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Resumo

A observacado de cetaceos contribui com um valor estimado de 2 mil milhGes de euros para a econo-
mia global, mas apresenta custos ambientais. Esta atividade também provoca impactos antro-
pogénicos nos cetaceos, incluindo emissoes de carbono, poluicao sonora e risco de colisoes diretas.
Para mitigar estes efeitos, esta dissertacao baseia-se em técnicas existentes de Monitorizagao Acus-
tica Passiva (MAP), adaptando-as para utilizagdo remota, reduzindo tanto os custos operacionais
como a logistica de implementacdo de embarcactes para a recolha de dados actsticos. E apresentado
um sistema que transmite dudio em tempo real a partir de gravagoes de hidrofone. Esta abordagem
apresenta duas vantagens principais: (i) permite a um publico mais vasto em terra conectar-se com
espécies marinhas distantes sem necessidade de participar em excursoes tradicionais de observacao
de cetaceos; e (ii) fornece aos especialistas a bordo das embarcagoes visualizagbes em tempo real
dos espectrogramas do adudio, reduzindo o tempo necessario para a recolha e anélise de dados. Esta
dissertacao realiza testes comparativos de dudio ndo comprimido (Raw), bem como de codecs de
compressdo como Opus e FLAC e de protocolos de comunicagio incluindo UDP e RTP. Apresenta
ainda uma solucao de Internet das Coisas (IoT) que permite ouvir e visualizar sons remotamente,

facilitando futuras recolhas acusticas a partir de embarcacoes.

Keywords: Internet das Coisas - Monitoriza¢do Actstica Passiva - Sistema Acustico de Baixo

Custo - Transmissao de Dados em Tempo Real - Monitorizacao de Cetaceos



Abstract

Whale watching contributes to the global economy estimated at EUR 2B, but comes at an environ-
mental cost. The same activity also causes anthropogenic impacts on cetaceans, including carbon
emissions, noise pollution, and the risk of direct impact collisions. To mitigate these effects, this
dissertation builds upon existing Passive Acoustic Monitoring (PAM) techniques, allowing them
to be used remotely, reducing the overall cost and sea vessel logistics when sampling acoustics. It
presents a system that streams real-time audio from hydrophone recordings. The advantages of
this approach are twofold: (i) it enables a larger onshore audience to connect with distant marine
species without embarking on traditional whale-watching tours, and (ii) it provides domain experts
aboard the sea vessels with real-time spectrogram visualizations of the audio streams, reducing the
time needed for data collection and analysis. This dissertation provides benchmarks of uncom-
pressed (Raw) audio, as well as compression codecs such as Opus and FLAC, and communication
protocols including UDP and RTP. It also presents an Internet of Things (IoT) setup that enables

sounds to be heard and visualized remotely, facilitating future acoustic sampling from sea vessels.

Keywords: Internet of Things - Passive Acoustic Monitoring - Low-cost Acoustic System - Real-

time Data Streaming - Cetacean Monitoring
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1 Introduction

1.1 Current Context of the Research

The global whale-watching economy is estimated to generate approximately USD 2.5B world-
wide [1] with Portugal accounting for 19% of Europe’s whale watchers [2]. However, whale-watching
activities can generate several tonnes of CO2 emissions annually within a single country, posing a
considerable environmental concern [3]. Tourists participating in whale-watching tours often pay
high prices for the experience. However, their encounters with marine life are typically limited to
brief sightings of solely dorsal fins visible from the sea surface, and from a greater distance. Addi-
tionally, the noise pollution from whale-watching vessels disrupts the natural behavior of marine
mammals [4], potentially leading to long-term negative impacts on their populations, affecting their
communication, socialization, and navigation [5]. Furthermore, direct impact collisions can occur

by vessels, which can cause the death of the affected mammals [6].

