100, and 135 Hz 

tones produced by the J15-3 source for quantitative evaluation of beamforming 
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performance are identical to those used in T-phase analysis, automated peak-

picking of these tones in the frequency-azimuth plane required a different approach 

due to their narrowband nature. In addition, the J15-3 tones were obscured at times 

by transient noise most likely from local surface shipping. To minimize spurious 

estimates caused by this noise, the peak-picking results during times of low signal-

to-noise ratio were removed. Additionally, peak-picking was restricted to four 

frequency bins on either side of each expected J15-3 tone bin. Received levels of 

the source tones were significantly lower than the T-phase arrivals, so that the 

highest of seven contour levels from 17-23 dB re1   𝜇𝑃𝑎! 𝐻𝑧, separated by 1 dB, 

were used to obtain azimuthal estimates. Although the 135 Hz tone is above the 

design frequency of the ULF sub-array and spatial aliasing does occur, at look-

directions close to array broadside the outputs are not affected by aliasing. To 

provide an indication of the variance of azimuthal estimates at lower frequencies, 

the in-situ variances obtained for the 79, 100, and 135 Hz source tone azimuthal 

estimates were extrapolated down to those of T-phases using the frequency 

dependence derived in the following development. Assuming that the signal of 

interest is of sufficiently high Signal to Noise Ratio (SNR), the bearing resolution, 

𝑑𝜃, is such that the estimated bearing, 𝜃, falls somewhere between the interval 

 

    𝜃 = 𝜃 ± !
!
𝑑𝜃    (2) 
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where the angle θ indicates the look angle from broadside to the axis of the line 

array (θ= 0 at broadside). Under the presumption that the probability of the true 

bearing occurring in this interval is given by the uniform probability density 

function (pdf), then the expected bearing 𝐸 𝜃 = 𝜃 and 

 

    𝑣𝑎𝑟 𝜃 = !
!"

𝑑𝜃 !   (3) 

 

The use of any other symmetric pdf will only change the scaling factor of 

1/12 in Equation 3. Therefore, the variance of the bearing estimate is proportional 

to the square of the bearing resolution. The expression for the bearing resolution of 

a line array of length L in the z direction is  

 

    𝑑𝑘! = 2𝜋 𝐿    (4) 

 

where 𝑘! denotes wavenumber in the z direction. Since 𝑘! =
!
!
sin 𝜃 = !!

!
sin 𝜃 , 

then 

 

   𝑑𝑘! =
!!
!
cos 𝜃 𝑑𝜃 = !!

!
    (5) 

 

Solving for 𝑑𝜃 and incorporating Equation 2 gives 
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   𝑣𝑎𝑟 𝜃 = !
!"

!!

!! !"#! !
    (6) 

 

This equation is similar to the expression for the Cramer-Rao Bound (CRB) (Rao, 

1945; Cramer, 1946, Equation 1.25 in Tuncer and Friedlander, 2009), which is 

 

   𝐶𝑅𝐵 ≈ !
!!!

!!

! !"# !! !"#! !
   (7) 

 

However, as only an estimate of azimuth-of-arrival variance at lower frequencies 

was required, rather than an estimate of the minimum achievable variance, the 𝜆! 

term in the numerator of both equations 6 and 7 is the critical information required 

for extrapolation. As such, both Equation 6 and 7 suggest that extrapolation of the 

standard deviation to lower frequencies relies on a 1 𝑓  dependence. Such 

extrapolation was required as the only sound source available for array validation, 

the J15-3, is not capable of generating signals with sufficient energy below 

approximately 70 Hz. Results of an analysis (not presented here) indicate that the 

relevant properties of the noise field between 79 and 135 Hz are approximately 

equivalent to those down to the lower frequencies of 20-30 Hz where peak-picking 

of the T-phase energy arrival angles is performed. 

As illustrated by Equations 3 and 5, beamformer resolution, and in turn 

variance, are dependent on look direction with respect to broadside. Equation 5 

shows how the resolution, 𝑑𝜃, is proportional to 1 𝑐𝑜𝑠 𝜃 . Consequently, array 
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variance and the CRB are proportional to 1 𝑐𝑜𝑠! 𝜃 . Note that for the beamformer 

performance evaluation, the controlled source tones all arrived at very near 

broadside so that 1 𝑐𝑜𝑠! 𝜃 ≈ 1. However, as most T-phases arrived at FORA 

from larger off-broadside angles, the influence of beamformer resolution on 

bearing estimation must be taken into account.   

To derive the azimuthal estimation error, the GPS-derived azimuth between 

the R/V Melville and the acoustic center of the FORA (ground truth) was 

subtracted from the azimuth of each tone estimated from the ULF sub-array data. 

Since the GPS information pertained to the position of the towing vessel rather than 

the array, compensation for the array displacement 500 m aft from the R/V Kilo 

Moana was first required. Figure 2.2 illustrates how the angular offset correction of 

𝜃 = 0.45° was calculated. It was subtracted from estimated arrival angles during 

the arc event. A Lilliefors test for Gaussianity (Lilliefors, 1967) was performed on 

the resulting distributions of these errors, after removing those cases with low 

signal-to-noise ratio,  to verify that statistical inferences assuming a normal 

distribution could be made. Beamformer performance was not evaluated in the case 

of DVLA elevation estimates due to the lack of ground-truth information. Although 

the range, location, and depth of the J15-3 source were known, multipath 

propagation between source and receiver could not be numerically calculated with 

sufficient accuracy.  
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2.5 Results 

	  

In the next subsection, results from the evaluation of FORA azimuth-of-

arrival estimation performance, both with the controlled acoustic source data and a 

seismic event recorded on the USGS/NEIC seismic monitoring network, are 

presented. A general analysis of received T-phases is then given, followed by a 

detailed examination of a seismic event that was characterized by an unusual 

spatiotemporally evolving T-phase. 

 

2.5.1 Evaluating azimuth-of-arrival estimation performance using a 

controlled source 

 

Automated peak-picking of the arrival angles for the 79, 100, and 135 Hz 

J15-3 source tones produced valid (i.e. within the specified frequency-azimuth 

window) estimates of azimuth of arrival for 90, 71, and 89 percent of the time 

during the arc event, respectively. Estimates could not be determined at other times 

due to the presence of interferers within the frequency bands of interest. Figure 2.3 

shows the distribution of azimuthal estimation errors of each frequency for the 

three levels of beamformer adaptiveness. All beamformers produced mean source 

azimuth estimates within 1° of the GPS-calculated azimuth over the 6-hour 

recording period. The arrival of the controlled source tone remained approximately 

broadside to the FORA during this entire period, so that array resolution remained 

virtually unchanged during this evaluation. Table 1 displays the statistical values 
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corresponding to the results shown in Figure 2.3. The variance of the estimates for 

each beamformer increases with decreasing frequency in approximate agreement 

with the relationship in Equation 6. Errors between the estimated azimuths of 

seismic events and USGS/NEIC epicentral data suggest Equation 6 and the results 

shown in Figure 2.4 provide an estimate of beamformer variance at the lower 

observed frequencies of T-phase energy for similar look directions.  

 Automated peak-picking of T-phase azimuths was only possible above 30 

Hz due to the presence of a strong (35 to 40 dB re1   𝜇𝑃𝑎! 𝐻𝑧 ), spatially 

correlated, narrowband, persistent noise centered around 30 Hz. As this noise 

always arrived from the end-fire forward direction, it most likely originated from 

the tow vessel R/V Kilo Moana. Consequently, a conservative extrapolated 

standard deviation at 30 Hz, approximately 3°, was considered the standard 

deviation for T-phase azimuthal estimates. The variances of these three 

beamformer outputs show that adaptiveness has some improved ability to estimate 

source azimuth. Hence, results from the WNC beamformer with a 6 dB constraint 

were used in the analysis of seismic signals. This ‘intermediate’ level of 

adaptiveness provided a sufficiently narrow main lobe width to enable a reasonable 

degree of spatial resolution for the T-phase azimuth estimates, while producing a 

SNR that remained high enough for the peak-picking algorithm to be successful 

most of the time.  
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2.5.2 T-phases during Yearday 107 to 119, 2009 

 

 Ninety T-phase arrivals over the period between Yeardays 107 to 119 were 

identified in FORA beamformer outputs by the peak-picking algorithm. The FORA 

left-right ambiguity of received T-phases was resolved by comparing T-phase 

arrival times at the FORA and DVLA. Azimuthal estimates of these arrivals and 

the daily frequency with which they occurred during PhilSea09 are shown in Figure 

2.5. The left-right ambiguity could not be resolved for eight T-phases that were 

recorded on Yeardays 110 and 116 when data from the DVLA were unavailable, 

and hence these T-phases are not included in Figure 2.5. T-phase arrival azimuths 

were clustered around four regions: the southern terminus of the Ryukyu Trench 

and its intersection with the Gagua Ridge and Taiwan, the northern Ryukyu Trench 

to the west of the Okinawa Island group, the intersection between the Yap and 

Mariana Trenches, and the region of the Luzon Arc / Philippine fault. These 

regions correspond to areas in which earthquakes were detected by the 

USGS/NEIC seismic monitoring network during PhilSea09. These T-phases may 

thus have originated from smaller fore- and after-shocks associated with larger 

events recorded by terrestrial seismometers. 
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2.5.3 USGS/NEIC recorded event on Yearday 113, 2009 

 

Analysis of a seismic event that was of sufficient magnitude and proximity 

to land to be successfully recorded by the USGS/NEIC seismic monitoring network 

was performed in order to evaluate techniques used to determine range (S-minus-P-

phase arrival time differences) and azimuth (FORA beamformer outputs). The 

event, of body wave magnitude (mb) 4.5, occurred on Yearday 113 with an 

estimated origin time of 16:09:56.66 UTC, at an epicenter located approximately 

27.13°N 129.84°E, and a hypocentral depth of 40 km. This epicenter is 749 km 

from the DVLA, and approximately 200 km northeast of Okinawa Island along the 

Ryukyu Trench (Figure 2.6). 

S-minus-P and T-minus-P travel-time differences were calculated from the 

DVLA spectrograms and spectral ratios shown in Figure 2.7. The International 

Association of Seismology and Physics 1991 (IASP91) earth model (Kennett and 

Engdahl, 1991) was then used to estimate range. An S-minus-P time difference of 

72 s corresponds to an approximate range of 715 km, using the USGS/NEIC 

hypocentral depth of 40 km. The 34 km difference between the spectrogram-

derived range estimate and the USGS/NEIC published range is approximately 5% 

of the epicentral range. This is likely a result of multiple sources of error, including 

errors in visually picking the S and P-phase arrival times, inaccuracies in applying 

the IASP91 model to this region of the globe, and possible errors in the estimation 

of the epicentral location through the global seismometer network. Using the range 

based on the USGS/NEIC epicenter, the T-phase travel time of 8:25.34 s 
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corresponds to a mean deep sound channel axis sound speed of 1482.4 m /s. This 

value is in good agreement with the mean axial sound speed of 1481.9 m/s at 1100 

m depth, determined through averaging 20 CTD casts taken during PhilSea09, in 

contrast to a value of less than 1415 m/s obtained from the DVLA S-minus-P 

travel-time differences. 

Using the FORA ULF sub-array, the WNC beamformer with a 6 dB 

constraint, and the T-phase peak-picking algorithm, the highest received level of 

the T-phase came in at an azimuth of 36.2° T, indicating an offset of 4.4° from the 

azimuth based on the USGS/NEIC published epicentral location, as shown in 

Figure 2.6. The azimuth did not vary by more than ±3° from 36.2° over the period 

during which the T-phase was discernable above ambient background noise. 

During reception of the T-phase signal, the FORA array was traveling on a bearing 

of 224.5° T. As a result, the T-phase was received at a bearing of only 8.3° from 

end-fire. Although the site of T-phase generation for this earthquake may be offset 

in azimuth from the epicentral location, this offset is too small to be resolved by the 

ULF sub-array given the increase in the variance of azimuthal estimates incident on 

the array at such angles (re. Equation 6).  

 

2.5.4 Unique spatiotemporally evolving T-phase 

 

A seismic event recorded by both the FORA and DVLA on Yearday 112 

between 00:37:28 and 00:44:10 UTC is the focus of the remainder of this section. 
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DVLA single-element spectrograms spanning the conjugate depth and spectral 

ratios of this event are displayed in Figure 2.8. 

Comparisons between spectral ratios of the Yearday 113 event (Figure 2.7, 

lower) and of this event show differing levels of depth-dependence in the T-phase 

structures. While spectral ratios of the Yearday 113 event show some heterogeneity 

with depth, the ratio of pressure spectral densities is noticeably greater in the 

Yearday 112 event. The spectral ratios shown in Figure 2.8 are further exaggerated 

by an increasing delay in onset time with depth that less prevalent in Figure 2.7.  

The S-minus-P epicentral range estimates of 438 km, 447 km, or 456 km for this 

event were calculated based on assumed hypocentral depths of 10 km, 20 to 30 km, 

and 40 km in the IASP91 model, respectively. Circles corresponding to these three 

epicentral range estimates are shown in Figure 2.6. An initial arrival azimuth of 

292° T was measured by the FORA. This event was thus estimated to have 

occurred near the southwest terminus of the Ryukyu Trench, close to the east coast 

of Taiwan.  

The DVLA spectrograms shown in Figure 2.8 indicate a P-phase arrival at 

00:37:28 UTC and an S-phase arrival at 00:38:16 UTC, with an S-minus-P time of 

48 s. However, secondary P and S-phases were recorded between 5.5 and 7 s after 

the first arrivals on each element, with the time between the first and second 

arrivals in a pair being greater for the hydrophones closer to the sea floor. The 

corresponding T-phase arrival began at 00:42:02 UTC. A period of approximately 

8 s elapsed between the T-phase onset at the hydrophones at 4285 m and 5280 m, 
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and spectral ratios at these two depths indicate a greater than 10 dB decrease in T-

phase energy below the conjugate depth compared to that above. 

DVLA beamformer outputs reveal the temporal evolution of the vertical 

directionality of the T-phase arrival, shown in the right-hand column in Figure 2.9. 

The first-arriving energy of the T-phase is horizontal. Although some noise 

centered at an elevation angle of 0° exists before the T-phase, the estimated 

beamformed pressure spectral density level rises rapidly by 13 dB with T-phase 

onset. Levels are highest between 7 and 25 Hz. The nature of the T-phase 

components in the 35 to 50 Hz band cannot be distinguished due to continuous, 

horizontally arriving ambient noise at this elevation angle. Approximately 40 s 

after the beginning of the T-phase, comparatively weak broadband signals arrive at 

elevation angles closer to end-fire. These arrivals are initially incident from -50 to -

90° in elevation (coming from the sea floor) but subsequently begin to arrive from 

+50 to +90° (coming from the sea surface). Such off-horizontal arrivals continue to 

be received for as long as the T-phase is distinguishable from horizontally incident 

ocean noise, except for a 10 to 20 s hiatus that occurs around 00:43:20 UTC. 

Immediately after this hiatus, the off-horizontal arrivals gain in amplitude and 

become of equivalent level to the diminishing horizontal T-phase component. As 

the T-phase level diminishes, a 40 Hz tone of unknown origin appears as a 

horizontally incident signal. 

FORA beamforming output, spanning the same time interval as the DVLA 

plots but starting 50 s later to account for the T-phase propagation delay between 

the FORA and DVLA arrays, is shown in the left column of Figure 2.9. These plots 
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show the broadband T-phase arrival from a relatively constant azimuth of between 

291 and 293° over the first 40 s of the arrival. T-phase spectral density levels were 

highest during this time, exceeding 50 dB re1   𝜇𝑃𝑎! 𝐻𝑧 over the 7 to 25 Hz band. 

Over the subsequent 50 s, the estimated T-phase azimuth migrated clockwise from 

294° to 315°. Received levels remained clearly distinguishable from background 

noise during this time, although they decreased from approximately 45 dB to 30 dB 

re1   𝜇𝑃𝑎! 𝐻𝑧 in the 5 to 35 Hz band as T-phase azimuth increased. As the T-phase 

was initially incident 12° from broadside and ended 36° from broadside, array 

resolution for each frequency bin decreased by 24%. Higher frequency components 

(35 to 50 Hz) peaked strongly in level during the initial 50 s but quickly diminished 

thereafter. About 90 s after its initial onset, the T-phase remains visible but is 

greatly reduced in amplitude, diffuse, and rendered indistinguishable to the peak-

picking algorithm by low frequency noise emanating from the tow vessel. 

 

2.5.5 Beamforming on P and S phases 

 

FORA and DVLA beamformer outputs for body waves associated with this 

seismic event reveal the two-dimensional spatial structure of these arrivals over 

time (Figure 2.10). In particular, P and S-phases were observed as incident on the 

DVLA from a direction orthogonal to that from which T-phases from the same 

event arrived, consistent with previous P and S-phase observations (Chapman and 

Marrett, 2006). These body phases are characterized as vertically propagating, 

broadband (5 to 40 Hz) arrivals that are approximately 30 dB greater in level than 
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typical ocean noise in the vertical direction. The P and S-phase arrivals persisted 

for approximately 10 to 40 s and showed a temporal evolution in the vertical plane, 

with arrivals initially incident at -90° (from the sea floor) followed by an arrival of 

similar frequency structure from end-fire at +90° less than 10 s later. Following the 

disappearance of the P-phase, the S-phase is clearly discernible and also initially 

arrives at the DVLA from the sea floor. During P and S-phase arrival, the 

characteristics of the horizontal noise field appear to remain largely unmodified, 

although the main lobes at frequencies of less than 30 Hz are sufficiently wide to 

obscure any horizontal arrivals during the occurrence of the main P and S-phase 

components. FORA beamformer outputs show these P and S-phases arriving at 

broadside over the entire period they were discernible from ambient ocean noise. 

Although peaks in pressure spectral density of up to 38 dB re1   𝜇𝑃𝑎! 𝐻𝑧 were 

observed in the 5 to 20 Hz band, arrivals were spatially diffuse in elevation and 

quickly became indistinguishable from low frequency ambient noise. 

 

2.6 Discussion 

	  
2.6.1 Overview 

 

The Philippine Sea region is an area that contains a high degree of tectonic 

activity due to the fact that the Philippine tectonic plate is surrounded on all sides 

by subduction zones, including the rapid subduction of the Philippine plate under 

the Eurasian plate, and the complex nature of associated plate interactions (Seno, 
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1977; Seno and Eguchi, 1983). A consequence of this activity is that the ocean 

acoustic field in the Philippine Sea frequently contains sounds from earthquakes 

located in multiple source regions, as shown in Figure 2.5. Seismic signals that 

ensonify the entire water column often originate from local coupling of P and S-

phases at the sea floor, which then propagate predominantly in the vertical 

direction. Reflection at the surface and from the ocean bottom further extends the 

period of ensonification. T-phases travel predominantly horizontally along the deep 

sound channel axis and arrive at a later time, but with greater pressure spectral 

density and over a typically wider frequency band (approximately 2 to 50 Hz wide 

in the high-pass filtered FORA data acquisition system). T-phase arrivals may also 

be greatly extended in time as a consequence of the coupling mechanisms between 

the ocean bottom and the deep sound channel at the initial site(s) of T-phase 

generation, and to a lesser extent by the dispersive nature of sound propagation in 

the deep sound channel. Propagation within the deep sound channel is far more 

efficient than through the earth (Ewing et al., 1957; Brekhovskikh, 1960). This 

efficiency helps explain the occurrence of T-phases in the PhilSea09 array data sets 

likely associated with fore- and after-shocks that were too small to register on 

terrestrial seismometers. Scattering from bathymetry, combined with this efficiency 

of deep ocean propagation is another reason for the extended temporal length of 

recorded T-phases in some instances. Thus a more complete characterization of a 

particular seismic event in terms of higher frequency components and true event 

duration may be preserved in the associated T-phase. Although the process by 

which a T-phase is generated by seismic activity is highly dependent on the local 
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bathymetry, characterization of the T-phase by hydroacoustic arrays may 

nevertheless reveal information regarding the source event that would not normally 

be available through S and P-phase analysis using recordings from seismic sensors 

at regional and teleseismic ranges. 

 

2.6.2 Evaluation of direction-of-arrival estimation  

 

Array movement, oceanographic variability, beamformer resolution 

(dependent on the arrival angle of the signal), and array processing limitations such 

as the minimum number of snapshots required to form each full-rank CSDM 

influence the mean azimuth-of-arrival error and the error variance with the FORA. 

Quantitative evaluation of the ULF sub-array using the J15-3 source tones 

determined the ability of this sub-array and associated signal/array processing 

algorithms to estimate the true azimuth-of-arrival of distant acoustic sources. 

Furthermore, analysis of three levels of beamformer adaptiveness elucidated the 

potential effect of off-look-direction interferers on azimuth error and variance. The 

fact that the tones from the J15-3 source were identified through the processing 90, 

71, and 89 percent of the time (for the 79 Hz, 100 Hz, and 135 Hz tones, 

respectively) suggests that the FORA remained within the first convergence zone 

during the arc event in PhilSea09. Estimates of the single-tone azimuths showed 

that overall mean error near broadside was less than 1° for all beamforming 

techniques and the variance generally decreased as adaptiveness and frequency 
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increased. However, the effect of adaptiveness on signal-to-noise ratio was not 

investigated.  