One way of analyzing the anthropogenic impact on marine mammals is by using acoustics, as
these species use sound for their communication. Current approaches in collecting acoustic data
involve active or passive methods. Active monitoring involves using telemetry [7], while passive
monitoring relies on recording audio data for analysis [8]. A significant challenge lies in retrieving
data from underwater hydrophones, typically deployed in deep seas using seabed anchoring [9].
Opportunistic Passive Acoustic Monitoring (PAM) often leverages whale-watching vessels to gather
and stream acoustic data. For example, the POSEIDON system enables streaming of real-time
audio, converting whale watching into "whale listening", although access to these acoustics data is
limited solely to the individuals who are on board these vessels [10]. An opportunity is in allowing
access to acoustics recordings to the larger on-shore audience, removing unnecessary anthropogenic
footprint by not participating physically in whale watching activities using sea vessels. However,

streaming audio to the shore poses considerable technical challenges.

1.2 Objective

This dissertation proposes a mechanism for real-time streaming of underwater audio to both on-
and off-shore settings. This approach goes beyond the existing prior effort on real-time acoustic
streaming, by going beyond solely streaming the acoustics to the sea vessels [10,11], but also

allowing the larger audience on-shore to experience the cetacean sounds without the need to board



the sea vessels, thus reducing environmental impact. Additionally, the system provides a real-
time (visual) spectrogram display for domain experts (biologists) who are onboard whale-watching
vessels, allowing them to easily track the marine mammals of interest. The use of spectrograms
also allows domain experts to optimize their trips by indicating the presence or absence of species’
acoustic vocal calls. The proposed approach is more cost-effective, requires less time to deploy,
and minimizes logistical challenges typically associated with sea vessel deployments, making it
an efficient and scalable option for whale listening. The system leverages the User Data Protocol
(UDP) for audio streaming in combination with cellular data connections, ensuring low latency

and audio transmission to both the sea vessel and the shore.

A boat trip was conducted in the pelagic zone of Madeira to validate the cellular connection in
the maritime environment and to check the quality of the audio. A marine biologist was onboard
to provide expert feedback on the audio. Additionally, tests of multiple codecs and transmission
protocols were performed in a controlled environment to evaluate their efficiency in terms of com-
pression and bandwidth usage. Observations were documented throughout the process to ensure
the viability and deployability of the system, and all changes to hardware and software were made
based on continuous feedback from stakeholders, ensuring that the system meets both scientific

and practical requirements.



2 Literature Review

Studying cetacean behaviour is important because it provides essential data for their conser-
vation and management [12]. Indeed, cetaceans' face numerous threats from anthropogenic ac-
tivities that interfere with their natural habitat, for example, whale watching [4]. Technological
advancements allowed Passive Acoustic Monitoring (PAM) as a technique to study the detec-
tion of cetaceans [13]. The literature review below explores the diverse applications of existing
monitoring systems. Additionally, it examines the feasibility of used technologies in terms of their
cost-effectiveness and practical applicability, highlighting their potential to contribute to ecological

and scientific purposes.

2.1 Key Techniques and Applications of PAM

Passive Acoustic Monitoring utilizes microphones to capture environmental sounds. In marine
environments, specialized underwater microphones called hydrophones are employed [13]. PAM is
distinct from active acoustic monitoring, which uses sound-emitting devices (telemetry) to obtain
data from the environment [14]. These sensors can be deployed for varying durations, ranging
from a few hours to several weeks, allowing researchers to capture a wide range of acoustic data
(from earthquakes and sea vessels to marine mammal calls). This flexibility makes PAM partic-
ularly suited for continuous monitoring of both terrestrial and aquatic ecosystems while being
a non-invasive method for monitoring species [15]. Once recorded, the acoustic data undergoes
analysis to retrieve and extract meaningful information related to the study. Techniques such as
Fourier or Wavelet Transforms (FT, WT) are commonly employed to generate spectrograms from
obtained audio [16], which provide a visual representation of sound in the time-frequency domain,
with amplitude represented as colour intensity, allowing researchers to visually identify sounds of
interest [8]. Adjustments to key parameters, such as the window function and length, are crucial,
as these choices influence the trade-offs between the time and frequency resolution. Understanding
these effects and the capabilities of different audio analysis tools is essential to obtain meaning-
ful insights into the communication and behaviour of these animals [8]. These spectrograms are
then used to identify specific animal calls either manually by a domain expert or performed using

machine-learning tools [16]. This analytical process enables researchers to detect the presence of

!Cetaceans are marine mammals, the protagonists of this study, that rely on acoustics for foraging,
communication, migration, etc.



particular species and evaluate their behaviours, by detecting sound types, such as clicks, whistles,

and pulsed sounds [17].

PAM offers significant advantages for ecological research, particularly in monitoring wildlife
populations, behaviours, and responses to environmental changes. It is useful in estimating species
occupancy, abundance, and population density. By analysing acoustic diversity and biotic sound
levels, PAM provides insights into the health and dynamics of ecosystems. Moreover, it is suited for
studying species that are challenging to observe visually [18], such as bats and marine mammals.
This passive approach minimizes environmental disturbance while offering robust datasets that
support ecological inferences over extended periods, making PAM a good methodology in ecological
research [19]. Nevertheless, the overall challenge of PAM continues to be in data transmission as
it requires the sea vessel to retrieve the data from greater depths. This dissertation goes beyond
these constraints by exploring the usage of surface PAM and real-time transmission, reducing the

costs of data retrieval.

PAM has proven valuable for analyzing animal behavior in terrestrial settings. For example,
it has been used to assess sika deer populations across areas with varying densities. When com-
pared to traditional methods such as spotlighting and camera-trap surveys, PAM was found to be
effective in detecting the presence or absence of males in a given area [20], highlighting its useful-
ness for continuous species monitoring. Similarly, in a study tracking anuran communities, PAM
outperformed traditional methods by achieving higher species detection rates based on animal

sounds [19].

2.2 Cetacean Vocal Communication

The order Cetacea is traditionally divided into two principal suborders: Mysticeti (baleen
whales) and Odontoceti (toothed whales). These two groups exhibit significant differences in their
vocal production, primarily in the characteristics of their sounds, such as frequency, bandwidth,

and duration.

Mysticeti (Baleen Whales) generally produce sounds at lower frequencies compared to odon-
tocetes [21,22]. Mysticete calls are generally longer and have narrower bandwidths than those of
odontocetes [22]. Their calls include pulses, tones, moans and click sounds [23]. Low-frequency,

narrowband, and fairly stereotyped calls, often referred to as 'moans’, are characteristic of most



mysticetes [24, 25]. Mysticete calls are not easily categorised [23], unlike those of odontocetes,
because they are often influenced by geographical variations. The physical properties of their
calls—low frequency, long duration, and narrow bandwidth—are suitable for long-distance com-
munication [22]. Although both groups include species with simple and complex calls [22], their

vocalisation mechanisms may differ significantly [21].

Odontoceti (Toothed Whales), in contrast, generally produce vocalisations that are predomi-
nantly higher in frequency [21,22]. Their tonal signals can reach frequencies up to about 30 kHz
and are highly variable [21]. Although not all odontocete sounds are ultrasonic, their echolocation
clicks generally reach very high frequencies [21,26]. Their calls are varied and complex [22], consist-
ing of burst-pulsed calls, whistles, and combined calls containing both tonal and pulsed parts [22].
Harmonic or pure-tone, frequency-modulated calls, known as 'whistles’, are very common among

most odontocete species [27,28].

A fundamental distinction is the use of echolocation by odontocetes, which emit clicks primarily
during foraging and navigation activities [23]. These clicks are often very high frequency, with
examples showing spectral peaks in the 40-60 kHz and 100-130 kHz ranges [26]. Echolocation clicks
are directional, whereas mysticetes cannot produce such sounds [26]. Beyond echolocation, toothed
whales also produce sounds like "bangs," which are loud impulse sounds sometimes associated with

feeding and hypothesised to potentially debilitate prey [26].