The Lilliefors test for normality (at a 5% significance level) indicated that 

the distribution of azimuth errors is likely Gaussian for all frequencies and 

beamformer adaptiveness levels except for the most adaptive (12 dB constraint) 

beamformer at 135 Hz. A conservative extrapolation of the variance using the 1/f 

relationship to the lower frequencies of the T-phase arrivals indicated the standard 

deviation of azimuthal estimates around 30 Hz to be approximately 3°. For the 

event discussed in Section 2.5.4, the azimuths of arrival stayed within 2° of the 

initial estimate of 293° during the initial 50 s, and then evolved over 22° during the 

subsequent 40 s, increasing in steps of 6°, 9°, 16°, and then 22° from the original 

azimuth. Assuming the last four estimates actually came from a normally 

distributed population with a mean of 293°, the probabilities of obtaining these step 

increases in azimuth are 0.0228 , 1.35×10!! , 4.82×10!! , and 1.12×10!!" , 

respectively. It is thus extremely likely that the T-phase azimuthal evolution over 

time represents a true physical phenomenon rather than being an artifact of array 

processing. Furthermore, estimation of T-phase azimuth involved the average of 

azimuth estimates across a broad band of frequencies (re the end of Section 2.4.3) 

as opposed to an estimate from a single-frequency tone. Consequently, the standard 

deviation of T-phase azimuthal estimates should be reduced from the pure-tone-

derived value by dividing by a factor equal to the square root of the number of 

statistically independent frequency bins that comprise the average.  
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For the USGS/NEIC recorded seismic event on Yearday 113, the DVLA 

spectrogram-derived S-minus-P travel-time estimates, combined with the IASP91 

earth model, produced epicentral range estimates that were 5% smaller than the 

range calculated from the USGS/NEIC-estimated epicenter. The IASP91 earth 

model uses parameter estimates obtained from measurements under continental 

crusts, where the P and S wave speeds are typically lower than in oceanic crusts. 

Consequently, this model is likely to have contributed to the range estimation error. 

Nevertheless, this evaluation of S-minus-P epicentral range estimation using 

DVLA-derived spectrograms demonstrates that the reasonable range estimates of 

seismic events not detected by the USGS/NEIC seismic network can be made. 

Combined with a T-phase initial azimuth-of-arrival estimate from the FORA array, 

an estimate of the event epicenter can be obtained. This additional step, however, 

assumes the initial part of the T-phase arrival coupled into the ocean directly above 

the hypocenter. The S-minus-P travel-time differences also could be measured in 

the FORA data, so that only a single array oriented in the horizontal is required. 

However, the increase in background noise at very low frequencies due to flow 

noise, tow-ship noise, and noise trapped in the deep sound channel on a shallow, 

towed array degrades the quality of the measurements compared to a stationary 

vertical array deployed below the conjugate depth. 
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2.6.3 C. Spatiotemporally evolving T-phase event 

 

The epicenter of the event recorded between 00:37:28 to 00:44:10 UTC on 

Yearday 112 was estimated to be 438 to 456 km from the DVLA. Combined with 

the T-phase azimuthal estimates from the ULF sub-array, the estimated epicentral 

location is in the vicinity of the oceanic trough bordered by Taiwan to the west, the 

Gagua Ridge to the southeast and the Ryukyu Trench to the north. The apparent 

phase speed of the P-wave at this epicentral range is much greater than the water 

column sound speed, indicating that the received P-phase coupled nearly vertically 

into the water column from the sea floor around the DVLA. Assuming a mean 

water sound speed of 1500 m/s, the surface reflection of the P-phase would take 

7.04 s to return to the hydrophone positioned at 5280 m depth. In addition, the 

difference in arrival time between the direct arrival and its surface reflection 

decreases with decreasing hydrophone depth. Thus, the P and S-phase ‘doublets’ 

recorded by the DVLA (Section 2.5.4) are a consequence of direct surface 

reflection. This conclusion is supported by DVLA beamformer outputs, which 

characterize these P and S-phases as initially traveling upwards from the seafloor, 

followed later by downward propagation from the sea surface. In addition, an 

interference pattern created by the superposition of up and down-going phases near 

the sea surface is visible at broadside on the ULF sub-array beamformer outputs; 

Figure 2.10, 3rd and 8th panels from the bottom in the left-hand column. For a 

FORA array depth of 125 m, the predicted periodicity in frequency of this 

interference pattern is 6 Hz, in good agreement with the spacing of the peaks in the 
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3rd panel from the bottom of the left-hand column of Figure 2.10. P and S-phase 

received levels were also depth dependent. Spectral ratios of the DVLA elements at 

4285 m, 4915 m, 5205 m, 5245 m, normalized by the deepest element at 5280 m, 

show an approximately 6 to 8 dB difference in received level between the deepest 

and shallowest elements, with the level being greatest at the deepest hydrophone. 

This result suggests some sort of geometrical spreading after local coupling 

between the sea floor and the water column. In comparison, T-phase received levels 

decrease with depth (see spectral ratios in Figures 2.7 and 2.8). Consequently, 

while hydrophones below the conjugate depth may not record as much sound from 

some T-phases propagating in the deep sound channel as shallower hydrophones, 

the P and S-phases are received at a greater pressure level below the conjugate 

depth. 

Both the time of T-phase onset and T-phase spectral density levels also 

show a dependence on depth. Spectral ratios shown in Figure 2.8 indicate an 

estimated pressure spectral density ratio greater than 10 dB in the 5 to 50 Hz band 

above the conjugate depth compared to that below for the T-phase associated with 

this event. In addition, approximately 8 s elapsed before the T-phase onset was 

detected at the deepest element of the DVLA compared to the shallowest element. 

Some energy may have arrived earlier at the deeper elements but remained 

undetected as it was below the level of ambient noise. This strong depth 

dependence indicates that the majority of the energy contained in this T-phase was 

restricted to the deep sound channel and therefore was comprised of the lowest 

order modes. In contrast, the T-phase arrival associated with the seismic event 
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recorded on Yearday 113 did not show nearly as pronounced a variation in level 

with depth, as shown by the spectral ratio plots in Figure 2.7. The published 

epicenter of this latter event is located in an area where the water depth exceeds 

2500 m, in contrast to the steep-sided bathymetry spanning the sound channel axis 

in the region where the Yearday 112 event is thought to have occurred. It is thus 

possible that the difference in depth dependent characteristics between the two T-

phases is a consequence of bathymetry near the epicenter and hence the coupling 

mechanism that created the T-phase. Steep-sided bathymetry enables T-phase 

conversion to occur with fewer surface-bottom interactions (i.e., coupling into 

lower-order normal modes), and hence a reduced level of attenuation in 

propagating through the water column. Note, however, that because of the position 

of the Gagua Ridge, the higher-mode, deeper-reaching components of the Yearday 

112 T-phase may have been physically obstructed by bathymetry that partially 

occluded the deep sound channel path between the source region and the DVLA. In 

any case, the relative received levels of seismic phases recorded along a large-

aperture vertical array provide insight into the mechanisms that couple the 

propagating energy from the seafloor into the water column, and into the 

propagation conditions in the ocean. For the Yearday 112 event, the duration of the 

T-phase recorded by the hydrophone at 4285 m was approximately 110 s, 

substantially longer than P (at most 34 s) and S-phase (at most 28 s) arrival 

durations. As has been noted by many others, this increased duration is a testament 

to the complexity of the processes surrounding the coupling of seismic energy into, 

and efficient nature of subsequent propagation in, the deep sound channel. 
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The plots in Figure 2.9 show the azimuthal progression and vertical 

structure of T-phase energy for the 90 s period during which an azimuth could be 

estimated from the beamformer output. Note that the T-phase is incident upon the 

array at an angle fairly close to broadside. Charting great circle paths from the 

FORA along these azimuthal estimates (Section 2.5.4) suggests that the continental 

shelf east of Taiwan, the Ryukyu Trench, and the associated ridge/island group 

may be the sites of a progression of T-phase generation and/or scattering locations. 

Furthermore, S-minus-P time estimates do not place the epicenter further from the 

FORA than the coast of Taiwan or the Ryukyu Ridge. The depth dependent nature 

of the received T-phase levels suggest that the locations where they were generated 

were depth-centered around the deep sound channel axis at 1100 m. Intersections of 

the great circle paths projected from FORA T-phase azimuth estimates with the 

1100 m isobath are shown in Figure 2.11. This figure shows the possible 

progression of source locations first northward, and then eastward with time.  

T-minus-P time-based range estimates, using T-phase arrival times taken at 

the point of maximum amplitude and a propagation speed of 1.48 km/s, combined 

with P-phase travel time calculations (again using the IASP91 model) suggest the 

range to the initial T-phase formation site to be approximately 518 km. This range 

is significantly farther than the epicenter of the Yearday 112 event estimated using 

S-minus-P time calculations (438 to 456 km). It is thus likely that the T-phase was 

initially formed closer to the east coast of Taiwan than the epicenter.  

Over the first 40 s of the arrival, T-phase azimuth is approximately constant 

between 291° and 293°. The steep-sided continental shelf off the east coast of 
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Taiwan is roughly perpendicular to the great circle paths of T-phase propagation 

between the hypothesized source regions and the location of the FORA and DVLA 

over this time. This bathymetry may have created T-phases from multiple locations 

close to the epicenter, leading to acoustic energy from a broad region of T-phase 

coupling locations arriving simultaneously at the FORA. The highest T-phase 

signal-to-noise ratio was recorded over the first 40 s of the arrival. A high SNR also 

implies direct path propagation, a generation region(s) with closest proximity to the 

hypocenter, and higher efficiency of T-phase conversion.  

The Gagua Ridge is a large underwater structure oriented north-south that 

rises from 5 km to less than 2 km depth along its length. It lies approximately 330 

km west of the DVLA, about 140 km from the central east coast of Taiwan. The 

northernmost region in which the Gagua Ridge rises to within 2 km of the surface 

lies at 283° T from the FORA. North of this area, the ridge structure deepens to 

below 5 km depth before intersecting with the Ryukyu Ridge. Therefore, as the T-

phase coupling sites moved northward towards the Ryukyu Ridge, the obscuring 

effect of the Gagua Ridge was reduced, facilitating the eastward propagation of a 

greater proportion of total T-phase energy. This bathymetric effect may explain the 

delayed onset of T-phase energy at the greater depths of the DVLA. In contrast, T-

phase components formed south of 291° T were likely to be at least partially 

blocked by the ridge.  

In vertical elevation angle, the dominant component of the T-phase arrives 

broadside to the DVLA (Figure 2.9, right-hand column). The T-phase continues to 

arrive in the horizontal until approximately 40 s after the initial arrival when 
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significant vertical components at a greatly reduced level begin to arrive. These off-

broadside components persist as the dominant, horizontal component of the T-

phase diminishes, until after 90 s from the onset, the horizontal and off-broadside 

components are approximately equal in level.  

The off-horizontal arrivals beginning approximately 40 and 90 s after initial 

T-phase onset may indicate components of the T-phase that have acquired a vertical 

component through scattering from the surface or smaller-scale deep bathymetric 

features. However, their similarity in frequency content, direction-of-arrival, and 

spatiotemporal characteristics to known P and S-phase arrivals suggest that these 

arrivals could be due to a separate P and S-phase train from an aftershock or an 

entirely independent event that arrived at the DVLA simultaneously with the T-

phase. Whether these arrivals are associated with the T-phase or are P and S-phases 

from an entirely different event cannot be resolved with the information at hand. 

However, no T-phases (from a hypothetical separate event) were recorded during 

the hour after the arrival shown in Figures 2.8 and 2.9. 

The precise mechanism that resulted in T-phase azimuthal migration cannot 

be determined conclusively from the available data since the range to each T-phase 

coupling site, and consequently an estimate of the actual locations of formation, 

cannot be determined. However, two hypotheses can be proposed to explain the 

azimuthally migrating nature of this T-phase. 
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2.6.3.1 Hypothesis 1: Scattering:  

	  

The azimuthal evolution of the T-phase may result from in-water acoustic 

scattering from several locations of steep-sided bathymetry along the northeast 

Taiwanese continental shelf and Ryukyu Trench/Ridge structure.  

 

2.6.3.2  Hypothesis 2: Body wave excitation:  

	  

The propagation of body waves from the hypocenter to the Taiwanese 

continental shelf and Ryukyu Trench/Ridge structure create, in progression, 

multiple T-phases from this one seismic event. (A similar train of T-phases could 

also be created by an event that propagates along a fault line, but the magnitude of 

such a seismic event corresponding to the spatial scale of T-phase azimuthal 

evolution would have to be unreasonably large). This body wave excitation 

hypothesis requires the occurrence of a number of spatially independent coupling 

events to create the azimuthally evolving T-phase.  

 

2.6.4 Resolving the hypotheses 

 

To estimate the possible speed T-phase generation site evolution, the time 

required for each T-phase component to reach the FORA from the estimated sites 

of T-phase formation along the 1100 m isobath, assuming propagation at 1481.9 

m/s, was calculated. The speed with which the signal would need to propagate from 
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either the site of initial T-phase formation (hypothesis 1) or the region of the 

estimated hypocenter (hypothesis 2) to each hypothesized T-phase 

scattering/formation site on the 1100 m isobath was then calculated in order to 

satisfy the observed 10 s time difference between successive azimuthal estimates.  

Hypothesis 2, that the creation of multiple, independent T-phases occurred 

from the same seismic event, is highly unlikely. As phases in the solid earth travel 

considerably faster than water-borne phases, a T-phase would have been produced 

at the intersection between the last azimuth (315°) and the 1100 m isobath - site #9 

in Figure 2.11 - approximately 15 s after the formation of the initial T-phase 

component off the east coast of Taiwan. Since site #9 is 170 km closer to the 

FORA than the initial T-phase coupling site, the T-phase signal from the last 

azimuth estimate would arrive approximately 100 s before the first, rather than 90 s 

after. It is thus highly unlikely that the creation of independent T-phases at multiple 

sites from the same set of body waves explains the azimuthal evolution of the T-

phase arrival in this case, although evidence exists to suggest that this phenomenon 

is possible given appropriate circumstances (Bohnenstiehl et al., 2003; Chapman 

and Marrett, 2006). 

To test hypothesis 1, an in-water propagation speed of 1481.9 m/s was used. 

Although the T-phase azimuth remained within one standard deviation over the 

first 40 s of reception, the broadband T-phase levels in each 10 s period first rose 

then fell, with the highest level occurring in the 30-40 s period. It is most likely that 

the strongest component of the initial 40 s, rather than the first component, would 

be the predominant contributor to the later-arriving T-phase energy, particularly 
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after interaction with the sea floor. A comparison of total travel times, assuming 

scattering at site #9, was made for each of the first five azimuthal estimates. The 

results, shown in Table 3, reveal that the in-water scattering hypothesis is most 

valid for scattering, from site #9, of the T-phase components received by the FORA 

40 to 60 s after the initial T-phase arrivals. The error for this period (the time 

difference between the arrival of these components and the estimated time based on 

the bathymetric scattering hypothesis) is less than the temporal resolution of the 

beamformer outputs (10 s) and corresponds to a minimum source location 

estimation error of approximately 3.2 km.  

This analysis suggests that in-water scattering of T-phase energy from steep-

sided bathymetry can explain the observed T-phase azimuthal evolution. The 

change in amplitude and frequency content between the initial and scattered T-

phases additionally support this hypothesis. That is, once propagating within the 

deep sound channel and unobstructed by bathymetric features, the high frequency 

components of a T-phase (20 to 50 Hz) are retained. In contrast, scattering from the 

sea floor results in significant attenuation of the higher T-phase frequency 

components (Stevens et al., 2001).  

 

2.7 Conclusions 

 
 

This study showcases the capabilities of simultaneously recording horizontal 

and vertical large-aperture hydrophone arrays along with adaptive array processing 

techniques to characterize higher-frequency (4 to 50  Hz) arrivals from seismic 
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events. These data provide insight into T-phase formation and propagation 

mechanisms that cannot be determined using in-water single element or terrestrially 

located sensors.  

Azimuth of arrival estimation performance near broadside was implemented 

using a 16-element sub-array (equal inter-element spacing for a design frequency of 

125 Hz) of the FORA towed horizontal array. Beamformers employing three 

different levels of data adaptiveness constraints for the 79 Hz, 100 Hz, and 135 Hz 

tones emitted by the J15-3 controlled source showed that the azimuth error 

distributions 1) passed the Lilliefors test for Gaussianity at the 5% level of 

significance, 2) had approximately zero estimation bias, and 3) had standard 

deviations for the azimuth estimation error consistently less than 1°. The standard 

deviation was estimated to decrease with increasing frequency following an 

approximate 1 𝑓  dependence. It also decreased slightly with increasing 

beamformer adaptiveness. A conservative extrapolated standard deviation of 3° at 

30 Hz for azimuth estimates of T-phase arrivals near broadside was estimated from 

the azimuth-of-arrival estimation variance at the higher controlled source tone 

frequencies, based on the proportionality between the variance of the bearing 

estimate and the square of the bearing resolution. During the 11 days of FORA 

array recordings in PhilSea09, 90 T-phases were identified and characterized. An 

automated peak-picking algorithm was developed to allow for rapid estimation of 

their true azimuth-of-arrival from the beamformer outputs. These 90 events 

clustered in space, arriving primarily from four different directions corresponding 

to the azimuths of events sufficiently large to be listed in the USGS/NEIC 
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earthquake bulletin based on their land-based seismic network. Therefore, the 

majority of events identified in the PhilSea09 data set are likely fore- and after-

shocks associated with these larger events. The USGS/NEIC-recorded event on 

Yearday 113 was used to evaluate the accuracy of hydrophone-array-derived 

epicentral range and azimuth. The DVLA spectrogram-based epicentral range 

estimate was 5% smaller than that obtained using USGS/NEIC data, possibly 

because of a bias in the earth model (IASP91) used to convert measured P-minus-S 

travel-time differences into epicentral range. The T-phase travel time for this event 

corresponds to a mean deep sound channel axis sound speed of 1482.4 m/s, in good 

agreement with the CTD-derived sound speed minimum of 1481.9 m/s at 1100 m 

depth. The azimuth of this event was estimated to be 36.2° T by the ULF sub-array, 

indicating an error of 4.4° based on the USGS/NEIC published epicentral location. 

However, the T-phase was received at a relative bearing of only 8.3° from end-fire, 

which substantially increased the expected variance of this azimuth-of-arrival 

estimate. Data from a seismic event recorded between 00:37:28 and 00:44:10 UTC 

on Yearday 112 suggests that T-phases can scatter and reverberate from prominent 

bathymetric features in the deep ocean, as observed by Northrop (1962). Such 

reverberation can cause the T-phase from a single seismic event to be received 

from multiple azimuths, increasing the duration of the T-phase arrival. A water-

column hydrophone array with large horizontal aperture can help discriminate these 

scattered arrivals from those propagating along a direct path from the site of initial 

T-phase creation to the receiver, thus aiding in studies of T-phase generation. 
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Estimates of T-phase formation/scattering sites provide some insight into T-

phase generation and propagation in the Philippine Sea. However, the complex 

bathymetry that occurs in this region combined with the given physical array 

aperture and the variance of the array processing algorithms limited the ability to 

conclusively resolve the characteristics of these water-borne seismic phases. 

Mysteries remain about the precise mechanisms by which T-phases are created and 

various aspects of T-phase arrivals recorded by hydrophones remain unexplained 

(Williams et al., 2006). To further the analysis of T-phases using hydrophone 

arrays, a two-dimensional horizontal array with even larger aperture for very low 

frequencies in both dimensions would enable triangulation of T-phase components, 

allowing for the location of multiple T-phase formation or scattering sites to be 

ascertained during the course of a continuous single T-phase arrival. Such 

information would enable more accurate and detailed event characterization, 

leading to more conclusive inferences regarding the mechanisms of T-phase 

formation, propagation, and scattering. 
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2.10 Tables 

Table 2.1: Number of estimates of azimuth of arrival (sample size), mean error 
(estimated azimuth minus GPS calculated azimuth between the FORA and J15-3 
locations), and standard deviation from array, beamformer, and peak-picking 
algorithms during the arc event on Yearday 112, after removal of estimates with 
low signal-to-noise ratio. ‘CBF’ indicates the conventional beamformer result. 

 
Beamformer types (constraint values as dB level down from conventional) 

 
WNC 
12 

WNC 
6 CBF WNC 

12 
WNC 
6 CBF WNC 

12 
WNC 
6 CBF 

R
ec

ei
ve

d 
To

ne
 (H

z)
 

Number of detections Mean error (degrees) Standard deviation, 𝜎 

79 1181 1487 926 0.094 0.070 0.136 0.632 0.581 0.680 

100 871 1258 1338 0.041 -0.072 -0.233 0.426 0.464 0.574 

135 1253 1808 1839 -0.019 -0.087 0.104 0.305 0.306 0.356 
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Table 2.2: Results from the Lilliefors test for Gaussianity performed on array, 
beamformer, and peak-picking algorithm outputs from data recorded during the arc 
event on Yearday 112, after removal of estimates with low signal-to-noise ratio.  
Received 
Tone (Hz) 

Beamformer types 

 

WNC 12 WNC 6 CBF 

79 < 0.001 < 0.001 < 0.001 

100 < 0.001 < 0.001 < 0.001 

135 Non-Gaussian 0.43851 0.2935 
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Table 2.3: Time differences between T-phase component arrivals from the initial 
coupling location and the last estimated scattering location (#9) for the seismic 
event on Yearday 112. The second column shows the time difference between 
FORA azimuthal estimates, while the third shows what the time difference would 
be under the assumption that the signal propagated from the site of initial formation 
to site #9 and then to the FORA at 1481.9 m/s. The fourth and fifth columns show 
the time discrepancy and corresponding range error.  
T-phase 
azimuthal 
estimate 
number 

Measured time 
difference (s) 

Time difference (s) 
based on scattering 
at site #9 (see Figure 
2.11) 

Error (s) 
Scattering site 
location error 
(km) 

1 90 51.6 38.4 56.9 

2 80 44.5 24.4 36.2 

3 70 60.5 9.5 14.0 

4 60 55.6 4.4 6.6 

5 50 47.8 2.2 3.2 

6 40 29.1 10.9 16.1 

7 30 20.1 9.8 14.6 

8 20 13.5 6.5 9.6 
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2.11 Figures 

 

Figure 2.1: A map of the PhilSea09 experimental site showing its proximity to 
Taiwan and the Ryukyu Island group. The filled circle represents the position of the 
DVLA, while the asterisk indicates the position of SS-35 where the R/V Melville 
deployed the J15-3 controlled acoustic source during the arc event (04:20 – 10:15 
UTC, Yearday 112). The trajectory of the R/V Kilo Moana and the FORA during 
the arc event is represented by the arc to the east of SS-35. This arc was centered on 
SS-35 with a radius of 62.03 km. 