In summary, the major differences in vocalisation between Mysticeti and Odontoceti are marked.
The most significant distinctions lie in frequency ranges, with mysticetes favouring lower frequencies
(<5 kHz fundamental) for tonal calls and odontocetes utilising predominantly higher frequencies,
including ultrasounds (sometimes exceeding 100 kHz) for echolocation clicks. Call duration and
bandwidth also differ, with mysticete calls generally being longer and having narrower bandwidths,
while odontocete sounds vary more in duration. The ease of categorisation is another key difference;
odontocete sounds are typically easily sorted into pulsed or tonal types, whereas mysticete calls are
not. Echolocation sounds are a defining characteristic of odontocete vocalisation, achieved through
the emission of high-frequency clicks, a capability mysticetes lack. Despite these differences, both

groups include species with simple and complex vocalisations.



2.2.1 Types of sounds produced

Cetaceans produce a diverse range of sounds, which can be broadly described based on char-
acteristics like frequency, duration, and modulation. The primary categories of vocalizations, like

previously mentioned, include clicks, whistles, pulsed calls, and songs [29-31].

20 - r

frequency [kHz]

Figure. 1: Common Dolphin whistle (taken from Erbe et al., 2017).

Tonal Sounds: These are typically narrowband signals focused around a specific frequency. In
odontocetes, whistles are the main type of tonal sound used for communication, often conveying
important social information. Delphinid whistles typically range from 2 to 30 kHz depending on the
species [32], and they can vary in frequency modulation, duration, and contour to encode different
messages. Bottlenose dolphins are well-known for their signature whistles, which are individually
distinctive and believed to function in identification and maintaining group cohesion [33]. Whistles
are also used by other odontocetes like orcas (killer whales) and belugas, where they play roles in
social coordination and cultural transmission [34]. However, some odontocete species, such as the
Cephalorhynchus genus and Northern right whale dolphin (Lissodelphis borealis), rarely or never
produce whistles [35]. An example of a whistle of a common dolphin is shown in Fig. 1, taken

from [21].



frequency [kHz]

Figure.2: Common Dolphin Pulsed Sound Burst (taken from Erbe et al., 2017).

Pulsed sounds: These are brief, broadband vocalizations that can manifest as clicks or burst-
pulse calls. In odontocetes, these sounds serve both echolocation and social communication, with
structural properties often reflecting behavioral context. Pulsed calls may vary in repetition rate,
frequency content, and temporal patterning, allowing differentiation of individual, group, or species-
specific signals [36-38]. For example, narrowband low-frequency and high-frequency components
are used in porpoises, while other delphinids produce sequences reaching up to 27 kHz, often
encoding identity or social cues. Some species, such as melon-headed and pilot whales, generate
graded signals containing both tonal and pulsed elements [39], which may convey nuanced social
information. The structure and variability of these pulsed sounds provide insight into the behavior,
social dynamics, and even the emotional state of the animals, making them a key focus for studies
of odontocete communication. An example of a burst-pulsed sound of a common dolphin is shown

in Fig.2, taken from [21].
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Figure. 3: Common Dolphin clicks (taken from Erbe et al., 2017).

Clicks: Cetaceans utilize a variety of clicks for both echolocation and communication. In odon-
tocetes (toothed whales), these clicks are broadband, high-intensity pulses produced in the nasal
passages and focused through the melon to form highly directional sound beams, allowing precise
spatial perception in the underwater environment. Dolphins, for instance, emit click trains that
increase in rate as they approach objects, aiding in prey detection, obstacle avoidance, and nav-
igation [40]. Sperm whales (Physeter macrocephalus) produce distinct click types: "usual clicks"
for long-range echolocation, "creaks" or buzzes during prey capture, "codas" for social commu-
nication, and "slow clicks" primarily by males, possibly for long-range communication or mating
displays [41-43]. These clicks vary in frequency, duration, and repetition rate, reflecting their di-
verse functions in foraging, social interaction, and reproductive behavior. The structural diversity
and precision of clicks demonstrate how cetaceans have evolved complex acoustic systems to nav-
igate and communicate in a challenging aquatic environment. An example of clicks of a common

dolphin is shown in Fig. 3, taken from [21].
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Figure. 4: Fin Whale Song (taken from Erbe et al., 2017).

Songs: Cetacean songs, particularly those of humpback whales (Fig.4, taken from [21]) (Megaptera
novaeangliae), are among the most intricate acoustic displays in the animal kingdom. These songs
are primarily produced by males during the breeding season and are believed to play roles in sex-
ual selection and social interactions [44]. Structurally, humpback whale songs are hierarchical: the
smallest units combine to form phrases, which are organized into themes, and a sequence of themes
constitutes a complete song [45]. Notably, all males within a population tend to sing the same ver-
sion of the song at a given time, but these songs evolve over months and years, demonstrating
cultural transmission similar to human language [46]. Recent studies have shown that these songs
exhibit statistical patterns akin to human languages, reflecting a complex structure that facilitates

learning and transmission [47].

In summary the acoustic communication strategies of cetaceans are highly diverse, with fun-
damental differences between the lower-frequency, longer signals of mysticetes and the higher-
frequency, often more complex, and frequently individually or group-distinct calls of odontocetes.
PAM is an important tool for studying these varied vocalizations, although challenges remain due

to the inherent variability and complexity of the signals and the environment.
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2.3 Cetacean Species in Madeira archipelago

Given the ecological significance of the cetacean populations present within the study area, it
is essential to identify and verify the species likely to be encountered. This will help determine the
type of acoustic data expected and inform the selection of appropriate recording and monitoring
equipment. Additionally, understanding the specific vocalizations produced by each species is cru-
cial, not only for research and identification purposes but also to establish the frequency ranges of
their calls. This information is vital for anticipating the acoustic characteristics of the recordings

and ensuring that the devices employed are capable of accurately capturing the relevant sounds.

The diverse community of cetacean species inhabiting the waters around the Madeira Archipelago
underscores the ecological significance of this region. Long-term monitoring efforts are crucial for
understanding the population dynamics and conservation status of these animals in the face of
various anthropogenic pressures. To illustrate the richness and relative abundance of different
cetacean species encountered in this area, a summary of sightings data collected over a 15-year
period (2003-2018) by MARE - Marine and Environmental Sciences Centre? [48] is presented in

Table 1.

Cetacean conservation and management efforts rely heavily on accurate understanding of species
distribution patterns. However, obtaining reliable distributional estimates, particularly in dynamic
marine environments like those surrounding oceanic islands, presents significant challenges due to
species mobility and habitat dynamism. The Madeira Archipelago, located in the NE Atlantic, is
an area known to congregate significant marine biodiversity, including a high diversity of cetaceans
(around 30 species recorded). This region is influenced by a branch of the Gulf Stream, the Azores

Current system, and experiences phenomena like the "island-mass effect".

2.3.1 Most Present Species and Influencing Factors in Madeira

Based on the total number of sightings used in the study (8,607 sightings of the 23 recorded
species), the ten most frequently sighted species, and thus those considered most "present" or
detectable through whale-watching activities during the study period (2003-2018), are displayed

in Table 1, with N being the number of sightings:

’https://mare-madeira.pt/
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Species N
Atlantic Spotted dolphin (Stenella frontalis) 3040
Bottlenose dolphin ( Tursiops truncatus) 2733

Short-beaked common dolphin (Delphinus delphis) 1936
Short-finned pilot whale (Globicephala macrorhynchus) 1503

Bryde’s whale (Balaenoptera edeni) 931
Sperm whale (Physeter macrocephalus) 554
Striped dolphin (Stenella coeruleoalba) 292
Blainville’s beaked whale (Mesoplodon densirostris) 144
Fin whale (Balaenoptera physalus) 130
Rough-toothed dolphin (Steno bredanensis) 81

Table 1: Number of sightings for the 10 most sighted species by commercial whale watching com-
panies from 2003 until 2018 used in the MARE study (n = 8,607) [48].