	  

	  

75 

	  
 
Figure 2.2: A schematic showing the geometrical arrangement of the R/V Melville, 
R/V Kilo Moana, and the FORA during the arc event in PhilSea09. As the FORA 
position was inferred from the position of the R/V Kilo Moana, an angular 
compensation of 𝜃 = 0.45° was subtracted from the azimuthal estimates of the 
Melville-deployed controlled source in order to account for the 500 m distance 
between the R/V Kilo Moana and the FORA acoustic center. 
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Figure 2.3: FORA direction-of-arrival estimation performance results for the 
conventional beamformer (stars), WNC 6 dB constraint (open circles), and WNC 
12 dB constraint (plus signs) for the three J15-3 tones produced during the arc 
event are plotted in this figure. These azimuth error distributions were calculated by 
subtracting the GPS-derived azimuth from the beamformer-derived azimuth 
(corrected for magnetic declination and FORA offset as shown in Figure 2.2). Bin 
quantities are normalized by the total sample size of each beamformer type/J15-3 
frequency combination.  
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Figure 2.4: The standard deviation versus received frequency for the conventional 
(stars), WNC 6 dB constraint (circles), and WNC 12 dB constraint beamformers 
(plus signs) show an increase in standard deviation with a decrease in frequency. 
The dashed black lines show a succession of contours that follow a 1/f dependence, 
used to conservatively estimate an approximate standard deviation at 30 Hz of at 
most 3°. 
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Figure 2.5: The upper plot shows the azimuthal estimates for 82 of the 90 T-phases 
recorded by the FORA between 00:00:00 UTC, Yearday 107 and 15:54:59 UTC, 
Yearday 119. Azimuthal estimates from Yeardays 110 and 116 are excluded due to 
unavailability of DVLA data. The solid circle indicates the mooring position of the 
DVLA. Solid diamonds indicate epicentral locations of eleven earthquakes 
estimated by the USGS/NEIC network during the PhilSea09 data recording period. 
The left-right ambiguity of the FORA was resolved through T-phase time-of-arrival 
differences between FORA and DVLA data. The histogram in the right plot shows 
the number of T-phases received per day by the DVLA array during the 
experiment.   
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Figure 2.6: Azimuthal estimates and DVLA-derived epicentral range estimates are 
illustrated for the mb 4.5 event that occurred at 16:09:56 UTC, Yearday 113 (for 
which the USGS/NEIC estimated epicenter is indicated by the solid diamond) and 
the event that occurred between 00:37:28 to 00:44:10 UTC on Yearday 112. The 
largest ring and the azimuthal line at 36.2° T represent the S-minus-P range and 
azimuthal estimates for the Yearday 113 event, respectively. The three smaller 
rings and the cluster of azimuthal estimates ranging from 291° to 315° T represent 
the S-minus-P range and azimuthal estimates for the Yearday 112 event, 
respectively. Each azimuthal estimate vector originates at the location of the FORA 
at the time each T-phase was received. The three range rings were calculated using 
assumed hypocentral depths from 10 to 40 km, the largest ring corresponding to the 
deepest assumed depth. The nine azimuthal estimates indicate the angular variation 
observed during the single T-phase reception associated with this event. The 
DVLA position is indicated by the solid circle.  



	  

	  

80 

	  
Figure 2.7: DVLA spectrograms from elements at 4285 m, 4555 m, 4825 m, 5005 
m, and 5280 m (upper 5 plots) and spectral ratios between the upper four elements 
and the deepest element (lower 4 plots) show P, S, and T-phase arrivals associated 
with the seismic event that occurred at 16:09:56 UTC on Yearday 113. The 
frequency (vertical) axis of each spectrogram and spectral ratio is from 0 to 100 Hz. 
Two-minute time periods are indicated by alternating black and white segments 
along the horizontal axes separating the spectrograms from the spectral ratios, and 
at the bottom of the spectral ratio plots. Color bars show pressure spectral density 
in dB re1   𝜇𝑃𝑎! 𝐻𝑧,  (top right) and spectral ratio in dB (bottom right). P, S, and T-
phase arrival times are 16:11:28, 16:12:40, and 16:18:22 UTC, respectively. 
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Figure 2.8: DVLA spectrograms and spectral ratios from the same elements as in 
Figure 2.7 show P, S, and T-phase arrivals associated with the seismic event 
recorded between 00:37:28 to 00:44:10 UTC on Yearday 112. The frequency 
(vertical) axis of each spectrogram and spectral ratio is from 0 to 100 Hz. Two-
minute time periods are indicated by alternating black and white segments along 
the horizontal axes, as in Figure 2.7. Color bars on the right of the plots have the 
same dynamic range and the same units as in Figure 2.7. P, S, and T-phase arrival 
times are 00:37:28, 00:38:16, and 00:42:02 UTC, respectively. 
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Figure 2.9: (opposite) A succession of frequency-azimuth plots from the FORA 
(left column) and DVLA (right column) shows the temporal evolution of the T-
phase arrival associated with the event on Yearday 112. Beamformer outputs were 
created using the WNC beamformer with a 6 dB constraint level down from 
conventional. Each frequency/angle-of-arrival estimate represents a 10-s period 
beginning at 00:42:30 UTC for the FORA and 00:41:50 UTC for the DVLA. Thus, 
the two columns of rectangular plots each show 130 seconds of beamformer 
outputs as 13 subplots, each created from ten-seconds of data. The temporal order 
of the subplots begins at the bottom of the figure and proceeds upwards. The 
frequency axis for each ten-second plot is from 0 to 50 Hz. Azimuth for the plots in 
the left column indicates angle (degrees) from true North. Elevation for the plots in 
the right column indicates vertical angle (degrees) from horizontal. Color bars show 
pressure spectral density in dB re1   𝜇𝑃𝑎! 𝐻𝑧. The color-scale is different for each 
array due to differing ambient noise levels. 
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Figure 2.10: (opposite) A succession of frequency-azimuth plots from the FORA 
(left column) and DVLA (right column) shows the temporal evolution of P and S-
phase arrivals associated with the event that occurred on Yearday 112. The details 
of this plot are the same as in Figure 2.9, except that the 11 subplots in each column 
represent 110 s of continuous data. Each frequency/angle-of-arrival estimate 
represents a 10-s period beginning at 00:37:40 UTC for the FORA and 00:37:10 
UTC for the DVLA. The red arrows indicate interference bands created by the 
interaction between upward and downward traveling broad-band P and S-phase
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Figure 2.11: Beamformer-derived great circle paths (solid, straight lines) projected 
from azimuthal estimates of the T-phase received from 00:42:40 UTC on Yearday 
112. Nine azimuthal estimates are shown numbered from 1 to 9 which correspond 
to 10 s increments from 00:42:40 to 00:44:00 UTC. The bathymetric contour 
emphasized in the map is the 1100 m isobath. The intersection of the 1100 m 
isobath and the beamformer-derived great circle paths represent the estimated sites 
of T-phase formation or scattering, referred to in text by the azimuthal estimate 
number. Range circles show (from smallest to largest): Estimated range of seismic 
event epicenter based on 10 km depth, 20 to 30 km depth, 40 km depth, and 
approximate range of the T-phase coupling site based on T-minus-P time plus 
estimated P-phase propagation time calculated from the IASP91 solid earth model. 
The star represents a possible T-phase coupling location from which the strongest 
component of the received T-phase emanated. Azimuths #2 and #4 overlap at this 
scale
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 CHAPTER  3 

 

The origins of ambient biological sound from coral reef ecosystems in the Line 

Islands archipelago: Not just snapping shrimp. 

 

3.1 Abstract 

	  

Although the origins of much ambient biological underwater noise were 

recognized more than 60 years ago, attributing specific components of ambient 

noise to their creators remains a challenge. Here, evidence is presented indicating 

that the dominant background noise over a range of coral reef ecosystems in the 

Line Islands archipelago is caused by the interaction of hard-shelled benthic macro-

organisms with the coral substrate. Recordings show a spectral peak between 14.30 

to 14.63 kHz at all sites visited, as opposed to more spectrally uniform noise 

typically produced by snapping shrimp. A 5 to 7 dB increase of pressure spectral 

density level in the 11 to 17 kHz band occurs simultaneously with an increase in 

benthic invertebrate activity at night, quantified through time-lapse underwater 

photography. Spectral-level-filtered recordings of hermit crabs Clibanarius diugeti 

in quiet aquarium conditions reveal that transient sounds with a source level density 

of approximately 45 to 48.5 dB re 1µPa2/Hz @ 1 m produced by the interaction 

between the crustaceans’ carapace, shell, and coral substrate are spectrally 

consistent with Line Islands recordings. Coral reef ecosystems are highly 

interconnected and subtle yet important ecological changes may be detected 
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quantitatively through passive monitoring that utilizes the acoustic byproducts of 

biological activity. 

  

3.2 Introduction  

 

The existence of an acoustic cacophony produced by organisms in coastal 

underwater environments was first identified during the Second World War, and 

results from several studies were published soon thereafter (Johnston et al., 1947; 

Everest et al., 1948; Knudsen et al., 1948). These early works and a great deal of 

subsequent research have identified a broad diversity of marine taxa that generate 

sounds, ranging from crustaceans through to fishes and marine mammals. Given 

that the sound field contains information relating to the diversity and density of 

marine sound-generating taxa, passive acoustic recording holds great promise for 

evaluating and monitoring certain aspects of ecosystem state (Payne et al., 2008). 

Many recordings collected by single-element hydro-acoustic recorders within 

tropical and subtropical regions are dominated by broadband noise with varying 

spectral structure that follows a strongly diurnal pattern. It can be said with some 

certainty that these sounds are of biological origin. Recordings taken from the same 

location during both day and nighttime periods show a consistent diurnal pattern in 

which pressure spectral density levels are typically higher at night and are 

independent of weather (Everest et al., 1948). These recordings are often an 

ensemble average of many short-duration sounds. Such noise is not well 
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characterized by recorders with a relatively low sampling frequency, nor are the 

sources of the noise easily verified.  

Much of the sound recorded in tropical waters has been attributed to 

snapping shrimp (Johnston et al. 1947; Knudsen et al., 1948; Everest et al., 1948; 

Cato, 1993; Readhead, 1997; Au and Banks, 1998; Chitre et al. 2012;). Johnston et 

al. (1947) first identified the shrimp to be of the genera Crangon and Synalpheus. 

The family Alpheidae, to which they belong, now contains approximately 38 

genera and are typified by their ability to create a loud ‘snap’ sound through the 

implosion of a cavitation bubble produced by a high-velocity jet of water extruded 

from one large claw (Versluis et al., 2000). In fact, snapping shrimp produce 

transient acoustic emissions of a sound pressure source level that can be up to 215 

dB re 1 µPa @ 1 m (Schmitz, 2002). The dominant portion of the snapping shrimp 

waveform is highly impulsive (Au and Banks, 1998) and produces a spectrum that 

varies only very weakly with frequency. Spectral analysis of the entire ‘snap’ 

waveform reveals that the pressure spectral level of a single ‘snap’ does not vary by 

more than 20 dB between 20 and 200 kHz. Individual snaps create distinct spectral 

peaks below 20 kHz. Such distinct peaks are created by the interaction of a low-

level precursor with the rising portion of the main waveform (Au and Banks, 1998). 

Fourier analysis from averaging over multiple snaps reveals a monotonically 

decreasing pressure spectral density (Knowlton and Moulton, 1963; Cato and Bell, 

1991; Kim et al., 2010). This spectral smoothing is reflective of variation in the 

size and shape of individual snapping claws, both between conspecifics of differing 

size, and different species. 
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Although a number of studies identify the sonic emissions of snapping 

shrimp activity as the major contributor to ambient underwater biological noise in 

tropical and subtropical regions, these same studies and others show a wide 

variation in the spectral characteristics of ambient underwater sound by region 

(Everest et al., 1948; Cato, 1980; Zakarauskas, 1986; Bjorno, 1987; Cato and Bell, 

1992; Readhead, 1997; Bardyshev, 2007; Radford et al., 2008b; Bardyshev, 2010; 

Radford et al., 2010). In contrast to the broadband characteristics of snapping 

shrimp noise, long-term, averaged pressure spectral density estimates can show 

distinct spectral peaks and a general roll-off at frequencies higher than 20 kHz. 

However, few studies have yet to consider acoustic frequencies above 12 kHz or so 

in the analysis of ambient noise (Radford et al., 2010; Kim et al., 2011). Although 

snapping shrimp noise may be the dominant contributor to the sound field in some 

locales, it is possible that a portion of the recorded cacophony is produced by 

biological sources other than cavitation sounds from shrimp. The connections 

between the recorded sounds and the presumed sources of these sounds remain 

unresolved. 

An analysis is presented in this article of ambient noise recorded in five 

tropical coral reef environments in the Line Islands archipelago. The five 

environments represent a variety of oceanographic conditions and ecological state. 

Acoustic data are compared with time-lapse, in-situ underwater photographs 

recorded simultaneously at the same locations. For comparison with the coral reef 

data, the acoustic signature of hard-shelled benthic organisms (blue-eyed spotted 

hermit crabs, Clibanarius diugeti) was recorded in a controlled, salt-water 
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aquarium. The implications of these observations for ecological evaluation and 

monitoring of tropical ecosystems through passive acoustic recording are then 

discussed.  

 

3.3 Experimental setup and procedure  

	  
3.3.1 Field data collection 

 

Acoustic time series were collected on a research expedition to the Line 

Islands Archipelago (Figure 3.1A) during October and November 2010. Recordings 

were obtained from Christmas (Kiritimati), Fanning (Tabuaeran), Washington 

(Teraina), and Jarvis Islands, as well as Kingman Reef.  The first three sites are part 

of the Republic of Kiribati, while the latter two are no-take marine protected areas 

and are part of the United States Pacific Remote Islands National Marine 

Monument (Figure 3.1B). 

Recordings were taken using a portable battery-powered ‘DSG Ocean’ 

recorder (Loggerhead Instruments Inc.) equipped with a single hydrophone (High 

Technology Instruments Ltd., Type 96-MIN, SN# 437094). System sensitivity was 

-169.9 dB re 1 V/µPa, with a frequency response between 0.1 to 20 kHz that does 

not vary by more than 0.5 dB of this value (Loggerhead Instruments, 2011). Data 

sampling was conducted at 16-bit resolution at a rate of either fs = 50 or 80 kHz 

depending on available memory capacity and anticipated deployment length. 

Recording duty cycles of either five or seven min out of every ten min were 
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employed to extend the total data collection period. Recording durations at each 

island ranged from two to five days and were dependent on weather and ship 

scheduling.  

SCUBA divers deployed the recorder at an approximate depth of 10 m on 

the outer reefs of the four islands, and at a similar depth within the lagoon at 

Kingman Reef (Figure 3.1B). An anchoring rope secured the recorder to dead coral 

while a foam float enabled the positioning of the hydrophone receiving element at a 

height of approximately 2 m above the substrate. The float additionally kept the 

mooring line in tension to prevent contact between the hydrophone and line (Figure 

3.2A). Canon D10 underwater cameras were temporarily fixed to the reef near 

hydrophone deployment sites and positioned to record biological activity over a 

range of substrate types including sand, live and dead coral, and algae-dominated 

reef patches. The cameras were programmed to take one image every five minutes, 

with the built-in flash illuminating the scene during night time periods. Battery 

capacity restricted use of these cameras to durations of approximately six to eight 

hours, between 16:00 until midnight local time. Between deployments, the 

Loggerhead recorder and cameras were cleaned, recharged, and previously 

recorded files were downloaded to a personal computer.  
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3.3.2 Aquarium data collection  

 

 In order to characterize the sounds of hard-shelled benthic organisms, ten 

blue-eyed spotted hermit crabs (Clibanarius diugeti) with a mean weight of 1.7 g 

(including shell) were obtained from commercial distributors.  

Sounds produced by hermit crabs are by-products of locomotion, foraging, 

and/or feeding behavior. From the observations presented in this paper, hermit 

crabs do not produce sonic emissions for the purpose of social interaction or 

communication. It may be that hermit crabs use these sounds incidentally, that is, to 

identify and locate similar organisms and thus locations where a desirable resource 

is plentiful. However, investigation of this hypothesis is outside the scope of this 

work. Although sound generated by only one type of organism was sampled in this 

experiment, the recordings are likely representative of acoustic emissions produced 

by hard-shelled benthic organisms and their interaction with coral reef substrate. 

The crabs were placed in a glass-sided saltwater aquarium (500 x 300 x 400 

mm) along with two pieces of ‘live rock’, a term used by aquarists for pieces of 

dead coral covered in algae and natural bacterial growth that assist in water 

conditioning, approximately 3 kg in weight each. A layer of coralline sand covered 

the floor of the aquarium to a depth of 30 mm. The aquarium was equipped with a 

tropical marine filtration and water conditioning system that was turned off during 

periods of acoustic recording to reduce background noise. Recordings were 

conducted overnight, when human-generated noise was at a minimum. The volume 

of water inside the tank was sufficient to limit rapid changes in temperature or the 
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level of oxygenation for the duration of the experiment. No marked changes in 

organism behavior were observed throughout the experiment and all hermit crabs 

were observed moving and/or feeding after the completion of the acoustic data-

recording period.  

Acoustic recordings were made using a hydrophone manufactured by the 

International Transducer Center (ITC) corporation (Type 6080C, SN # 1545) with a 

sensitivity of -156 dB re 1 V/µPa and a frequency response that remains within 2.5 

dB of this value between 1 kHz and 30 kHz (International Transducer Corporation, 

1996). Data sampling was performed using an Intel® ‘High Definition Audio’ 

specification sound card set at 24-bit resolution and a sampling rate of fs = 96 kHz. 

The hydrophone was mounted approximately 200 mm from the live rock, mid-

water in the aquarium at depth level with the upper portions of the rock. Care was 

taken to ensure the hydrophone could not contact the bottom or aquarium walls, 

and that hermit crabs could not come into direct contact with it (Figure 3.2B).  

The aquarium was set up in a quiet room that contained no other powered-

on electronic equipment or noise-generating devices. However, spectrograms 

revealed significant tonal noise in the 0 to 7 kHz band, likely generated by the air 

conditioning system. Although this noise was a dominant feature in the time-series, 

it was almost entirely restricted to frequencies below 6 kHz. Furthermore, pressure 

spectral density level estimates of background noise above approximately 6 kHz 

remained approximately 40 dB lower than the level of sound generated by the 

hermit crabs.   
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3.3.3 Data processing  

 

Acoustic data collected on the Loggerhead hydrophone in the Line Islands 

were converted to wav file format and then processed using Mathworks® 

MATLAB® (R2011b). After low-pass finite impulse response (FIR) filtering 

(corner frequency 0.9 fs/2), Fourier analysis was conducted using 8192-point Fast-

Fourier Transforms (FFT’s) of 50 percent overlapped time-series segments 

windowed with a Kaiser-Bessel (α = 2.5) function. Positive frequency magnitude 

squared values were scaled to normalize for window magnitude before being 

doubled to account for the omitted negative frequency energy and scaled from 

voltage to pressure input. A 200-point moving average of the frequency domain 

spectra was taken before pressure spectral density estimates were generated. 

Estimates were then plotted sequentially to obtain a spectrogram of the acoustic 

time-series.  

Visually detected organisms were counted by trained observers and 

invertebrates identified to the taxonomic assemblies crustacea (crabs and shrimp), 

gastropoda (snails), ophiuroidea (brittle stars), holothuroidea (sea cucumbers), and 

annelida (segmented worms).   

Acoustic data collected with the ITC hydrophone from the enclosed tank 

experiments were also processed using MATLAB® (R2011b). A low-pass filter 

(corner frequency fc = 20 kHz) built in to the digitizer excluded analysis of higher 

frequencies.  A high-pass FIR filter was applied (fc = 6 kHz) to remove noise from 

electronic devices and air conditioning.  Due to the temporally sparse and highly 
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transient nature of sounds generated by the hermit crabs in the tank, a band-limited, 

level-threshold detection filter was implemented in order to estimate the mean 

spectral properties of the sounds. Fourier analysis was performed using the same 

procedure as for the acoustic data from the Line Islands. Pressure spectral density 

levels were created without averaging, leading to one realization every 0.043 s. 

Estimates in which pressure spectral density level exceeded 61 dB re 1 µPa2/Hz in 

the 11-17 kHz band were retained and concatenated into spectrograms. This 

process eliminated comparatively long silent periods and effectively simulated 

recordings in which a greater number of hermit crabs were within the acoustic 

range of the receiver. 

Although acoustic reflections from the water surface, glass walls, and floor 

of the aquarium increased the duration of the transient sounds generated by the 

hermit crabs, the comparisons between their acoustic emissions and those recorded 

in the Line Islands remain unaffected as the data analysis was predominantly 

conducted in the frequency domain. The principal means of comparing acoustic 

data involved pressure spectral density estimates in the frequency-pressure spectral 

density plane.  

 

3.4 Results 

 

Comparisons between spectrograms of the sound field at each island or reef 

over two to four deployment days (averaged by time of day to result in a single 

spectrogram spanning one night for each site) reveal a common temporal-spectral 
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pattern (Figure 3.3A). Pressure spectral density level in the 11 to 17 kHz band 

increases by 4.6 to 6.2 dB, depending on location, within 10 minutes of sunset and 

decreases by an equivalent amount within 10 minutes of sunrise. The pressure 

spectral density at any given time shows a pronounced structure: a broad peak with 

a maximum level between 14.30 and 14.63 kHz, the exact peak frequency varying 

with field location (Table 3.1). These patterns are ubiquitous over all the days over 

which acoustic data were collected, at every field site, and was independent of 

weather conditions and sea state. The peak rises approximately 4 to 8 dB above a 

noise floor that does not vary by more than 4 dB between 3 and 11 kHz and 

decreases above 17 kHz, a spectral structure inconsistent that of snapping shrimp 

sounds. Representative daytime and nighttime pressure spectral densities for each 

field site, averaged over an hour (16:00 to 17:00 for daytime and 19:00 to 20:00 for 

nighttime), are shown in Figure 3.3B. The pressure spectral density level in the 13 

to 17 kHz band remains approximately 4 to 7 dB higher than in the adjacent 6 to 13 

kHz and 17 to 20 kHz bands during the day, suggesting that the source of this 

sound remains present but in a reduced form. Anthropogenic noise from SCUBA 

divers and small watercraft is visible in the averaged recordings taken between 

16:00 to 17:00 at some sites. This noise occurs primarily in the 16 to 18 kHz and 0 

to 6 kHz bands and so does not affect the band of interest between 14 and 15 kHz.    

Representative 4 ms portions of waveforms from hermit crab recordings in 

the aquarium and nighttime recordings taken in the Line Islands are displayed in 

Figure 3.4. In contrast to the transient nature of recordings from the aquarium, 

nighttime recordings in the Line Islands are typified by continuous broadband 
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sound of much greater amplitude. However, the dominant components of both time 

series are waveforms with similar period.  

Comparisons with generalized spectral representations of ambient noise 

sources (National Research Council, 2003, adapted from Wenz, 1962) show that 

the spectra of ambient noise recorded at these field sites differs markedly from well 

characterized sources, such as wind- and rain-generated noise (Figure 3.5). In 

particular, noise above 10 kHz is well above the limits of prevailing noise and 

exhibits a different spectral shape from the monotonic decreasing spectrum of the 

generalized representation of wind noise (Knudsen et al., 1948).  

The results of time-lapse photo frame analyses are shown in Figure 3.6, 

superimposed upon pressure spectral density levels in the 11 to 17 kHz band from 

acoustic data recorded simultaneously at the same field sites. Although a wide 

variation in organism counts occurs between cameras, photo frame analysis shows 

a marked increase in benthic organism activity at night across all field sites, the 

onset of which coincides with the increase in pressure spectral density over the 11 

to 17 kHz band.  At all sites, crustaceans (including hermit crabs, other crabs, and 

shrimp) were the dominant organism group identified in the photographs, followed 

by gastropods (snails) and ophiuroids (brittle stars).  

Aquarium recordings of hermit crabs were typified by periods of silence 

punctuated by transient sounds. Although quiet, sounds emanating from the 

aquarium could be clearly heard by the human ear and visually matched to hermit 

crab activity. These acoustic emissions subjectively sounded similar to the noise 

produced when fingernails are gently scraped over rough porcelain. Visual 
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observation confirmed that the sounds were a result of the interaction between the 

body parts of the hermit crab (e.g., exoskeleton and shell) and the rocky substrate. 

Such interactions occurred when animals were observed moving over and feeding 

on material growing on the surface of the live rock. A threshold pressure spectral 

density of 61 dB re 1µPa2/Hz in the 11-20 kHz band resulted in 211 s of data that 

exceeded this threshold from 16 hours and 46 seconds of continuous recording in 

the aquarium. Thresholds of 59 and 63 dB re 1µPa2/Hz resulted in the collection of 

358.4 s and 109.1 s of data from the same band, respectively. A concatenated 

spectrogram of the filtered sound for a threshold of 61 dB re 1µPa2/Hz is shown in 

Figure 3.7A. As the live rock was approximately 200 mm from the hydrophone, the 

estimated mean source level density over the 211 s was approximately 45 to 48.5 

dB re 1µPa2/Hz @ 1 m. Although the sound level does not appear as great as that 

observed in recordings from the Line Islands (Figure 3.3A), comparisons of 

pressure spectral density recordings taken between 19:00 and 20:00 local time from 

the five field sites and aquarium-based hermit crab recordings show a peak centered 

within a relatively narrow frequency band of 14.3 to 14.5 kHz (Figure 3.7B).  

The distribution of time intervals between recorded sounds that reached the 

threshold of the detection filter (set at 61 dB as above) is shown on a semi-

logarithmic axis in Figure 3.8. Time intervals were partitioned into 200 histogram 

bins and truncated to a maximum interval time of 60 s to remove rare outliers. Two 

regions of data, modeled by two separate rate parameters, were apparent and curves 

were fitted to the data based on a modified exponential distribution, as follows:  
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    𝑦! = 𝐴!𝜆!𝑒!!!!  ,    (1)  

 

where x represents the intervals between detections and y is the output density of 

occurrence. The subscript n represents the nth region and the constant 𝐴! is a 

scaling factor not equal to unity that is specific to each regime. As such, the 

relationship between 𝑥! and 𝑦! is not modeled by a typical exponential probability 

density function unless the scaling factor 𝐴! is accounted for during normalization. 

This parameter is influenced by the probability of detection and the probability of a 

false alarm. These probabilities in turn affect the measured rate parameters. Correct 

normalization of time interval data requires further analysis of signal, noise, and 

detector properties outside the scope of this report. Regardless of normalization, 

these data suggest two distinct relationships between detection interval and 

occurrence frequency, differentiated by detection interval. Two least squares fitting 

algorithms using Equation 1 were implemented simultaneously on the distribution 

of time intervals, each restricted to a segment separated by a ‘changeover’ interval. 

An optimal changeover interval of 4.40 s for a threshold pressure spectral density 

of 61 dB re 1µPa2/Hz was determined through minimizing the residuals arising 

from both least-squares operations. Below an interval of 4.40 s, the data are 

described by an event rate 𝜆! = 0.38 detections per second and 𝐴! = 0.13, while 

an event rate of 𝜆! = 0.064 detections per second and 𝐴! = 0.26 was observed for 

data where the intervals between detections were greater than 4.40 s.  
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3.5 Discussion  

	  
3.5.1 Ambient noise recordings  

 

In many tropical and temperate coastal seas, the temporal variation in the 

sound field around shallow reefs is strongly diurnal. Sounds above approximately 6 

kHz are unlikely to be from non-biological sources during calm to moderate seas 

(Wenz, 1962). Although light rain in calm conditions has been shown to similarly 

produce a spectral peak at around 15 kHz, the simultaneous occurrence of drizzle 

and low sea state is not a precisely regular diurnal event and the spectral peak 

produced by drizzle is broader in frequency (Scrimger et al., 1989; Ma et al., 

2005). Thus, such nightly chorusing is almost certainly created by animals. The 

biological origins of some diurnal acoustic patterns have been documented in 

specific cases, including fishes (Cato, 1980; D'Spain and Batchelor, 2006), 

echinoderms (Radford et al., 2008a) and the aforementioned snapping shrimp. 

However, to our knowledge no previous work offers a valid explanation for the 

relatively high frequency, spectrally peaked, diurnally-varying sound that 

dominates the sound field in these recordings from the Line Islands.  

Ambient biological noise on many reefs, both tropical and temperate, has 

previously been attributed to the sound created by snapping shrimp. While this is 

certainly true in many locations, this work suggests that, besides snapping shrimp 

noise, sounds created by other organisms may be not only discernable but 

dominant. Beyond the scope of this study are considerations of range-dependent 
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attenuation and the dispersive and/or attenuative characteristics of the benthic 

material. Spectral modification of distant snapping shrimp cavitation sounds by 

bottom interaction and frequency dependent dispersion may substantially change 

their recorded characteristics. However, such attenuation would typically act as a 

weak low-pass filter, rather than a band-pass filter of the type that would be needed 

to produce the spectra observed here.  

Spectral comparisons between sites are of particular interest given the 

gradient of human disturbance across the northern Line Islands (DeMartini et al., 

2008; Sandin et al., 2008). Recordings at all sites were consistent in that the 

distribution of the dominant components of pressure spectral density above 

approximately 1 kHz were broadly similar, as seen in Figures 3.3 and 3.7B. Such 

consistency is suggestive of similar biological processes occurring across this 

gradient of human disturbance, a phenomenon not quantified by previous 

ecological work. However, the mechanisms through which anthropogenic impacts 

such as pollution and fishing influence the underwater sound field are virtually 

unknown. Additionally, Jarvis Island is located along latitude 0.37° S, within the 

region of equatorial upwelling. Jarvis Island experiences distinctly different 

oceanographic conditions from the other islands discussed in this study, which are 

in essentially oligotrophic tropical surface waters and experience relatively little 

nutrient upwelling, with the exception of island wakes (Coutis and Middleton, 

1999). The similarity between the spectral components of the sound field recorded 

at Jarvis and the other islands suggests that the processes that lead to the creation of 

such sounds may be independent of these regional-scale oceanographic conditions. 
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While the recordings from Jarvis, Washington, and Fanning Islands were 

taken on the outer reef slope, recordings at Kingman Reef and Christmas Island 

were taken from the inner lagoon and lee harbor, respectively. As the recordings 

from the latter two sites were consistently lower in level across much of the 

sampled spectrum, it is likely that the local environment and/or the subsequent 

effect of the environment on the local ecology influenced the received levels. Until 

acoustic data are collected from regions with similar physical characteristics under 

similar conditions, connections between received level and ecological state cannot 

be made.  

The relative ratio of spectral levels between day and night may still be 

compared between sites. This measure provides an indication of the relative change 

in acoustic emissions between the two time periods, and is compared with 

ecological metrics estimated by previous studies of the same areas (Figure 3.9). 

While the percentage of coral cover, fish biomass, and percentage of piscivorous 

fishes are generally correlative, there is no discernable correlation between these 

data and the ratio of nighttime and daytime acoustic spectral density level at each 

site. However, the limited spatial sample (n = 5) of acoustic recordings results in a 

low probability of detecting a real correlation. A statistically robust investigation of 

the hypothetical link between the characteristics of ambient reef noise and 

ecological state will require a more comprehensive acoustic sampling strategy that 

includes a greater number of sampling locations.   

The biological activity that produces the recorded sounds may be 

independent of previously measured ecological metrics, or is indicative of other 
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ecological factors that have not been quantified by these metrics. As recordings of 

sounds produced by benthic organisms are a direct measurement of activity level, 

analysis of these sounds may provide information regarding the ecological 

contribution made by cryptobenthic organisms. This group of creatures, significant 

in biomass, diversity, and influence on reef ecology, is almost entirely missed by 

the current methods of reef state assessment such as fish counts and estimations of 

percent cover of benthic organisms.  

 

3.5.2 Remote cameras  

 

Time-lapse remote photography provides a unique discrete-time view of 

animal activity. This imaging technique is especially useful at night, when 

continuous light sources required for video capture or direct observation would 

influence organism behavior. Figure 3.6 shows that the increase in benthic 

invertebrate activity at night correlates with the increase of pressure spectral 

density level in the 11 to 17 kHz band. As each species occupies a unique 

ecological niche, measured activity levels are probably dependent on the type of 

benthic environment within the limited range of the camera and strobe. Combined 

with territorial behavior observed in some reef-dwelling species, the limited optical 

range of each camera likely creates some variance in observed results. Furthermore, 

the efficiency of underwater acoustic propagation leads to an integration of acoustic 

information from a much larger area than that photographed by each camera, so 

that the photographic data only offers information regarding a small subset of the 
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acoustically surveyed area. Nevertheless, crustacea were the group primarily 

responsible for the increase in organism counts at night. Shelled mollusks 

(gastropods) and brittle stars (ophiuroids) were the next most abundant groups after 

sunset. All of these organism groups are characterized by either a rigid exoskeleton 

made of chitin and calcium carbonate and/or a hard external shell made of calcium 

carbonate, or a test (calcite ossicles fused to form armor plating) in ophiuroids. 

Such rigid external structures suggest that these organisms are capable of 

interacting with hard substrate in a way that creates sounds similar to those created 

by the hermit crabs in the aquarium. Indeed, a sound generation mechanism for 

larger, rigid-bodied benthic organisms (sea urchins) has recently been reported by 

Radford et al. (2008a).   

The general increase in benthic invertebrate activity at night is inversely 

related to ambient light levels. Sight-hunting predators such as octopi and 

carnivorous reef-dwelling fishes are known predators of benthic invertebrates 

(Hiatt and Strasburg, 1960; Hobson, 1972). Thus, the cover of darkness reduces 

foraging restrictions on benthic invertebrates. The broad spectral peak in ambient 

sound between 11 and 17 kHz that occurs at night is also present during the day, 

although the estimated pressure spectral density level is reduced by 4.7 to 6.9 dB. 

While remote cameras show relatively low levels of invertebrate activity above the 

substrate during daylight hours, sound-producing activity may continue beneath the 

outer surface of coral reefs. The highly complex, porous nature of coral reef 

structures offers invertebrates protection from free-swimming predators while 

scattering and attenuating the sounds they produce. Although the connection 
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between organism activity and acoustic pressure level in the natural reef 

environment is yet to be made clear, predator avoidance may be the principal driver 

of diurnal acoustic patterns on the reef.  

A limitation of the remote camera imaging technique is that organisms must 

be large enough (on the order of 20 mm total length) and on the surface of the 

substrate to be adequately resolved and classified in photographs. The diversity of 

benthic crustacean species is extremely high. For example, one recent study 

recovered 525 species from only 6.3 m2 of distributed reef area (Plaisance et al., 

2011). The majority of these species are small (total length of less than 5 mm) and 

found within coral structures. In fact, most coral reef diversity is made up of small, 

cryptic species and species from poorly known groups (Plaisance et al., 2009). 

Ecological work using settlement structures (artificial tiles that are placed on a reef, 

then removed some time later and evaluated for resident organism diversity, 

biomass, and number) has shown that small crustaceans can occupy protected 

surfaces with densities of up to 153.1 (S.E. = 14.1, n = 6) individuals per 50 cm2 

area (Smith et al., 2001). Given that size of these organisms and that the majority 

of habitable area in a coral reef is below the visible surface it is likely that the 

quantity and diversity of undetected small organisms is very high. For the origins 

of all reef noise components to be truly resolved, the contribution to ambient noise 

by these smaller organisms must also be determined. If such a contribution exists, 

even if small individually, the sheer number of these organisms moving about on 

the substrate is likely to create a significant contribution to the sound field.  
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3.5.3 Aquarium recordings  

 

Although the sounds produced by the hermit crabs in the laboratory were 

low level and of short duration, a greater number of sound producers distributed 

within the acoustic proximity of a hydrophone would produce a recording similar 

in nature to those recorded in the Line Islands through superposition. The 

intermittent nature of sounds and the visual connection between the sounds and 

movement/foraging activity suggests that they are purely incidental and not part of 

an effort to communicate between individuals, or part of a cyclical process such as 

respiration. As the sounds originate from mechanical interaction between the 

hermit crab’s exoskeleton, shell, and the substrate, they are not species specific. 

Rather, such sounds are produced by hard-shelled, reef dwelling animals of many 

types as they feed and move about the reef. The distribution of intervals between 

sounds that achieve a received level threshold sufficient for detection does not 

appear to be comprised of a single random process. Instead, two regimes in the 

distribution were observed, with the shift between the ‘fast’ and ‘slow’ regimes 

occurring at an interval of 4.40 s. Although these distributions could not be fitted 

precisely to an exponential distribution, it is postulated that the sound creation 

mechanisms associated with the hermit crabs fall into two categories. Behaviors 

pertaining to both categories of sound production were observed during the 

recording period. The first involves transient sounds that occur in clusters, such as 

those made as the exoskeleton and/or shell makes repeated contact with the rock 

during steady locomotion or when repeated scraping is required to remove food 
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items that may be anchored to the substrate. In these acoustic events, trains of 

similar sounds are created over a short time before the organism changes its 

behavior and the acoustic output similarly changes. These events correspond to 

intervals of less than 4.40 s as seen in Figure 3.8. The second involves single 

acoustic events produced when the substrate is struck incidentally. Such sounds 

may be associated with less coordinated movement that is less likely to be 

associated with continuous locomotion or repetitive feeding behavior. These 

correspond to intervals greater than 4.40 s in Figure 3.8. 

Although beyond the scope of this work, the sound produced by the 

interaction between the hermit crabs and the substrate almost certainly contains 

information pertaining to substrate type. It is also likely that the size and numbers 

of organisms additionally influence the characteristics of the acoustic emissions. 

The seismo-acoustic properties of the substrate change with density and elastic 

moduli, while larger organisms possess correspondingly larger and heavier 

exoskeletons and/or shells. Through linear superposition, a greater number of 

organisms will produce a higher noise level overall. It is possible that the dominant 

frequency components of this incidental sound are affected by substrate density, 

elastic modulus, and attenuation characteristics, along with the mean organism size. 

Given that reef recordings are in fact a superposition of sounds produced by great 

number of hard-shelled invertebrates, the it is possible that acoustic pressure 

spectral density level is indicative of the general activity level in the area.  
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3.5.4 Implications for acoustic ecological evaluation  

 

The three types of observations reported here demonstrate a link between 

the production of sound in the 11 to 17 kHz band and the benthic activity recorded 

in the time-lapse photographs. Laboratory tests demonstrate that the spectral 

characteristics of sounds created through mechanical interaction between hard-

shelled invertebrates and coral reef substrate are similar to those of ambient sounds 

recorded near coral reefs in the Line Islands.  The increase in acoustic pressure 

level in the 11 to 17 kHz band at night is correlated with the general increase in 

crustacean activity at night in the same locations.  

The similarity of acoustic spectra recorded over the five Line Islands shows 

that biological processes responsible for the recorded acoustic emissions are 

ubiquitous across a wide range of ecological states; from the relatively untouched 

Kingman Reef to the heavily degraded coral reef ecosystems adjacent to the mouth 

of St. Stanislas Bay, Christmas Island. Such similarity suggests that the processes 

underlying the recorded acoustic emissions are themselves ubiquitous and may 

occur on a global scale in shallow coral reef ecosystems, although the sounds 

discussed here may be obscured by snapping shrimp and non-biological processes 

that create higher level sounds. The acoustic emissions made by invertebrates 

discussed in this article may also be reduced in received level by additional 

environmental variables. In regions where coral reefs have degraded to an algae-

dominated community, algal smothering of the substrate may reduce direct contact 

between hard-shelled benthic organisms and the underlying rock. The physical 
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barrier imposed by the comparably soft algae may reduce the acoustic output of the 

activity discussed here, other impacts on their ecological state notwithstanding.  

Before estimates of relative ecological state can be made with any accuracy 

through passive listening, further work is necessary to understand the sources of 

sound recorded on coral reefs. Acoustic sampling using more statistically robust 

site location strategies will allow direct comparisons with previously collected non-

acoustic ecological data. The question of why some regions are dominated by the 

acoustic emissions of snapping shrimp, while others such as the field sites 

considered here are not, is in need of further investigation. The spatial 

heterogeneity of coastal underwater sound fields has been observed in several 

studies, but the mechanisms behind this acoustic diversity are still not fully 

understood. The effects of acoustic propagation and dispersion in shallow reef 

environments need to be considered, not just for local sources but also for sound 

that may arrive at reefs from more distant regions. It should also be noted that some 

reef-dwelling species are known to use sound as a means of communication during 

spawning periods. These acoustic events, while containing information regarding 

specific species, are less likely to be reflective of overall local ecological condition 

as the evolutionary benefits to congregational mass spawning events are likely 

independent of local ecological state. Consequently, they must be accounted for 

when attempting to obtain a representative recording of ambient noise. 

With the decreasing price and increasing capacity of battery and memory 

storage technology, remote passive acoustic sensing techniques that offer 

continuous monitoring over year-scale periods of time for relatively little cost are 
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now commonplace (Mann and Tucker, 2000; Wiggins and Hildebrand, 2007; 

Lammers et al., 2008). If connections between ambient noise characteristics and 

ecosystem state can be established, remote, continuous passive acoustic monitoring 

of such ambient noise could serve as a powerful and complimentary ecological 

survey technique to SCUBA-based visual observations, which are typically poor in 

estimating the abundance and diversity of cryptobenthic (well camouflaged, bottom 

dwelling) organisms. Furthermore, the interconnected nature of coral reef 

ecosystems suggests that changes to one ecological aspect of an area will influence 

all trophic groups. Such cascading changes have been observed in many underwater 

ecosystems (Jackson et al., 2001; Sandin et al. 2008; Schiel, 2011). The 

characteristics of sounds produced by hard-shelled benthic invertebrates may serve 

as an indicator by proxy of other aspects of ecological state. Changes in sounds 

produced by hard-shelled benthic invertebrates may serve a similar purpose as the 

song of a canary in a coalmine, indicating important ecological changes that may 

otherwise be difficult to detect and quantify. Passive acoustic recording facilitated a 

substantial improvement in the accuracy of marine mammal monitoring (Winn et 

al. 1975; Cummings and Holliday, 1985). Through identification and validation of 

ambient biological noise sources to an ecologically functional level, passive 

acoustic recording may beget similar advances in marine ecological survey 

techniques.  
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3.6 Summary  

	  

Acoustic data collected from five islands and reefs in the Line Islands 

archipelago follow a clear diurnal pattern. Pressure spectral density level increases 

by 5 to 7 dB in the 11 to 17 kHz band with the setting of the sun, and the reverse 

occurs at sunrise. The spectra at all sites are dominated by a peak between 14 and 

15 kHz that is 4 to 8 dB higher than the simultaneously observed spectral plateau 

between 3 and 11 kHz. This peak persists at a lower level during the day. Although 

the majority of reef sounds are thought to originate from the cavitation-derived 

emissions of snapping shrimp, the Line Island recorded sound does not appear 

consistent with the known spectral characteristics of snapping shrimp ‘snaps’. 