Deep-diving species (Globicephala macrorhynchus, Physeter macrocephalus, Mesoplodon den-
sirostris) were primarily associated with deep waters, steep slopes, and areas near major canyons,
with temporal preferences often linked to summer and autumn. Balaenopterids (Balaenoptera
physalus, Balaenoptera edeni) showed preferences for specific thermal and productivity conditions,
with fin whales favoring cooler, productive waters in late winter/early spring and Bryde’s whales

occupying warmer, low-productivity waters over a longer period.

Delphinids exhibited diverse habitat associations. Coastal species such as bottlenose dolphins
(Tursiops truncatus) were linked to shallow, sloped areas near canyons, while species like rough-
toothed, Atlantic spotted, short-beaked common, and striped dolphins showed varying preferences
for water depth, temperature, productivity, and seasonal timing, reflecting niche segregation and

adaptation to local oceanographic features.

In summary, habitat suitability in Madeira is determined by a combination of oceanographic
and topographic factors, with species-specific patterns reflecting ecological strategies, foraging be-

haviors, and temporal shifts in environmental conditions.

2.3.2 Cetacean Vocalization Frequencies in Madeira

A study conducted in 1999 compiled data on the tonal vocalizations of all known cetacean
species, reporting the minimum and maximum frequencies of these calls for each species in a
variety of other studies [49]. This information is particularly relevant in the context of hydrophone
technology, as the frequency ranges of available devices vary widely, and optimal detection depends

on selecting equipment suited to the vocal behavior of target species. Figure 5 presents the tonal
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call frequency ranges, derived from different studies detailing cetacean call frequencies [26,49,50],

for the most commonly identified species listed in Table 1.

Atlantic Spotted dolphin S .
Bottlenose dolphin | P DS S— *
Short-beaked common dolphin | ®@-——————— ®
Short-finned pilot whale U S USSR SO =
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Figure. 5: Frequency ranges (Hz) for cetacean species commonly sighted in Madeira. Major ticks
at key frequencies for readability.

It is important to note that these values refer exclusively to tonal vocalizations, and do not
account for other acoustic signals such as pulse calls or echolocation clicks, which often occupy
different and much higher frequency bands. Nevertheless, the tonal frequency ranges reported here
provide a useful baseline for understanding the acoustic characteristics of these species, and can

assist in selecting appropriate monitoring equipment and designing recording protocols.

As shown in Figure 5, the majority of cetacean species present in the region, including the At-
lantic spotted dolphin (Stenella frontalis, 5000-19800 Hz), short-beaked common dolphin (Delphi-
nus delphis, 4800-19800 Hz), and short-finned pilot whale (Globicephala macrorhynchus, 240-23600
Hz), produce vocalizations well within or near the 20 kHz range. While certain species, such as the
striped dolphin (Stenella coeruleoalba, 6000-24000 Hz) and sperm whale (Physeter macrocephalus,
50-20000 Hz), can emit sounds exceeding this threshold, the most ecologically and behaviorally
informative components of their acoustic repertoire, including whistles, burst pulses, and codas,
predominantly occur below 20 kHz. Notably, only a limited number of species listed present maxi-

mum vocalization frequencies substantially above 20 kHz, and for these, a considerable portion of
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their acoustic activity remains detectable within the proposed range. Consequently, a hydrophone
operating up to 20 kHz ensures the capture of the critical portion of vocalizations required for
effective passive acoustic monitoring, population assessment, and species identification in this con-

text.

2.4 The Open Opportunity for Low-Cost PAM Systems in Aquatic

Settings

Low-cost, efficient PAM systems offer a more affordable alternative to traditional, expen-
sive equipment and are becoming increasingly available for both terrestrial and aquatic envi-
ronments [51-53]. For instance, one of the most widely used and commercialized devices is the
AudioMoth, a low-cost solution priced at approximately $50 [51]. The AudioMoth is designed for
short-term, easy deployment and offers features such as compact size, the ability to capture both
audible and ultrasonic sounds, and onboard processing capabilities for real-time sound filtering and
detection [51]. Its low-power consumption further enhances its versatility, making it suitable for
various studies and applications [54]. Indeed, AudioMoth is an audio logger that may be leveraged
for aquatic recordings and can be expanded to allow the data transmission instead of sole data
logging. For a more customized implementation, re-purposing existing low-cost technologies and
microcomputers such as Raspberry Pi should be considered. A prime example is the Solo sys-
tem, an open-source, Raspberry Pi-based device costing under $260 [53] offering a high degree of
customization and sufficient computing power to support various research and monitoring tasks,

making it an appealing option for researchers looking for flexibility and affordability.