Simultaneous time-lapse underwater photographs of the benthic environment reveal 

an increase in invertebrate activity at night that is consistent with the increase in 

pressure spectral density level. Crustaceans appear to be the dominant organism 

group represented in the photographs. Acoustic recordings under controlled 

aquarium conditions of the hermit crab Clibanarius diugeti show a similar spectral 

peak to the coral reef in-situ recordings. The sounds were observed to originate 

from mechanical interactions between the hard-shelled organisms and the coral 

rock substrate. This observation suggests that the dominant component of in-situ 

reef noise in the Line Islands archipelago is created by the physical interaction 

between a great number of small, hard-shelled organisms and the substrate. 

Conclusive identification of sound producers to the functional-group level and 

consideration of the environmental effects on recorded sound may lead to passive 
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acoustics-based, long-term monitoring and evaluation methods that offer 

quantitative, continuous information regarding ecological state.  
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3.9 Tables 

Table 3.1: Summary of peak pressure spectral density levels and respective peak 
frequencies during daytime (16:00 to 17:00 local time) and nighttime (19:00 to 
20:00 local time). Standard deviations are shown in parentheses.  
	  

Site location 

Day-time 
peak pressure 
spectral 
density (σ+,σ-
), dB re 
1µPa2/Hz 

Night-time 
peak pressure 
spectral 
density (σ+,σ-
), dB re 
1µPa2/Hz 

Day-time peak 
frequency 
(kHz) 

Night-time 
peak 
frequency 
(kHz) 

Kingman Reef 62.28 (0.51, 
0.57) 

68.35 (0.44, 
0.48) 14.63 14.32 

Washington 
Island 

69.73 (0.58, 
0.67) 

75.48 (0.54, 
0.62) 14.48 14.32 

Fanning Island 67.56 (0.67, 
0.79) 

73.71 (0.48, 
0.53) 14.50 14.34 

Christmas 
Island 

64.44 (0.91, 
1.17) 

69.01 (0.78, 
0.96) 14.62 14.30 

Jarvis Island 70.14 (0.69, 
0.83) 

75.59 (0.54, 
0.62) 14.51 14.35 
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3.10 Figures  

 

Figure 3.1. A: Chart showing the location of the five field sites in the Line Islands 
Archipelago relative to the Hawaiian Islands in Mercator projection. B: Charts of 
each island or reef where hydrophone and camera deployments took place. A star 
denotes the approximate location of each hydrophone deployment.  
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Figure 3.2. A: Diagram showing how the Loggerhead Instruments hydrophone 
system was deployed at each field site at a depth of approximately 10 m. The 
omnidirectional hydrophone element (black object atop the grey cylinder) was 
placed approximately 2 m above the reef. B: Schematic showing the experimental 
setup in which sounds created by the hermit crab species Clibanarius diugeti were 
recorded.  



	  

	  

121 

	  
 
 
 
Figure 3.3. (opposite) A: Spectrograms of acoustic pressure spectral density 
collected at the five field sites in the Line Islands archipelago. Each spectrogram 
represents acoustic recordings spectrally averaged by day, from 16:00 to 08:00 
local time. Deployment durations ranged from two days duration (Christmas 
Island) to four (Kingman Reef). During the deployments, sunset and sunrise 
occurred at approximately 18:30 and 06:30 local time, respectively. B: Estimated 
pressure spectral density averages for the five field sites during daytime and 
nighttime periods. Solid lines represent averaged pressure spectra between 19:00 
and 20:00 local time, while dashed lines represent the same between 16:00 and 
17:00 local time. Red and blue lines indicate one standard deviation about the 
daytime and nighttime pressure spectral density estimates, respectively. High 
frequency noise seen above 16 kHz during daytime recording at some sites is due to 
the presence of SCUBA divers, and does not affect the analysis of ambient noise in 
this study. 
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Figure 3.4: Representative time-series plots of 4 ms duration showing typical noise 
produced by hermit crabs in laboratory experiments (upper waveform) and ambient 
noise recorded on the reef at Jarvis Island at night (lower waveform). Note the 
difference in vertical scale between waveforms.   
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Figure 3.5: Approximated pressure spectral density levels from various noise 
sources in the ocean (National Research Council, 2003, adapted from Wenz, 1962). 
The solid red line from 100 Hz to 20 kHz shows the approximate averaged pressure 
spectral density characteristics of ambient noise from Jarvis, Washington, and 
Fanning Islands between 19:00 and 20:00 local time.  
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Figure 3.6 (opposite): Organism counts from time-lapse photographs taken at each 
field site, plotted with simultaneously recorded peak pressure spectral density in the 
11 to 17 kHz band (solid line). The dashed line shows the time-series of cumulative 
organism counts per photograph. Organism types are displayed as solid blue circles 
(crustaceans – crabs and shrimp), solid cyan squares (gastropods – snails), solid 
green diamonds (ophiuroids – brittle stars), solid downward-pointing magenta 
triangles (holothuroids – sea cucumbers), and solid right-pointing red triangles 
(annelids – segmented worms). Organism count levels are shown on the vertical 
axis to the left, pressure spectral density in dB re 1 µPa2/Hz is shown on the right 
vertical axis. Local sunset at all sites took
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Figure 3.7. A: Concatenated spectrogram showing the estimated pressure spectral 
density of hermit crab sounds that exceeded 61 dB re 1 µPa2/Hz above 11 kHz. The 
equivalent of 211 s of sound recorded at fs = 96 kHz was collected over 16 hours 
and 46 seconds. B: Averaged pressure spectral density curves from 211 s of 
concatenated hermit crab sounds (solid line) and from one hour of ambient reef 
noise recordings at each of the five field sites from 19:00 to 20:00 local time 
(dashed lines). The narrow-band peak in the solid line at approximately 6.4 kHz 
was due to machine noise that could not be turned off during hermit crab 
recordings.  
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Figure 3.8: Densities of intervals between detections for a detection threshold of 61 
dB re 1 µPa2/Hz between intervals of 0 to 60 s (black dots). A change in slope is 
observed at an interval of 4.40 s (vertical dashed line). Exponential density model 
curves are shown for the two regimes. The steeper curve (red at left) corresponds to 
a rate parameter of 0.39 snaps per second. The shallower curve (green at right) 
corresponds to a rate parameter of 0.064 snaps per second. 
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Figure 3.9: Plots showing comparisons between linear ratios of nighttime over 
daytime maximum average pressure spectral density at the peak frequency between 
14 and 15 kHz and ecological survey data from equivalent field sites. Error bars 
show ±1 standard deviation where available. Asterisks denote data from Sandin et 
al. (2008), while the plus sign denotes unpublished data from the same study.
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 CHAPTER 4 

 

Cross-correlation, curved wavefront focusing of a horizontal, bi-linear 

hydrophone array to locate biological sound sources on a coral reef. 

 

4.1 Abstract 

	  

A seven-element, bi-linear hydrophone array was deployed over a coral reef 

in the Papahānaumokuākea Marine National Monument, north-western Hawaiian 

Islands in an effort to spatially characterize ambient reef noise in an environment 

free of anthropogenic influence. Conventional and white noise constrained adaptive 

acoustic focusing (equivalent to curved-wavefront beamforming) were performed 

over a restricted two-dimensional area that encompassed source locations as 

estimated by time-domain-based cross-correlation. Simulations of array response 

provide an estimate of array processing performance, used to guide the 

interpretation of in-situ recordings. Acoustic focusing over a 1600 m2 area 

surrounding the array indicated that sound source locations were generally 

consistent with the distribution of rocky reef structure. Spectrally homogeneous 

snapping-shrimp-like sounds originate from one area to the east of the array. To the 

west, the spectral-spatial distribution of sound sources is more varied, suggesting 

the occurrence of a multitude of heterogeneous biological processes. Some low 

frequency noise from distant breaking waves is received from end-fire north of the 
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array. Small-scale spatial awareness of sound source locations permits a spatial 

census of the acoustically active biological processes occurring in a reef 

environment. They contribute unique information toward our understanding of the 

complex ecological processes that occur in these biologically rich environments. 

 

4.2 Introduction  

	  

Coral reef ecosystems are often the dominant source of sound in tropical 

coastal waters (old). Although the sound is unquestionably biological in origin, 

many questions remain regarding the contributors to the reef soundscape and the 

ecologically relevant information that ambient reef sounds may contain (Kennedy 

et al., 2010; Rountree et al., 2006; Van Parijs et al., 2007). Reef sounds are known 

to be highly heterogeneous in space (Radford et al., 2010). While recordings from a 

single hydrophone can produce a summary of time and frequency characteristics, 

spatial information regarding sound sources, apart from the assumption that the 

sources are in the acoustic vicinity of the hydrophone, cannot be discerned from 

such recordings. A two-dimensional passive hydrophone array can be used to 

create a two-dimensional acoustic ‘map’ in the near field, comprising of frequency 

content and localization estimates of sound sources distributed over and within the 

reef.  

 

Moreover, the use of adaptive beamforming techniques greatly enhances the 

ability of an array to resolve the spatial characteristics of the soundscape by 
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enhancing spatial resolution and signal-to-noise ratio (SNR, Capon, 1969). 

However, these enhancements come at the cost of increased computational burden. 

Adaptive beamforming most often requires inversion of the cross-spectral density 

matrix (CSDM) on a per-frequency-bin basis for beamforming over a broad 

frequency band. Furthermore, robust adaptive algorithms such as white noise 

constrained beamforming (Cox et al., 1987) typically utilize an iterative approach 

to satisfy the white noise constraint, in which each iteration requires inversion of 

the CSDM. The number of iterations may be minimized by using techniques such 

as Brent’s method (Brent, 1973). Nevertheless, the computational effort required is 

significantly greater than that required in conventional beamforming for the same 

case. Developments that seek to mitigate the computational effort required in 

adaptive beamforming, such as dominant mode rejection, can improve the outcome 

in certain scenarios (Abraham and Owsley, 1990; Messerschmitt and Gramann, 

1997). Another method to decrease the amount of time required to perform 

adaptive beamforming is to limit the range of the steering vectors to a sector most 

likely to contain the source of interest, the likely source location having been 

obtained a priori through another means. If the geometric arrangement between 

two time-synchronized, simultaneously recording sensors is known, an inverse 

Fourier transform of the coherence between these sensors provides an estimate of 

the sound field correlation (Buckingham, 1983). When mapped to the axis between 

the two sensors, the relative spatial correlation is obtained. Although axial 

ambiguity will be present, using more than one pair of uniquely distributed sensors 

allows for triangulation of sources of highly correlated sound.  
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A seven-element, bi-linear hydrophone array was deployed horizontally over 

a coral reef ecosystem near Kure Atoll in the Papahānaumokuākea Marine National 

Monument, northwestern Hawaiian Islands (NWHI). Virtually free of 

anthropogenic disturbance, including anthropogenic sound, acoustic recordings 

from Kure Atoll are representative of a ‘baseline’ ecological state for a high-

latitude coral reef in the north Pacific. This article describes a two-step method of 

obtaining the frequency and spatial characteristics of near-field sound sources over 

a coral reef, using data obtained from the NWHI. The method starts with the cross-

correlation between acoustic channels to triangulate the likely range and azimuth of 

sound sources. Conventional and adaptive acoustic focusing (DeFatta et al., 1988), 

(equivalent to plane-wave beamforming except that a curved-wavefront assumption 

is used, producing estimates of range in addition to azimuth) are then conducted 

over a limited window that encompasses the range and azimuth estimate obtained 

through coherence analysis.  

With the exception of marine mammal research, the application of passive 

arrays and array processing algorithms for estimating the directionality of the sound 

field in bio-acoustically active underwater ecosystems has been limited (D’Spain 

and Batchelor 2006; Chitre et al., 2012; Miklovic and Bird 2001), presumably due 

to the expense, complexity, and the computational resources required. However, 

use of electronically steerable receivers provides important information toward 

understanding the biologically produced sounds that dominate the sound field in 

many coastal shallow-water regions. As the cost of computing power, data storage, 
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and high-performance batteries further decreases, it is likely that array processing 

techniques will be applied more often to such biologically oriented studies. There is 

growing interest in the use of passive acoustic recordings for ecological monitoring 

and assessment (Cotter, 2008; Lammers et al., 2008). The heterogeneity of sound 

sources in time, space, and frequency content results in a complex acoustic 

environment that cannot be accurately resolved in space without directional or 

focused listening capability.  

 

The next section describes the hydrophone array hardware and the shallow 

water field experiment in which the acoustic data used in this analysis were 

obtained (Section 4.3.1). Section 4.3.2 describes near-field modeling of the 

experimental setup and testing using simulated sources for the purpose of 

quantifying the performance parameters of the array in the configuration used 

during deployment at sea. Section 4.4.1. Describes the intersection of cross-

correlation derived bearings. A brief review of curved-wavefront, array-based 

acoustic focusing is then provided in Section4.4.2, including a description of how 

this array processing technique was implemented using time-delay vectors 

corresponding to points on a near-field grid. Section 4.5 details the methods by 

which data collected in situ were pre-processed for quality control (Section 4.5.1) 

and how array processing algorithms were implemented (Section 4.5.2). The results 

are presented in Section 4.6 (Section 4.6.1: Simulation results, and Section 4.6.2: 

Results of the analysis of shallow water recordings). Section 4.7 presents a 

discussion of the results. Section 4.7.1 discusses the model outputs. Section 4.7.2 
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discusses the results obtained from recordings made at sea. Section 4.7.3 contains 

an investigation into the effect of hydrophone location error on the cross-

correlation algorithm. Finally, Section 4.8 summarizes the conclusions from this 

work.  

 

4.3 Experiment overview 

	  
4.3.1 At-sea data collection  

 

Shallow-water ocean acoustic data were collected using the ‘flyby’ 

hydrophone array (Figure 4.1), a portable and flexible line array initially developed 

to investigate underwater sounds produced by overflying aircraft (Buckingham et 

al., 2002). The flyby array geometry consists of eleven hydrophones spaced as four 

uniform, five-element nested sub-arrays with half-wavelength design frequencies 

increasing in octaves from 250 Hz to 2 kHz (with corresponding inter-element 

spacings of 0.325, 0.75, 1.5 and 3 m respectively). Although the flyby array 

comprises of eleven hydrophones, four (hydrophones 4, 5, 10, and 11, as counted 

from the computer housing) did not collect data during the experiment due to poor 

connections inside the potted cable junctions. Consequently, all array processing 

was conducted with the remaining seven elements. Sampling was conducted at 

81.92 Ksamples per second at 24-bit resolution by a National Instruments PXI-

8186 computer equipped with two PXI-4472 data acquisition boards in a pressure 

housing attached to the array. Data were acquired using Labview® and converted 
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to Matlab® .mat file format after passing through an anti-aliasing filter. Eight IDX 

E-10 Li-ion batteries provided power for approximately 36 hours recording time 

when recording was conducted in the duty cycle pattern described below. The flyby 

array was deployed at Kure Atoll (Figure 4.2A) in the Papahānaumokuākea Marine 

National Monument, north-western Hawaiian Islands (NWHI), in an effort to 

characterize the acoustic field produced by undisturbed coral reef ecosystems. Kure 

Atoll became a state wildlife sanctuary in 1981 and was incorporated in the 

formation of the Papahānaumokuākea Marine National Monument in 2006. Little 

fishing occurred at Kure Atoll before protection as a marine reserve due to its 

extremely remote location. Consequently, the area around the atoll may be 

considered a virtually undisturbed high-latitude coral reef ecosystem. Because of 

the large size, remote location, and restricted-access nature of the monument, 

acoustic recordings free of anthropogenic noise were virtually guaranteed in 

shallow water. The flyby array was deployed on level seafloor composed of 

coralline sand at 14.8 m depth on the southern outer reef of Kure Atoll at  28° 

22.951’ N, 178° 19.484’ W (Figure 4.2B) Deployments were in conjunction with 

on-going data collection by staff and volunteers for the National Oceanic and 

Atmospheric Administration (NOAA) reef assessment and monitoring program 

(RAMP), on cruise HA-12-04 during August 2012.  

 

The array was deployed in an eroded spur-and-groove coral reef 

environment (Figure 4.2C) in an obtuse bi-linear shape, in plane with the sea floor 

and raised approximately 30 cm from the sediment surface through line tension. 
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The approximate layout of the seven-element array is displayed in Figure 4.2D. 

Array cables and the data acquisition computer housing were secured to the sea 

floor using screw-type sand anchors. As the sources of the ambient sound field 

were most likely to be organisms in and over the rocky spurs, the orientation of the 

largest array aperture component was parallel to the reef spurs for maximum 

aperture in that direction. As a result, the arm of the array comprised of elements 1 

through 6 was oriented north-south. The flyby array collected data from 10:13:36 

on the 13th of August 2012 until 23:06:34, August 14th (Hawaii local time, GMT - 

10). In order to characterize daily variability, the array recorded 5 min of 

continuous acoustic data per 30-minute interval, with the data acquisition computer 

shutting down between recordings. During deployment, water temperature was 

recorded at the array using portable underwater thermometers. Given that the 

experiment location was completely exposed to open ocean currents, salinity was 

inferred from World Ocean Atlas data (Antonov et al., 2006). A sound speed of 

1531.5 ms-1 in the region of the experiment was estimated from these data.    

 

Care was taken to level the hydrophone positions using a spirit level and by 

adjusting the height of the sand anchor eyes in situ. The hydrophone cable was also 

secured with the greatest amount of line tension that could reasonably be exerted by 

one SCUBA diver while a second secured the line. Nevertheless, some low 

frequency cable strum was recorded due to the long-period ocean waves that are 

almost always present at this site. Data were passed through a 512-point high-pass 
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filter (fc = 100 Hz, fs = 500 Hz) to reduce the level of noise from cable strum after 

digitization.  

4.3.2 Array performance modeling  

 

In addition to the collection of data at sea, simulations using the same array 

geometry were conducted to estimate the range and azimuth based performance 

characteristics of the array. The direction-estimation performance characteristics of 

a line array and plane-wave beamforming system are often synoptically assessed 

through the beam pattern obtained by the broadside replica vector. The focusing 

application described here involves estimation of received level as a function of 

both azimuth and range and one representative replica vector that ascertains lobe 

structure in two dimensions cannot be obtained. Instead, the spatial sensitivity of 

the array as arranged during at-sea data collection was estimated through 

propagation modeling using simulated sound sources, and sensor positions as 

measured in situ. 

 

4.3.2.1 Acoustic focusing performance 

 

To estimate relative acoustic focusing performance of conventional and 

white noise constrained acoustic focusing over the two-dimensional plane of 

interest, broad-band, random, Gaussian white noise sources µμ = 1,σ = 1  were 

simulated at each grid point, and focusing was conducted over the entire two 

dimensional plane. The area encompassed by the main lobe surrounding the source 
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location (analogous to the main lobe produced by a plane-wave beamformer) was 

quantified by including grid points within the full area at half maximum (FAHM) 

envelope, analogous to the full width at half maximum (FWHM) concept used to 

quantify the main lobe width in plane-wave beamforming. Consequently, FAHM 

provided a quantitative indicator of source estimation ambiguity as a function of 

source position relative to the array. Conventional and white noise constrained 

focusing outputs were mapped as an ambiguity surface over the horizontal grid 

plane in order to ascertain the spatial distribution of focusing accuracy. Acoustic 

focusing outputs were calculated for the 240 Hz, 2.4 kHz, and 24 kHz frequency 

bins to investigate the change in array performance over a range of frequencies.  

A similar approach was employed to estimate the performance of the cross-

correlation algorithm. However, rather than producing an estimation of the cross-

correlation magnitude for a source at a given location, the accuracy of cross-

correlation outputs were estimated through recording the number of neighboring 

grid points that returned cross-correlation magnitudes over the threshold value. A 

greater level of accuracy produced a smaller ‘error surface’ that in turn indicated a 

lower variance in detection at that location. 

 

4.3.2.2  Array resolution 

 

The ability of the array to detect simultaneously transmitting sources 

positioned at varying distances from each other, at a number of frequencies, was 

investigated for sources positioned close to broadside and close to end-fire. In each 
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case, two normally distributed white noise sources as described earlier in this 

section were positioned between 1 and 10 m apart, either parallel to the primary 

axis (in the case of the broadside position) or perpendicular (in the case of the end-

fire position). Acoustic focusing was conducted at 240 Hz, 2.4 kHz, and 24 kHz in 

order to estimate the array response over the range of frequencies used in acoustic 

focusing. 

 

4.4 Correlation processing  

	  
4.4.1 Cross-correlation 

 

 The axisymmetric angular distribution of correlated sound sources can be 

obtained using data from two hydrophones when 1) the recorded data are time 

synchronized, 2) the distance between the two hydrophones is known and 3) the 

local sound speed has either been directly measured or inferred from temperature, 

salinity, and depth. Using hydrophone pairs that are not co-linear removes the axial 

ambiguity from each distribution, allowing for localization of sound sources in 

near-field space (where the aperture of the hydrophone array allows a reasonable 

level of triangulation accuracy). Note that for a two-dimensional hydrophone 

arrangement, ambiguity remains in the direction orthogonal to the plane of the 

array. Algorithms that remain entirely within the time-domain can obtain this 

angular distribution, but a computationally more efficient method of obtaining the 
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correlation between a given hydrophone pair is to utilize the cross-spectral density 

matrices calculated in the Fourier domain.  

 

A frequency domain representation of the acoustic data 𝑥 𝑛, 𝑡  from each 

channel, 𝑛 = 1, 2,…𝑁, is obtained through the Fourier transform: 

   

                     𝑋! 𝜔 = 𝑥! 𝑡 𝑒!!"#𝑑𝑡
!
!!      (1) 

 

The cross-spectral density of the ambient sound field, S, from any two sensors (a, 

b) in an array is defined as  

 

               𝑆!" 𝜔 = lim
!→!

!
!

𝑋!! 𝜔 𝑋!!
∗
𝜔!

!!! ,   (2) 

 

where i represents the realization number and the average is taken over time period 

T in which there are a number of realizations. 𝑓!  denotes the sampling frequency, 

meaning 𝑇𝑓! is equivalent to the Fourier transform length in sample points. 

  

For an accurate estimate of the cross-spectral density to be made, the sound 

field must be statistically stationary during the time required to obtain the ensemble 

average in Equation 2. For recordings from dynamic acoustic environments, fewer 

averages and/or shorter Fourier transform lengths may allow for quasi-stationary 

conditions. Note that the auto-spectral density estimate for any particular channel, 



	   	   	  

	  

142 

a, is obtained by multiplying the corresponding 𝑋! 𝜔  with its complex conjugate 

and averaging as in Equation 2.   

 

The cross-correlation function in the time-delay domain between the two 

sensors is obtained by performing an inverse Fourier transform of the cross-spectral 

density, analogous to the Wiener-Khintchine theorem for autocorrelation (Wiener, 

1930; Khintchine, 1934); 

 

 𝜓!" 𝜏 = !
!!

𝑆!" 𝜔 𝑒!"#𝑑𝜔!
!! ,    (3) 

 

where 𝜏 is the correlation delay time. The maximum delay time between correlated 

arrivals at a sensor pair, 𝜏!  , is given by: 

 

                 𝜏!  (!") =
!!"
!

.     (4) 

 

Assuming plane-wave arrivals, 𝜓!" may be mapped over look directions, θ, 

from !!
!

 to !!
!

 by θ = sin!! !
!!

 values that correspond to !
!!

≤ 1. 

 

The number of data points within !
!!

≤ 1, referred to as 𝑚, is dependent upon the 

sampling frequency, 𝑓!. 
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   𝑚!" = 2𝜏!(!")𝑓!,     (5) 

 

where 𝑚 is an integer rounded downwards. Consequently, the resolution of 𝜓!" 

between -90° to +90° is proportional to the sampling frequency and the inter-

element spacing. If desired, interpolation in the time domain, as is done in time-

delay-and-sum beamforming, can be used to increase the temporal resolution. One 

way of efficiently performing this interpolation is through padding 𝑆!" 𝜔  with 

zeros before obtaining  𝜓!" 𝜏  as in Equation 3. However, no new information is 

gained through this process, only a more finely resolved cross-correlation 

magnitude in the time-delay domain.  

 

In order to obtain the greatest number of independent cross-correlation 

estimates over the duration of the data set without interpolation, the length of T 

should be chosen such that the number of samples per sampling period, 𝑇𝑓!, is as 

close to m as possible. In the case where 𝑇𝑓! ≥ 𝑚, some of the cross-correlation 

values obtained in (3) will correspond to time delays greater than 𝜏!  . In this case, 

the portion of T greater than 𝑚 𝑓!  cannot be mapped to an azimuth with the 

approach used here and will remain unexamined. If 𝑇𝑓! < 𝑚 estimates of 𝜓 will 

not extend the full azimuthal range (-90° to +90°).   

 

Note that as with conventional delay-and-sum beamforming, mapping 

results in a nonlinear resolution in 𝜃: 
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!"!"
!"

= 𝜏!(!") cos 𝜃.     (6) 

 

An axisymmetric representation of the time delays corresponding to range 

and azimuth coordinates from each hydrophone pair center, 𝑟,𝜃 , is required for 

curved-wavefront cross-correlation and array focusing.   

The delay associated with any given grid point is obtained by calculating 

the time taken by sound waves originating at the grid point to travel the differential 

distance ∆𝑅 , shown in Figure 4.3, between the two sensors. ∆𝑅  is calculated 

trigonometrically and the delay time 𝜏!" 𝑟,𝜃  is inferred by dividing ∆𝑅 by the 

sound speed: 

  

 ∆𝑅 = 𝑟! + !
!

!
− 𝑟𝑑 cos !

!
+ 𝜃   − 𝑟! + !

!

!
− 𝑟𝑑 cos !

!
− 𝜃 , 

    

    𝜏!" 𝑟,𝜃 = ∆!
!

,      (7) 

 

where r and 𝜃 are the range and azimuth of a given point, respectively. The 

convention in this analysis is for positive delays when wavefronts arrive at sensor a 

before b.  
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For each pair, correlation magnitudes (and their associated time delays) 

from Equation 3 can be mapped to an axisymmetric grid of time delays calculated 

using Equation 7 over a discretised, two-dimensional area surrounding the array, 

creating ambiguity surfaces (Figure 4.4). The mapping creates ‘rays’ of correlation 

magnitudes that curve outward from the aperture between the sensors. Given sensor 

pairs arranged in a non co-linear manner in space, axial ambiguity is eliminated 

(although planar ambiguity remains as the array is two-dimensional). Summing 

these surfaces over two dimensions creates an estimate of correlated sound source 

position. 

 

4.4.2 Curved wave front focusing  

 

For curved-wavefront acoustic focusing, steering vectors 𝐷 𝜔,𝜃, 𝑟  of 

length N were created for each grid point through a similar process as described by 

Equation 7 using the same spatial indexing shown in Figure 4.4, except that the 

time delays for all array sensors are calculated with respect to the array acoustic 

center (The ‘cross’ in Figure 4.4). In this case, ∆𝑅 is defined as the difference 

between r and 𝑟!, 𝑟!,…   𝑟!. The time delay vector is thus calculated as follows: 

 

 𝜏!, 𝜏!,… 𝜏!    𝑟,𝜃 = !!!!
!
, !!!!

!
,… !!!!

!
   (9) 

 

The phase delay/advance is then calculated to obtain the steering vector:  
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 𝐷 𝜔,𝜃, 𝑟 = 𝑒!" !!,!!,…!!   .     (10) 

 

Using complex frequency-bin-centred vectors of length N, 𝐵 𝜔 : 

 

     𝐵 𝜔 = [  𝑋! 𝜔   𝑋! 𝜔 …𝑋! 𝜔 ], 

 

Each realization of the cross-spectral density estimate for each element pair is 

calculated through generation of the cross-spectral density matrix 𝑅 𝜔 : 

 

 𝑅 𝜔 = 𝐵 𝜔 𝐵! 𝜔 ,              (11) 

  

where the off-diagonal values of 𝑅 𝜔  are the cross-spectral densities described in 

Equation 2. Consequently, acoustic focusing outputs and the correlation in the 

time-delay domain between each element pair can be acquired simultaneously. 

 

Curved-wavefront acoustic focusing is implemented by applying steering 

vectors 𝐷 𝜔,𝜃, 𝑟  to 𝑅 𝜔  in a manner identical to plane-wave beamforming to 

obtain the conventional acoustic focusing output for a given azimuth and range, 

𝑃!"#$ 𝜔,𝜃, 𝑟 : 

 

 𝑃!"#$ 𝜔,𝜃, 𝑟 = 𝐷! 𝜔,𝜃, 𝑟 𝑅 𝜔 𝐷 𝜔,𝜃, 𝑟         (12) 
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For white noise constrained acoustic focusing, the weighted steering vectors, w, are 

given by: 

 

 𝑤 𝜔,𝜃, 𝑟 = !!"# ! !!"   ! !,!,!
!! !,!,!    !!"# ! !!"   ! !,!,!

,          (13) 

 

where 𝑅!"# 𝜔  is the inverse cross-spectral density matrix and 𝜀𝐼 is a diagonal 

matrix of 𝜀, a value iteratively calculated to satisfy minimum variance given the 

white noise constraint. The adaptive beamformer output is correspondingly: 

 

 𝑃!"# 𝜔,𝜃, 𝑟 = 𝑤! 𝜔,𝜃, 𝑟 𝑅 𝜔 𝑤 𝜔,𝜃, 𝑟     (14) 

 

4.5 Data processing  

	  
4.5.1 Pre-processing  

 

Spectrograms and time-series plots were created for each five-minute 

recording period to verify that data collection was executed without error and 

recordings were free of clipping, electronic noise, or mechanical (cable strum, 

passing boat) noise. The first minute of data from each five-minute recording were 

removed due to a capacitance related DC offset that decreased exponentially and 

became undetectable approximately 50 s after the beginning of each recording 
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period. To facilitate data analysis, the remaining 4 min of seven channel data were 

divided into 3 s segments that were sequentially processed. A 1024-point fast-

Fourier transform (FFT) was applied to all channels simultaneously in 50% 

overlapped intervals with a Kaiser-Bessel window 𝛼 = 2.5 . Consequently a 

seven-channel spectral estimate of the sound field was made every 6.3 ms. 

4.5.2 Array processing  

 

As the flyby array was deployed in a horizontal, planar, bi-linear 

configuration, ambiguity exists in the vertical direction. The physical 

characteristics of the deployment site and spectrograms of recorded data indicating 

the dominance of reef-generated biological sound suggest that most sound sources 

near the array were located on the adjacent reef spurs, approximately horizontal and 

in-plane with the array aperture. Consequently, in order to limit computational 

load, curved wavefront acoustic focusing was restricted to a horizontal plane 

corresponding to that of the array. Time delays over a square grid of side length 40 

m and resolution of 0.1 m (oriented with the first array axis with the center 

positioned on element #1) were calculated to each element in order to create the 

steering vectors as described in Section III.B. In addition, time delays from each 

grid point to each pair center were calculated for cross-correlation based 

triangulation. 

 

  Although wind and wave noise may have contributed to the sound field 

from above the array, Douglas sea state during the experiment was 0 to 1 (with a 
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long period ocean swell arriving from the southeast) suggesting that the 

contribution by surface generated noise was negligible. However, significant low-

frequency noise was present, arriving from the direction of the atoll where swell 

was breaking. The distance between the array and the shore (approximately 600 m) 

was well outside the limits of the grid. Frequency domain data obtained using 

Equation 1 for cross-correlation processing were pre-whitened by dividing by the 

square root of the pressure spectral density and low-pass filtered using a 128-point 

FIR filter (fc = 20 kHz, fs = 25 kHz) to create a deterministic, gradual roll-off at 

higher frequencies. This step reduced the number of aliased cross-correlation rays 

by reducing the severity of the low-pass filter roll-off (Buckingham, 2012). Data 

used by the beamforming algorithms were not subject to the above pre-whitening 

and filtering. A 7-by-7 CSDM was estimated for each frequency bin as per 

Equation 10. In order to ensure full rank of the CSDM for adaptive processing, 

N+2 CSDM estimates were averaged before cross-correlation and beamforming 

algorithms were implemented. Consequently, an estimate of the sound field was 

created every 0.0563 s, more than sufficient in length to encompass the 500 µs 

duration of a typical snapping shrimp waveform (Au and Banks, 1998).  

 

Equation 3 was applied to the cross-spectral density values (the off-diagonal 

values in the CSDM) in order to estimate the pair-wise cross-correlation between 

the array elements. As 𝑁 = 7, 21 possible pairs of hydrophones were used for 

triangulation. Cross-correlation vectors for each pair were truncated to !!"
!!  (!")

   ≤ 1 
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in order to ‘map’ 𝜓!" to azimuths from +90° to -90° before being interpolated over 

the two-dimensional grid of time delays centered over each element pair. These 

cross-correlation maps were then normalized so that the ‘ray’ of highest cross-

correlation magnitude was of magnitude 1. The 21 cross-correlation maps were 

summed over all grid points and the locations of cross-correlation maxima above a 

tuneable threshold was recorded. Through preliminary data analysis, a threshold of 

4.25 was estimated as returning the best signal-to-noise ratio in spatial correlation. 

The steering vectors in equation 9 corresponding to these locations were applied to 

the averaged CSDM estimate through Equations 11 to 13 in order to obtain acoustic 

focusing outputs. These outputs were estimates of the relative pressure spectral 

density of sounds that were most likely to originate from the locations where 

relatively high degrees of cross-correlation were obtained.  Two methods of 

acoustic focusing, equivalent to conventional and white noise constrained adaptive 

beamforming in the case of plane-wave arrivals were used in array processing. 

Although the white noise constraint can be adjusted, only a single intermediate 

constraint of 8.5 dB down from conventional was utilized for brevity. An 8.5 dB 

constraint permits some ‘adaptiveness’ and a noticeable improvement in spatial 

resolution in the case of a plane-wave beamformer, but retains sufficient robustness 

such that meaningful results may be obtained without precise knowledge of array 

sensor positions. 
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4.6 Results  

	  
4.6.1 Model outputs  

 

4.6.1.1 Cross-correlation performance 

 

Figure 4.5 displays the spatial distribution of cross-correlation algorithm 

accuracy over the 40 m by 40 m grid centered at the array acoustic center (sensor 

#1, located at the center of the image). As with conventional beamforming 

performed using a line array of hydrophones, the regions of highest accuracy (the 

smallest number of grid points reaching the threshold value for detection) are 

broadside as oriented to the largest (primary) arm of the bi-linear array. Accuracy 

remains relatively high (less than 2m2) even at distances of twice the array aperture 

in areas close to broadside. Poorest performance (greater than 20m2) occurs end-

fire to the north-south portion of the array, furthest from the smaller arm of the 

array and closest to the region with the greatest inter-element spacing. The 

asymmetry of the array results in a similarly asymmetric accuracy profile, with 

higher accuracy in regions that are closer to broadside with respect to both arms of 

the bi-linear array.  
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4.6.1.2 Conventional acoustic focusing performance 

 

The spatial distributions of acoustic focusing FAHM obtained using 

conventional acoustic focusing for three frequencies are presented in Figure 4.6. 

The ‘focal pattern’ varies with wavelength, from a bimodal pattern at 240 Hz to a 

highly structured pattern severely influenced by aliasing at 24 kHz (the smallest 

inter-element spacing of the flyby array is 0.375 m, a λ 2 spacing corresponding to 

a frequency of 2 kHz). At mid-frequencies (around 2.4 kHz) the focal pattern 

indicates that acoustic focusing performance using this array geometry is relatively 

uniform with the exception of the lower right quadrant, within 10 m of element #1. 

This feature, combined with the relatively high FAHM values obtained at other 

frequencies, suggests relatively poor broad-band performance close to end-fire 

north of the array.  

 

4.6.1.3 Adaptive acoustic focusing performance 

 

Figure 4.7 shows the spatial distribution of acoustic focusing FAHM 

obtained using the white noise constrained adaptive acoustic focusing, with a white 

noise gain setting of 8.5 dB below conventional. Focal patterns with significantly 

lower average FAHM values result as compared to conventional acoustic focusing. 

Decreased estimation accuracy occurs again in the lower right quadrant in the 240 

Hz and 2.4 kHz outputs, but is absent at 24 kHz. Virtually no aliasing is detectable 
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at 24 kHz, possibly due to the uneven inter-element spacing and the resulting 

interference pattern reducing the height of the aliased lobes. Grid spacing was 

increased to 0.5 m for the simulation outputs depicted in this and the previous 

figure in order to reduce computational burden. Although less likely, aliased lobes 

at 24 kHz may be so narrow that the simulation did not resolve them.  

 

4.6.1.4 Array resolution 

 

Figure 4.8 reveals the ability of the cross-correlation algorithm, the 

conventional, and white noise constrained acoustic focusing methods to resolve the 

locations of closely spaced sources at three different inter-source spacings for an 

example case where sources are close to broadside. For all simulations, the primary 

source is positioned at [5, 0] m, directly west of the array center. In three 

simulations, one other equivalent source (the ‘secondary’ source) is positioned at 1, 

5, and 10 m south of the primary source. Each plot in Figure 4.8 displays the 

algorithm output over a north-south transect running from [5, 20] to [5, -20], 

crossing over the primary and secondary source positions. Figure 4.8A displays the 

output of the cross-correlation algorithm. The primary and secondary sources are 

clearly detected with approximately equal magnitude across the sources. Subfigures 

4.8B-D show the conventional acoustic focusing outputs for the 240 Hz, 2.4 kHz, 

and 24 kHz frequency bins. At 240 Hz (Figure 4.8B), conventional acoustic 

focusing returns a broad main lobe in which two sources placed 1 m apart are 

indistinguishable. As the distance between the sources increases to 5 m, the 



	   	   	  

	  

154 

magnitude of the main lobes decrease by 5 dB and a dual-peak structure in which 

the peaks are positioned at the source locations develops. When the distance 

between the sources is 10 m, the magnitude is slightly higher (approximately 4 dB 

down), but positioning of each main lobe is less accurate. White noise constrained 

acoustic focusing at this frequency (Figure 4.8E) cannot distinguish between the 

two sources when they are 1 m and 5 m apart. However, when the two sources are 

10 m apart the main lobes are well aligned with the source locations, although their 

magnitudes are reduced by approximately 25 dB when compared to the main lobe 

produced by two sources positioned 1 m apart. At 2.4 kHz (Figure 4.8C), 

conventional focusing produces comparatively narrow main lobes at the locations 

of each source, no matter the spacing between the sources. Although a complicated 

and significantly aliased lobe structure exists in each inter-source spacing 

simulation, exclusion of such lobes through a priori knowledge of source location 

would reduce spurious source locations. In comparison to conventional output, 

adaptive acoustic focusing results at 2.4 kHz are greatly improved (Figure 4.8F). 

The adaptive focusing algorithm clearly separates the main lobes created by each of 

the sources regardless of the inter-source distance. Lobes are approximately 10 dB 

down when sources are 1 m apart, and 20 to 30 dB down when the sources are 5 m 

and 10 m apart. Conventional focusing results in the 24 kHz bin (Figure 4.8D) are 

similar to those at 2.4 kHz although the lobe structure is more complex. Again, 

although aliased lobes are as strong as the main lobes centered on each source 

location, knowledge of the true source location gained through another means 

would mitigate the effect of these aliased lobes on ambiguity in source location. 
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Adaptive focusing simulations in this bin (Figure 4.8F) produce comparatively poor 

results except for the case when spacing between the sources was 10 m, in stark 

contrast to the adaptive results at 2.4 kHz.  Figure 4.9 is equivalent to Figure 4.8 

except that the results shown correspond to an example case in which the sources 

are positioned close to end-fire with respect to the primary array axis. The primary 

source was positioned at [0, -5] m, directly north of element #1. The three 

sequential secondary sources were placed 1, 5, and 10 m east of the primary source.  

Figure 4.9A displays the output of the cross-correlation algorithm. Although 

the positions of all sources were estimated accurately the cross-correlation 

magnitude decreases as the distance between the sources decreases. Results from 

the 240 Hz bin for both the conventional and adaptive acoustic focusing algorithms 

were poor (Figure 4.9B and E). Of the three frequency bins investigated here, the 

best results were obtained at 2.4 kHz (Figure 4.9C and F). The locations of sources 

were estimated correctly when the spacing between the sources was 5 m and 10 m, 

but not 1 m. At 24 kHz, a complex lobe structure dominates (Figures 4.9D and F). 

However, the main lobes in each case are within 3 to 5 dB of the strongest side 

lobe. Acoustic focusing resolution is highly dependent on the frequency 

characteristics of the source.  

 

4.6.2 Shallow water recordings  

 

Data from a four-minute time series recorded by the flyby array at Kure 

Atoll from 20:14:26 until 20:18:26, August 13th 2012 local time are the subject of 
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the remainder of this section. This recording period occurred at night (sunset 

occurred at approximately 18:48 local time), a time when biological sound levels 

are generally higher than levels recorded during daylight hours (Everest et al., 

1948). The upper plot in Figure 4.10 displays a four-minute spectrogram of the 

time series recorded by hydrophone element #1 on the flyby array. The lower plot 

displays a pressure spectral density estimate obtained by averaging spectra over the 

four-minute period. Figure 4.10 reveals how the night-time underwater acoustic 

environment around Kure Atoll is dominated by mid-frequency sounds 

approximately within the 3 to 27 kHz band. Although the averaged pressure spectra 

(Figure 4.10, lower) suggests a broad spectral peak centered between 6 to 15 kHz, 

the spectrogram (Figure 4.10, upper) reveals that much of the biological 

contribution to the soundscape originates from highly transient sounds of varying 

frequency content. Figure 4.11 shows the spatial distribution of cross-correlation 

magnitude values that were above the detection threshold during the first two 

minutes of recordings. Correlated sound appears to originate in three main areas: 

around 10 m directly east of the array, a wide area to the north of the array, and 

some spatially diffuse sound to the west of the array. Note that the reef break is 

directly to the north. The scarcity of correlated sound sources closer to the array 

approximately matches the extent of the sand channel between the reef spurs. The 

spatial information displayed in Figure 4.11 was then used to guide the acoustic 

focusing algorithms, the results of which are displayed in Figures 4.12 and 4.13.  
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Figure 4.12 reveals the frequency-spatial distribution of sound sources on 

the horizontal plane of the bi-linear array, as estimated by broad-band conventional 

acoustic focusing between 0 and 25 kHz. Spectra were time-averaged at each grid 

point over the duration of the recording through a method equivalent to that 

performed when estimating the pressure spectral density average of a single time 

series. Empty areas represent regions from which there were no arrivals of 

correlated sound over the cross-correlation threshold. Figure 4.13 displays a 

frequency-spatial distribution of sound sources characterized over the same time 

period, but as estimated by broad-band white noise constrained adaptive acoustic 

focusing. Both figures show a broad-band source in a region east of the array from 

about 5 m range, fairly uniform in pressure spectral density between 5 to 25 kHz. 

To the north, sources that produce a stronger low frequency component (0 to 5 

kHz) are present and appear stronger in the conventional focusing output (Figure 

4.12). Sound sources appear more spatially distributed west and south of the array. 

Caution should be exercised when interpreting these figures due to the spatially 

variable array sensitivity as detailed in Figures 4.5,4.6, 4.7, 4.8, and 4.9. The 

detection of strong, low frequency sources to the north in Figure 4.12, and their 

absence in Figure 4.13, suggest that limitations associated with array aperture and 

hydrophone positioning may have resulted in the report of spurious spectral 

properties, particularly in the regions close to array end-fire and in the direction of 

distant breaking surf.  
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4.7 Discussion 

	  
4.7.1 Model outputs  

 

Because no controlled acoustic sources were deployed around the flyby 

array for in situ validation of array performance, the characteristics of the array as 

deployed at Kure Atoll and the array processing algorithms discussed here were 

estimated through modeling. The accuracy of the cross-correlation algorithm in 

localizing sources varies significantly with the source location in relation to the 

array. The estimation accuracy is high in the regions near broadside to the primary 

axis of the array, while it is comparatively low in the region near end-fire to the 

north of the array, as shown in Figure 4.5. Acoustic focusing outputs for both 

conventional and adaptive algorithms display the same general characteristics for 

all frequencies investigated (Figures 4.6 and 4.7). The finer-scale characteristics of 

these figures are due to lobe patterns created by the uneven spacing between the 

hydrophones and the two-dimensional shape of the array. These characteristics 

scale with the acoustic wavelength. For example, narrowband acoustic focusing at 

240 Hz (Figures 4.6A and 4.7A) creates a pattern of main lobe width variation on a 

scale consistent with the wavelength (6.25 m). At 2.4 kHz (Figures 4.6B and 4.7B), 

the pattern becomes more complex as side lobes and spatial aliasing occur to 

varying degrees. At 24 kHz, the lobe pattern is extremely complex (Figure 4.6C). 

Such complexity is almost completely cancelled by adaptive array processing 

(Figure 4.7C). 
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Figures 4.8 and 4.9 provide insight toward the frequency dependent and orientation 

dependent (with respect to the array) nature of acoustic focusing resolution, and the 

ability to discern between closely spaced, simultaneously emitting sources. 

Although array focusing resolution analysis was conducted to evaluate the ability 

of the algorithm to discriminate between multiple sources located close together, 

the study provided insight toward the frequency dependent nature of acoustic 

focusing performance, and provided some estimate of how closely the output 

represents the true frequency-spatial nature of the surrounding environment. In both 

near broadside and near end-fire cases, the cross-correlation algorithm produces an 

accurate estimate of source location that is far superior to that obtained at any one 

frequency by either the conventional or adaptive acoustic focusing techniques. This 

result is due to the integration of information at all frequency bins (see Equation 3), 

and is akin to summation of beam patterns from a broad-band beamformer output 

when characterizing a broad-band source. Note, however, that for sources located 

close together near end-fire, the main lobe is substantially wider (see the red line in 

Figure 4.9A). The physical limitations of array aperture remain absolute.  

In an ideal case, where the sources are close to broadside in azimuth and the 

wavelength of sound produced is close to the design frequency of a component of 

the array, the source locations are accurately estimated with a signal-to-noise ratio 

(defined here as the ratio of the main lobe to the greatest side lobe height, SNR) of 

approximately 3 dB for conventional acoustic focusing and 15 to 30 dB for 

adaptive (Figures 4.8C and 4.8F). However, results are poorer for lower 

frequencies, producing SNRs of 1 to 5 dB and no detections of secondary sources, 
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to 10 dB for conventional and adaptive focusing, respectively (240 Hz, Figures 

4.8B and 4.8E). The decrease in performance at lower frequencies is due to the lack 

of array aperture. The total aperture of the seven functioning hydrophones of the 

flyby array is 6.8 m, just 0.55 m longer than one wavelength at 240 Hz (6.25 m). 

The apparent aperture near broadside is even shorter due to the bi-linear 

arrangement of the array cable. Acoustic focusing performance at frequencies much 

higher than the maximum design frequency of the array is also poor, but benefits 

from the interference created by lobes arising from the unequal element spacing. 

This interference between lobes is additionally beneficial in adaptive focusing, 

where the slightly increased SNR is greatly amplified in some cases such as for the 

inter-source spacing of 10 m at 24 kHz (the green line in Figure 4.8G).  

For source locations where the orientation of the array is not ideal, such as 

when sources are located facing the end-fire direction of the primary arm of the 

array, the results are predictably poorer. At low frequencies, acoustic focusing 

cannot provide any certainty regarding source location because of the very small 

(1.3 m) array aperture orthogonal to the sources (240 Hz, Figures 4.9B and 4.9E). 

At 2.4 kHz, the effective aperture orthogonal to the sources is approximately 2.1 

times the wavelength (0.625 m). This aperture appears sufficient to produce a 

modest SNR in the conventional acoustic focusing case, where the main lobes are 3 

to 5 dB above the side lobes if the sources are sufficiently separated (Figure 4.9C). 

Adaptive focusing further enhances SNR but is unable to distinguish between two 

sources separated by 1 m at end-fire to the primary axis (Figure 4.9F). Similarly at 

24 kHz, acoustic focusing could not distinguish between closely spaced sources at 
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end-fire to the primary axis. SNR for both conventional and adaptive focusing was 

at or below zero (Figures 4.9D and 4.9G).  

In some cases, particularly associated with source positions close to array 

end-fire, the SNR is very close to or below zero. However, a priori knowledge of 

source locations can aid in eliminating aliased lobes and retaining the true spatial 

and spectral characteristics of the source. As the cross-correlation algorithm 

provides a faster initial estimate of source location, steering vectors (Equation 10) 

may be limited only to those areas estimated to contain the source or sources, 

removing the spurious returns arising from aliased or side lobes. Although the 

frequency dependent sensitivity of the array’s ability to estimate source position 

would continue to influence the output, a more accurate frequency representation of 

the sound producers in the vicinity of the array is likely. A critical assumption in 

the interpretation of these results is that the effect of aliasing lobes and side lobes 

from other sources does not significantly influence the frequency characteristics at 

the locations of simultaneously recorded sources of interest. For significant 

influence to occur, the lobes must happen to be coincident to the location of 

another, simultaneous source. The likelihood of this occurrence decreases with a 

decrease in the number of simultaneous sources, which in turn is related to the time 

required to create each directional estimate. In order to lessen the probability of 

recording multiple simultaneous sources on a coral reef, the array may be 

configured so as to focus primarily on one area of reef structure. An example of an 

ideal site may be a single coral bommie, surrounded by a sandy expanse, around 

which an array could be deployed. In addition, a higher sampling frequency 
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shortens the time required to create each CSDM estimate and consequently reduces 

the probability of simultaneous detection, although this approach comes with the 

caveat that high sampling frequency at a high bit-rate on many channels requires 

greater memory storage capacity. For this experiment, a relatively high sampling 

frequency (81.92 kHz) results in a CSDM estimate every 0.0563 s. Although some 

simultaneous source detections are present in the data, they are a relatively rare 

occurrence and the influence of aliased lobes and side lobes is further reduced 

through time averaging of frequency and spatial outputs. The effect of aliased and 

side lobes created by sources that do not produce as great a degree of cross-

correlation between sensors is not investigated here, although because of the 

smaller correlation magnitude associated with these sources, they are unlikely to 

have as great an influence on acoustic focusing output as the sources detected by 

the cross-correlation algorithm. 

 

4.7.2 Shallow water recordings  

 

Because of the frequency dependent, spatially non-uniform response of the 

array, interpretation of the results obtained from data collected at Kure Atoll cannot 

be taken at face value and require careful consideration of the simulation results 

presented here. Nevertheless, the frequency-spatial ‘image’ of ambient reef sound 

contains useful information that provides insight toward the heterogeneity of reef-

based sources of underwater sound. Figure 4.10 displays a spectrogram and 

averaged pressure spectral density plot of typical night-time reef sounds. The high 
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degree of temporal and frequency variability in the underwater sound field is 

visible in the spectrogram, which shows the sound field to be dominated by 

transient, broad-band sounds. These sounds display wide heterogeneity in spectral 

characteristics; a feature that is lost when only time-averaged pressure spectral 

density plots are examined. Over the relatively small area of the reef surveyed in 

this analysis (1600m2), substantial spatial heterogeneity in the spatial distribution of 

correlated sound sources was observed over two minutes of continuous recording, 

shown in Figure 4.11. Note that the color bar of this figure is aligned to a log10 

scale. The dominant sources of correlated sound appear to be approximately 10 to 

20 m directly east of the array atop the nearby reef spur. Another source appears to 

be directly north of the array, although estimates of the source location are subject 

to greater uncertainty.  

A time-averaged frequency and spatial decomposition of these sound 

sources, as shown in Figures 4.12 and 4.13, reveals the unique spectra produced by 

the multitude of sources at different locations. The fan-shaped nature of areas that 

exceeded the cross-correlation threshold is likely due to the insufficient aperture at 

that range, that is, rays of high cross-correlation magnitude overlap to produce 

narrow, diamond-shaped areas estimated to contain the true source location. The 

strongest source of correlated sound directly east of the array produces sound that is 

characterized by a relatively flat spectrum between 5 and 25 kHz, with a gentle 

roll-off above this band. Because the cross-correlation algorithm is essentially a 

time-domain processor, impulsive, broad-band sounds are likely to return the 

highest magnitudes of cross-correlation. The strong return from this source, 
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combined with the relatively flat spectrum, suggests that snapping shrimp of the 

family Alpheidae reside in that approximate location (Au and Banks, 1998; 

Versluis et al., 2000).   

Conventional acoustic focusing results (Figure 4.12) show that relatively 

strong, low frequency (0 to 5 kHz) components are the dominant spectral feature of 

sources north of the array close to end-fire along the primary arm of the array. The 

positions of these sound sources are more difficult to estimate due to the high 

degree of uncertainty in acoustic focusing at end-fire (see Figures 4.5, 4.6, and 4.7). 

The relatively small effective aperture orthogonal to this region results in a reduced 

ability to discriminate between curved-wavefront and plane-wave arrivals from the 

north. The absence of similar low frequency sources obtained through adaptive 

acoustic focusing (Figure 4.13) casts further doubt on the conventional acoustic 

focusing results. As adaptive methods investigated during simulation were more 

likely to suppress the main lobe in extreme cases of insufficient aperture and/or an 

insufficient number of elements, the contrast between the conventional and 

adaptive results further suggests that the effective array aperture is inadequate for 

resolving the frequency-spatial characteristics of the low frequency sound field 

north of the array. In addition, the low-frequency sounds arriving from the north 

may create correlated multipath arrivals that may lead to mismatch, adversely 

affecting the adaptive focusing process. Because of these uncertainties, the areas of 

interest are restricted to the regions to the east and west of the array, particularly 

those close to broadside of the primary array axis where resolution and accuracy 

are highest. 
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The reef spur to the west of the flyby array appears relatively quiet in 

comparison to the east and north. However, detection of comparatively spatially 

diffuse sources of sound demonstrates that contributors to the overall soundscape 

exist in this region. The area immediately west of the array is both broadside to the 

main array axis and the spectra here relatively heterogeneous in comparison to the 

suspected snapping shrimp colony to the east. Consequently, the frequency-spatial 

acoustic information obtained from this area is most likely to represent sounds 

produced by other reef organisms in addition to snapping shrimp. While the system 

described here is subject to a number of significant limitations such as the lack of 

aperture in the east-west direction, the frequency and spatiotemporal distribution of 

data collected at Kure Atoll still contains valuable information on the physical and 

biological processes occurring on the reef. Figure 4.14 displays the time-averaged, 

frequency-spatial characteristics of sources in the region to the west (Figure 4.14A) 

and to the east (Figure 4.14B) of the array over the reef spurs visible in Figure 

4.2C, as obtained with white noise constrained focusing. Both of these areas face 

broadside with respect to the primary array axis, and simulations have indicated 

that the array is able to characterize sources in this area with greatest resolution and 

SNR. Figure 4.14A reveals the sound sources in the area to the west are 

characterized by variable spectral peaks between 5 to 15 kHz, with most areas 

exhibiting an 8 dB or greater decrease in pressure spectral density at 20 kHz in 

comparison to the spectral peak at that location. Spectral density level appears 

relatively low below approximately 1 kHz, but this observation may be due to 

aperture limitations and the resultant failure of the white-noise constrained acoustic 
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focusing algorithm to return significant SNR. A number of organism types that 

were frequently observed at the field site may contribute to this observed spatial 

variation in spectra including soniferous fishes of the family pomacentridae (Mann 

and Lobel, 1995; Maruska et al., 2007), sea urchins (Radford et al., 2008), and 

spiny lobster (Patek et al., 2009). However, the spectral characteristics of the 

sounds produced by most organisms in this environment are unknown, and 

identification of sound sources in situ requires further information such as 

simultaneous video recordings or validation through the recording of captive 

organisms in natural ecological conditions. In comparison, Figure 4.14B shows that 

area to the east of the array from which sounds with the strongest cross-correlation 

magnitude of any in the area sampled is comparatively uniform in spectra. The 

wider bandwidth of the sounds from this area provides better cross-correlation 

results. The spectrally uniform sound distributed over this area suggests a spatially 

homogeneous population of sound producing organisms that are characterized by 

broad-band acoustic emissions. Figure 4.15 displays example pressure spectral 

density estimates averaged over one-meter-square areas east, west, and north of the 

array. The estimate to the east of the array indicates a high degree of spectral 

uniformity, suggesting that sounds from this region are created through the same 

processes. To the west of the array, the pressure spectral density is more variable, 

alluding to the heterogeneous biological processes occurring in this area. To the 

north, low frequency levels below 5 kHz are 4 to 8 dB higher than to the east or 

west.  
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These observations suggest that snapping shrimp were distributed 

predominantly around one location to the east of the array within the survey area, 

where a high degree of spectral homogeneity was observed. Sound sources to the 

west of the array were more widely distributed and spectrally heterogeneous, 

suggesting more than one kind of biological process occurring in that area. North of 

the array, sounds were dominated by low-frequency components below 5 kHz that 

were absent in other directions.  

The sound space produced by biological sources on and within a coral reef 

environment is highly complex, propagation effects not withstanding. The 

application of array processing is essential in order to spatially discriminate 

between the multitudes of acoustic contributors. Although the small number of 

sensors and shortcomings in array aperture lead to distortions in the perceived 

acoustic field, useful frequency-spatial understanding of some components of reef 

sound can be obtained. Propagation effects necessitating the modeling of complex, 

fine-scale bottom topography are beyond the scope of this study and would 

constitute an extremely challenging task. Consequently, the assumption was made 

that direct arrivals form the bulk of the recorded data. A small number of relatively 

straightforward improvements to similar, future studies would yield substantial 

improvements in the quality of the data obtained. The physical arrangement of 

hydrophones could be changed to provide dimensionally equivalent aperture in 

three dimensions if nothing regarding the source locations is known beforehand. In 

addition to providing unambiguous three-dimensional acoustic information, similar 

apertures in three dimensions would allow for more consistent focusing uncertainty 
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across azimuth, elevation, and range. The accurate placement of hydrophones is an 

additional, important factor. A rigid structure on which hydrophones may be 

mounted would substantially increase the accuracy of array processing. The 

influence of the rigid structure on the received sound field would require 

investigation, however. Lastly, appropriate site selection will greatly aid efforts to 

spatially characterize the sound field produced by organisms on a reef. A 

representative portion of the reef with few surrounding structures may be an ideal 

candidate for future study, using simultaneously recording acoustic and video 

systems. Using this type of experimental approach, the absence of sound from other 

reef areas in close proximity will be beneficial for maximizing the SNR of local 

sources and reducing ambiguity.  

 

4.7.3 Hydrophone location error  

 

Although the hydrophone array cable was secured as tightly as possible to 

rigid screw anchors during deployment at Kure Atoll, divers observed slight 

movements of the cable as long-period ocean swells (of approximately 15 to 20 s 

period) passed over the array. Based on visual observations of cable movement 

after the array was deployed, the scale of element location error was estimated to be 

on the order of 1 to 10 cm. In addition to long-period displacement from passing 

swell, cable strum of approximately 4 to10 Hz frequency and 1 to 3 cm amplitude 

was observed.  
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The effect of element position error on the performance of the cross-

correlation algorithm was estimated by simulating positioning errors when 

modeling the localization of a source at a known location. Two types of position 

error were investigated. In one simulation, element position error was introduced 

by adding a normally distributed error variable with 𝜇 = 0 and standard deviations 

between 1 and 10 cm to each element position coordinate. Consequently the 

positioning error was independent element-to-element. In the other simulation, 

correlated element position error was introduced by simulating position offset 

along a catenaric profile. The cable was observed to undergo first-order vibration as 

long-period swell passed over the array. Offsetting the position of the hydrophones 

along a catenary between the positions of the sand anchors best approximated the 

observed in-situ sensor displacement. Catenaric offsets were limited to the primary 

axis of the array as the secondary axis extends for only 1.49 m past the sand anchor 

at the vertex of the bi-linear array arrangement.  

 For uncorrelated element position error simulations, the output of the cross-

correlation algorithm (both the number of grid points above the correlation 

magnitude threshold, and the distance between each of these points to the true 

source) was compared over increasing standard deviation of position error. 

Simulations were repeated 100 times in order to obtain statistical properties. Figure 

4.16 displays three example plots of cross-correlation output that show the effect of 

increasing hydrophone element location error. A simulated white-noise source was 

placed at [10, 0] m and one cross-correlation ‘snapshot’ taken from 0.0563 s of the 

synthetic time-series. Array element error was introduced by adding normally 
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distributed noise to the hydrophone location coordinates. An increase in the 

standard deviation of this error results in less overlap between cross-correlation 

‘rays’, leading to a decrease in the area identified by the cross-correlation algorithm 

that exceeds the correlation magnitude threshold. The three snapshots in Figure 

4.16 show the effect of element location error for three values of standard deviation 

(1, 5, and 10 cm). Figure 4.17 shows the averaged results from 100 simulations run 

to investigate the effect of element location bias on the accuracy of source location 

estimation (Figure 4.17, upper plot) and the size of the area (variance) identified as 

the likely source location (Figure 4.17, lower plot). In each simulation, the position 

of the hydrophones was altered using a normally distributed random vector from a 

population with the standard deviation as displayed on the horizontal axis. As the 

standard deviation of array location error increases, the bias (distance between each 

grid point above the detection threshold, and the true source location) increases 

slightly, but not in a statistically significant manner. However, the increase in the 

standard deviation of array location error results in a significant decrease in the size 

of the area estimated by the cross-correlation algorithm to contain the true source. 

Above an element location error standard deviation of approximately 6 cm, the 

mean size of the area identified as containing the source approaches zero as the 

cross-correlation ‘rays’ fail to overlap (Figure 4.16, lower plot).  

In the case of correlated positioning errors between hydrophone elements, 

the increase in bias with increasing array offset is more significant (Figure 4.18, 

upper plot). Although the size of the ambiguity surface decreases with an increase 

in catenary offset, the effect is not as strong for offsets between 1 and 10 cm 
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(Figure 4.18, lower plot). Appreciable decreases in the size of the ambiguity 

surface, and a similar increase in bias, are not apparent until catenary maxima are 

greater than ±0.1 m. At increasing magnitudes of deviation, bias continues to 

increase while the area that exceeds the detection threshold decreases. The 

snapshots displayed in Figure 4.19 show the results of catenary deformation of the 

primary array axis for three offset maxima, 0, 0.2, and 0.4 m (upper, center, and 

lower plots respectively). In comparison to uncorrelated hydrophone positioning 

errors, catenary deformation creates a greater degree of bias in source estimation in 

addition to a reduction in the size of the ambiguity surface. Note that the offset 

maxima simulated here are greater than what was observed during data collection.  

The effect of hydrophone location error cannot be ignored because adaptive 

array processing techniques are highly sensitive to inaccuracies in time delay. An 

increase in uncorrelated sensor misalignment causes a decrease in cross-correlation 

ray overlap, as shown in the sequence of outputs in Figure 4.16. Correlated sensor 

misalignment can result in the incorrect localization of sources, as shown in Figure 

4.19. In the case of uncorrelated sensor misalignment (say, from inaccurate 

measurements of array position), the positioning error between each pair of sensors 

leads to misalignment of the cross-correlation rays in azimuth. Consequently, 

increased sensor location error leads to fewer rays of cross-correlation over the true 

source positions, a lower total cross-correlation magnitude at those positions, and 

thus a reduced likelihood that the cross-correlation threshold value is exceeded and 

that the acoustic focusing algorithm will be applied to that location. This aspect of 

the cross-correlation algorithm is, in a way, a ‘fail-safe’ against sensor location 
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error. Correlation of acoustic wave fronts must exceed a specified threshold value 

before acoustic focusing on the associated source may be performed. In the event 

that acoustic waves from a source location exceed the cross-correlation magnitude 

threshold and acoustic focusing is in fact performed, small sensor positioning errors 

may still adversely influence acoustic focusing output, particularly at higher 

frequencies. In the case of correlated hydrophone positioning error, which may be 

more likely in the presence of swell and with insufficient line tension, the reduced 

likelihood of exceeding the cross-correlation threshold is accompanied by an 

increased location estimation bias. However, simulations indicate that for small 

correlated positioning errors (< 10 cm), the effect on source location accuracy is 

not discernable as shown in Figure 4.18. For larger correlated positioning errors, 

bias in range estimates is generally larger than bias in estimates of azimuth (Figure 

4.19).   

 

4.8 Conclusions  

 

This study demonstrates the utility and shortcomings of small-scale, portable 

hydrophone arrays in spatially characterizing the sound field over a coral reef - a 

highly heterogeneous acoustic environment in which a multitude of acoustically 

active organisms produce unique spectral signatures, in addition to sounds 

produced by physical processes such as breaking waves. This work also 

demonstrates the ability of a cross-correlation-based triangulation method to 

quickly identify the location of sound sources that produce correlated arrivals at the 
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array restricting the more time-consuming acoustic focusing method to areas of 

interest. Restricting the acoustic focusing to these areas identified by the cross-

correlation triangulation algorithm significantly reduces the computational effort 

required in that computational effort is expended only in resolving sources that are 

more likely to be characterized more accurately by the frequency-domain array 

processing algorithms. Simulations of array element location error indicate that 

although errors on the order of 1 to 10 cm reduce the ability of the cross-correlation 

algorithm to triangulate sources, no significant increase in bias occurs. The 

simulated array response to two closely spaced, simultaneously transmitting 

sources reveal spatially dependent resolution and output SNR, both highest when 

the effective array aperture facing the sources is greatest and poorest close to end-

fire along the first array axis. Acoustic focusing resolution and output SNR are also 

dependent on the relationship between the frequency of interest, inter-element 

spacing, and total array aperture in a similar manner to plane-wave beamforming. 

The two-step cross-correlation and acoustic focusing techniques described in this 

paper are applied to data collected in a shallow water coral reef environment at 

Kure Atoll in the Northwest Hawaiian Islands. The environment is characterized by 

a large number of diverse sound producing organisms. Interpretation of the 

frequency-spatial properties of the sound field is made with consideration of the 

simulation results and the source location limitations primarily associated with 

noise arriving at the array from the primary axis end-fire direction. The arrival of 

distant surf noise from this direction is likely to add further uncertainty in 

estimating the frequency-spatial characteristics of the sound field in this area. 
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Comparisons between conventional and white noise constrained adaptive acoustic 

show that the estimation of high-level, low frequency arrivals from the end-fire 

direction is likely inaccurate as the relative levels from the same direction are much 

reduced in the adaptive focusing outputs, likely due to lack of apparent aperture 

and low SNR. Multipath arrivals and sensitivity to element location error may have 

also adversely affected adaptive focusing results. Simulation results suggest that 

regions to the east and west of the array’s primary axis may be acoustically 

characterized with the highest resolution and SNR. Sound sources to the west of the 

array, in the direction of one part of the reef structure, were different than those 

towards another part of the reef structure to the east. Sound sources to the west of 

the array did not exhibit acoustic characteristics consistent with what is presumed 

to be a colony of snapping shrimp to the east. West of the array, sources of sound 

were more distributed in space, and of varying frequency characteristics. Within 

this area, spectral peaks occurred between 5 to 15 kHz, with most sources 

exhibiting comparatively reduced spectral density above 20 kHz. The sources of 

these sounds cannot be verified without further information, such as simultaneously 

recording video. Although limitations in array design and reduced detection 

probability/SNR arising from positioning error are factors that influence the 

quality, and hence the ability to interpret these data, the techniques described here 

can be used to rapidly characterize the underwater acoustic environment or 

‘soundscape’ in space, frequency characteristics, and time. Both physical and 

biological processes contribute to the sound field of a reef environment. At 

locations such as Kure Atoll, the mid-frequency spectrum is dominated by 
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biological sounds. Understanding the nature of these spectrally diverse and often 

highly transient sounds in order to invert for ecological or other information 

presents a significant challenge. The analysis of the ambient sound field using 

hydrophone arrays provides a unique acoustic observational capability that is just 

beginning to be realized in this environment.  
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4.11 Figures 

 

Figure 4.1: A photograph (left) and schematic diagram (right) of the ‘flyby’ 
portable hydrophone array system. The batteries and data acquisition computer are 
housed in the yellow and black cylinders, respectively. The eleven hydrophones are 
arranged in four nested, equally spaced, five-element sub-arrays with total apertures 
as shown in the schematic. The system is watertight and pressure resistant to 60 m 
depth.  The array cable is flexible, allowing modification of hydrophone placement 
in situ. 
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Figure 4.2 (opposite): Chart and images detailing the location and nature of the 
flyby array deployment. A: The relative position of Kure Atoll (yellow star) to the 
main Hawaiian Islands and the NWHI. B: A satellite image of Kure Atoll. A yellow 
star indicates the location of the array deployment. The image is oriented such that 
north is at the top of the frame. For scale, the atoll is approximately 9 km across at 
its widest point. C: A mosaic bathymetric image array taken during data collection 
showing the position of the bi-linear array configuration relative to the reef spurs. 
The black lines indicate the position of the array. North is parallel to the primary 
axis of the array, as indicated by the compass rose on the lower right. D: A close-up 
schematic of the array position showing the array configuration and relative 
position of the hydrophone elements. The satellite image is courtesy of Google 
Earth. 
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Figure 4.3. A: The geometric relationship between the two sensors a and b (black 
filled circles) with grid point 𝑟,𝜃   (unfilled circle). B: The differential distance, 
∆𝑅, between the arrival of a curved wavefront from grid point   𝑟,𝜃  at each sensor.  
If the sound speed is known, the delay time may be calculated from ∆𝑅. 
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Figure 4.4: Radii 𝑟, 𝑟!, 𝑟!,… 𝑟!  from grid point 𝑟,𝜃   to each sensor position 
(black filled circles) for the bi-linear array configuration deployed at Kure Atoll. 
These radii correspond to the relative time delay of curved wavefront arrivals 
emanating from the grid point used in the creation of the steering vector 𝐷 𝜔,𝜃, 𝑟 . 
The surrounding 1600 m2 (± 20 m from the array center along north, south, east, 
and west directions) were discretized into 0.1 m increments for simulation and 
experiment data analysis. The array acoustic center is co-located with sensor #1, 
indicated by the black cross. The compass rose on the upper left indicates cardinal 
orientation. 
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Figure 4.5: Cross-correlation results from a simulation run to establish the 
localization accuracy of the algorithm over the 40 m by 40 m horizontal grid area. 
Sources were placed sequentially at each grid point and the area over which cross-
correlation magnitude exceeded a given threshold was recorded. The colorscale 
indicates the full area at half maximum (FAHM), a measure of the main lobe width 
for each grid point in m2. The white circles indicate hydrophone locations. The 
horizontal and vertical axes are oriented approximately east-west and north-south, 
respectively. The compass rose on the lower left indicates the cardinal orientation. 
In this and subsequent Figures, the compass rose indicates the direction of true 
north. Grid co-ordinates are given with reference to the origin at hydrophone #1 (at 
the center of this Figure), positive in the horizontal and vertical axes are to the left 
and top of the Figure, respectively. 
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Figure 4.6 (opposite): Normalized acoustic focusing outputs indicating the spatial 
variation in main lobe area using conventional array processing over the 40 m by 
40 m horizontal grid for three frequencies: 240 Hz (top), 2.4 kHz (center), and 24 
kHz (bottom). The colorscale shows the relative FAHM region size per grid point, 
in dB. The white circles indicate hydrophone sensor locations. The horizontal and 
vertical axes are oriented approximately east-west and north-south, respectively. 
The compass rose on the lower left indicates the cardinal orientation.   
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Figure 4.7 (opposite): Normalized acoustic focusing outputs indicating the spatial 
variation in main lobe area obtained using white noise constrained adaptive array 
processing over the 40 m by 40 m grid for three frequencies: 240 Hz (top), 2.4 kHz 
(center), and 24 kHz (bottom). The details of this figure are otherwise identical to 
Figure 4.6.  
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Figure 4.8 (opposite): Cross-correlation algorithm (A), conventional narrow-band 
acoustic focusing (B-D), and narrow-band white noise constrained acoustic 
focusing (E-G) outputs for hypothesized source locations along a straight-line 
transect running north-south through the position of a source at near-broadside (at 
[5, 0] m) and one other 1 m to the south (red dashed line), 5 m to the south (blue 
dot-dashed line), and 10 m to the south (green solid line).  Horizontal axes indicate 
north-south displacement from the array center in meters.  The vertical axis of (A) 
represents the sum of normalized cross-correlation magnitude rays.  The horizontal 
dotted line (black) indicates the cross-correlation threshold detection value. The 
vertical axes of (B-G) represent the normalized array focus output (dB). The 
vertical dotted lines (black) indicate the positions of the second of each pair of 
acoustic sources (1, 5, and 10 m from the source at zero). The colored squares 
above each vertical dashed line indicate the color of the plot line corresponding to 
the secondary source location listed on the horizontal axis below. Acoustic focusing 
results are single-frequency outputs, the bin center frequency being indicated on the 
upper or lower right of each plot. 



	   	   	  

	  

190 



	   	   	  

	  

191 

 
Figure 4.9 (opposite): Cross-correlation algorithm (A), conventional narrow-band 
acoustic focusing (B-D), and narrow-band white noise constrained acoustic 
focusing (E-G) outputs for hypothesized source locations along a straight-line 
transect running east-west through the position of a source at end-fire (at [0, -5] m) 
and one other 1 m to the west (red dashed line), 5 m to the west (blue dot-dashed 
line), and 10 m to the west (green solid line).  Horizontal axes indicate east-west 
displacement from the array center in meters.  The vertical axis of (A) represents 
the sum of normalized cross-correlation magnitude rays.  The horizontal dotted line 
(black) indicates the cross-correlation threshold detection value. The vertical axes 
of (B-G) represent the normalized array focus output (dB). The vertical dotted lines 
(black) indicate the positions of the second of each pair of acoustic sources (1, 5, 
and 10 m from the source at zero). The colored squares above each vertical dashed 
line indicate the color of the plot line corresponding to the secondary source 
location listed on the horizontal axis below. Acoustic focusing results are single-
frequency outputs, the bin center frequency being indicated on the upper or lower 
right of each plot.  
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Figure 4.10: A spectrogram (upper) and pressure spectral density average (lower) 
recorded by hydrophone element #1 of the flyby array, on 08/13/12 from 20:14:26 
local time at Kure Atoll. The frequency band shown here is from 0 to 30 kHz. The 
spectrogram colorscale and the vertical axis of the pressure spectral density plot 
range between 60 to 90 dB re 1 µPa2/Hz. As the FFT length is 8192 points, and a 
50% overlap is used, the temporal resolution of the spectrogram is 0.05 s. The low 
frequency peak below 1 kHz is due to cable strum and flow noise. 
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Figure 4.11: The spatial distribution of cross-correlation magnitude values that 
exceeded the detection threshold over the first two minutes of the recording shown 
in Figure 10. The vertical axis represents displacement north-south from the array 
center (north is toward the base of the figure, as per the compass rose on the lower 
left) and the horizontal axis represents displacement east-west. The colorscale 
indicates the log of the normalized number of times a grid point exceeded the 
threshold during the four-minute period. In this Figure, a source that exceeded the 
cross-correlation magnitude once within the two minutes would return a value of -
3.33, while a constant loud source would return a value of zero.   



	   	   	  

	  

195 

 
 
Figure 4.12 (opposite): Two views of the same conventional acoustic focusing 
output over the four minutes of the recording shown in Figure 10. The horizontal 
axes represent Cartesian distance from the array acoustic center, with cardinal 
directons indicated by the compass rose. The vertical axis represents acoustic 
frequency from 0 to 25 kHz. White circles on the 25 kHz plane represent the 
positions of the seven hydrophones. The colorscale represents normalized pressure 
spectral density in dB. 
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Figure 4.13 (opposite): Two views of the same white noise constrained adaptive 
acoustic focusing output from the four-minute recording shown in Figure 4.10. The 
axes, color scale and position of the hydrophone elements are identical to those 
described in Figure 4.12. 
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Figure 4.14 (opposite): A close-in view of two areas from adaptive acoustic 
focusing results from the four minutes of recording shown in Figure 4.10. A. The 
area directly west of the array showing the relative heterogeneity of the soundscape 
in this region. B. The area directly east of the array showing relative spectral 
uniformity over the area thought to encompass a colony of snapping shrimp. The 
horizontal axes indicate the Cartesian distance from the array acoustic center 
(element #1). The compass rose indicates the cardinal orientation for each 
subfigure. The colorscale represents relative pressure spectral density, in dB, where 
a value of 0 dB represents highest level of pressure spectral density estimated 
during the 2 min recording.
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Figure 4.15 (opposite): Spatially averaged pressure spectral density estimates from 
three locations within the acoustic survey area. In each case pressure spectral 
density was averaged over a 1 m2 area indicated by a black square in the left plot, a 
reproduction of Figure 4.11. The symbols (cross, circle, and triangle) indicate the 
respective pressure spectral density estimates to the right. In the pressure spectral 
density plots, solid lines indicate spectral estimate averages. Dashed lines indicate 
one standard deviation above and below each bin-centered mean. The compass rose 
indicates the cardinal orientation of the left subfigure.
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Figure 4.16: Cross-correlation outputs showing the simulated effect of uncorrelated 
array element position error on the ability of the cross-correlation algorithm to 
locate a source. Positioning errors are normally distributed in an uncorrelated 
manner about the assumed hydrophone locations with standard deviations of 1 cm 
(top), 5 cm (center), and 10 cm (bottom). The source location at grid point [10, 0] 
(i.e. 10 m to the west of the array relative to hydrophone #1) is indicated by the 
white square. The color scale indicates normalized cross-correlation magnitude (a 
value of 1 indicates the maximum value of cross-correlation along one ‘ray’ out of 
21), with solid red regions exceeding the cross-correlation magnitude threshold 
indicative of a source. Other details of this figure are identical to those in Figure 
4.6. 
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Figure 4.17: Plots showing the influence of uncorrelated element location error on 
the mean distance between grid points that exceed the cross-correlation magnitude 
detection threshold (top, solid diamonds), and on the size of the area identified by 
the detection algorithm as the likely source location (bottom, solid squares). These 
data were obtained by positioning a simulated white-noise source at the coordinates 
[10, 0] and introducing normally distributed random array position error, 
independent from sensor to sensor. Simulations were repeated 100 times and mean 
error distance and estimated source area means were calculated. Error bars 
represent one standard deviation from the mean.  
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Figure 4.18: Plots showing the influence of correlated element location error that 
follows a catenary profile along the primary axis of the bi-linear array. The 
horizontal axis of both plots indicates the maximum offset of the catenary (positive: 
westward direction, negative: eastward direction). The source location was [-10, 3] 
(i.e., to the east of the array). The vertical axis on the upper plot indicates the mean 
distance between grid points that exceeded the cross-correlation magnitude 
detection threshold. The lower plot indicates the area of the ambiguity surface 
associated with these detection thresholds. The source location  
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Figure 4.19 (opposite): Cross-correlation outputs showing the simulated effect of 
correlated array element position error, with sensor position offset along the 
primary axis of the array following a catenary profile. Such a profile is similar to 
that that created by long-period groundswell acting upon the array cable. The 
maximum lateral offset of the catenary was varied from 0 cm (top), 20 cm (center) 
and 40 cm (bottom) in the westward direction. A white noise source was simulated 
at the coordinates [-10, 3], its position indicated by the white square. The color 
scale indicates normalized cross-correlation magnitude as in Figure 4.16. Other 
details of this figure are identical to those in Figure 4.6. 
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 CHAPTER 5 

 

Concluding	  remarks	  
 

Analysis of the underwater geophony and biophony reveal a great deal 

about the underwater environment, from megameter scales (Chapter 2) to sub-

meter scales (Chapter 3 and 4). In both of these cases, the experimental principals 

and mathematical approach behind the use of hydrophone arrays and array 

processing algorithms, respectively, are identical. Only the spatial scales of the 

source distributions, array apertures, and wavelengths of interest differ. The work 

described in this dissertation characterizes ambient ocean sounds produced by 

seismic and biological processes. First, megameter-scale seismic processes are 

investigated through the use of simultaneously recording vertical and horizontal 

line arrays. Validation of beamformer and array performance, and characterization 

of P, S, and T-phases in the Philippine Sea show that seismic signals can 

reverberate around basin-scale bathymetric features, significantly extending the 

period of ensonification of the SOFAR channel from a single seismic event (Figure 

2.11).  

While explicit spatial information is absent from acoustic data obtained 

using a single hydrophone, the simultaneous collection of non-acoustic data and 

validation through lab-based experiments can provide new insight regarding the 

sources of sound recorded. The study described in Chapter 3 provides evidence to 

suggest that snapping shrimp do not necessarily cause the ‘crackling’ sound heard
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over tropical reefs. The increase in pressure spectral density between 14.3 and 

14.63 kHz at dusk and similar decrease at dawn (Figure 3.3), the increase in benthic 

invertebrate activity after sunset recorded by time-lapse photography (Figure 3.6), 

and the spectral similarities between the peak in the 14.3 to 14.63 kHz band 

recorded in the field and in aquaria inhabited by small hermit crabs (Figure 3.7) 

suggest that the dominant acoustic phenomenon in the Line Islands is caused by the 

interaction between a great number of small invertebrates and the substrate, rather 

than just by snapping shrimp.  

Such sounds are not likely to be species specific. In aquarium observations, 

and likely on the reef, the sounds are ‘interaction specific’ in that they indicate 

movement over the substrate and/or feeding behavior that requires contact with the 

substrate. This finding suggests that the pressure spectral density of such sounds 

may provide information regarding the quantity of interactions between hard-

shelled invertebrates and the substrate, revealing invertebrate population density 

information and feeding rates (assuming statistically equivalent movement and 

feeding rates between areas). Spectral information may reveal population size 

densities as the acoustic wavelengths of the sounds produced likely scales with the 

size of rigid structures such as mollusk shells or crustacean exoskeletons. 

Combined with consideration of local acoustic propagation and range dependent 

detection probability, acoustic recordings may enable more accurate surveys of 

benthic invertebrate fauna. Such fauna are a critical component of the reef 

ecosystem, but it is virtually impossible to quantitatively assess their numbers or 
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trophic influence with optically based techniques such as photography or diver-

based observations.  

The soundscape on a tropical reef is highly complex and is dominated by 

highly transient and broad-band biological sounds. Although array-based hydro-

acoustic sensing is a well established technique in geophysics, acoustic 

tomography, monitoring of the comprehensive test ban treaty (CTBT), and the 

distant detection of submarines, only a handful of studies have applied such 

techniques toward the analysis of biological sounds produced on and around 

shallow water reefs, where they are required to obtain any spatially explicit 

information regarding the distribution of sound producers. The array-based acoustic 

characterization of a coral reef described in Chapter 4 demonstrates the kind of 

information that is obtainable from ambient reef sound if recordings are conducted 

with an array of hydrophones, as opposed to a single sensor. The reef soundscape is 

highly heterogeneous. In a reflection of the non-uniform distribution of acoustically 

active organisms, discrete regions of the reef contain sources that differed in 

spectra on spatial scales well inside that of the 1600 m2 area surveyed acoustically. 

Snapping shrimp, considered the dominant source of sound on many coral reefs, 

appeared to be predominantly restricted to one location within the survey area. 

Sounds from that location were highly homogeneous, suggesting that the biological 

processes that created them were identical. Elsewhere, the spectral qualities of 

received sounds differed to a greater degree (Figure 4.15). This observation 

suggests that a multitude of heterogeneous bio-acoustic processes that produce 
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sonic emissions spectrally different to those produced by snapping shrimp occur in 

these regions.  

The identification of some well-known sources of sound, such as snapping 

shrimp, is relatively straightforward. Further studies that incorporate non-acoustic 

validation of sound sources are required to make full use of array-based passive 

acoustic evaluation and monitoring of ecological metrics in reef environments. The 

study described in Chapter 4 is a first step: it reveals the nature of the two-

dimensional reef soundscape, the spatial scales at which sound sources vary, and 

that broad-band sounds from snapping shrimp that may dominate recordings taken 

by single hydrophones do not necessarily represent the biological processes 

occurring on all areas of the reef.  

The rapid advance of remote sensing technologies such as high-capacity 

batteries and solid-state memory have greatly increased the convenience of 

hydrophone arrays. The continuation of Moore’s law has lead to the ready 

availability of sufficient computational resources required for processing routines 

such as adaptive multidimensional dimensional acoustic focusing. The advantages 

of passive acoustics-based sensing underwater and the utility of hydrophone arrays 

are now being realized in marine science fields outside those that were traditionally 

involved with the development of hydrophone array technology or that involved 

big-budget experiments. With the continued advance of technology and the 

dissemination of studies showcasing the advantages of multi-element underwater 

sensing, it is anticipated that array-based passive acoustic sensing will become an 
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important tool in monitoring and evaluating the ecological information contained 

within the biophony under the sea. 

 