While these solutions are highly effective and well-suited for terrestrial applications, the marine
environment presents a distinct set of challenges that demand specialized approaches and technolo-
gies. Because of this, existing recorders need to withstand greater environmental stress, corrosion,
waterproofing and pressure, requiring robust housings and making the overall costs higher [52].
Because of this, aquatic autonomous units have a median price of over five times the terrestrial
options, with costs ranging from $3 000 and $10 000, due to features that make them applicable
in a wide range of marine environment [52]. The HydroMoth offers a low-cost alternative to tra-
ditional hydrophones, with a construction cost of under $140 [52], making it an attractive option
for budget-conscious projects. However, it has notable limitations, including a lower signal-to-noise

ratio (SNR) and reduced sensitivity at higher frequencies. While the HydroMoth performs rea-
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sonably well at frequencies below 15 kHz, achieving results comparable to more expensive devices
like the SoundTrap 300 STD, its performance diminishes in the 15-25 kHz range. In this range,
it introduces background and artificial noise, which can negatively impact sound collection and
storage—particularly when using spectrogram-based techniques. Additionally, the HydroMoth is
unable to detect cetacean vocalizations above 40 kHz [52], which fall in the ultrasonic range and
are necessary for many scientific studies of cetaceans. These limitations make it less suitable for
research purposes. Nonetheless, hydrophones, while requiring durable housings and external power
sources, remain a cost-effective solution for projects prioritizing affordability without sacrificing

performance for marine applications.

This dissertation employs Raspberry Pis and real-time data transmission to create an affordable
system for detecting cetacean sounds using high-quality audio captured by a hydrophone. The
system is designed to serve dual purposes: supporting scientific research and data collection by
domain experts while also minimizing environmental impact by providing an engaging, shore-based

whale-listening experience.

2.5 Existing Marine Acoustic Applications

In marine environments, PAM can be implemented using various methods, including stationary
hydrophones [55], ship-towed systems [7,10], and glider-based approaches such as autonomous wave
gliders and underwater gliders [55-57]. These systems have proven invaluable for applications such
as marine mammal detection and vocalization analysis, assessing underwater radiated noise from
ships, and monitoring ocean soundscapes [58]. However, these methods are limited in spatial cov-
erage, challenging to deploy and manage or involve high costs. Stationary hydrophones, the most
common method to assess marine mammal detection and vocalizations [58], are widely used for con-
tinuous sampling to achieve comprehensive temporal coverage, though they are limited in spatial
reach [55]. Their primary strength lies in facilitating long-term monitoring of marine environments,
providing data on the presence, behaviour, and distribution of marine species, particularly marine
mammals. This data also helps assess how changes in distribution may increase exposure to an-
thropogenic threats [18]. Stationary hydrophones are generally mounted on platforms, which can
either be mobile or fixed, and their deployment method depends on the objectives of the study.
Another commonly used technique involves the use of moorings [57]. In this setup, hydrophones are

attached to a cable anchored to the seafloor, with a buoy marking their location and maintaining
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their vertical position. Deploying such systems is complex, requiring experienced professionals due
to the challenges posed by unpredictable weather conditions and logistical hurdles. Factors such as
handling heavy weights, moorings, and costly electronic equipment introduce significant risks [8§].
An alternative to stationary PAM systems is the use of ship-towed hydrophones [7,10], which offer
broader spatial coverage. In this approach, a hydrophone is mounted on a ship and to mitigate
noise interference from the ship’s propellers, they are typically towed at a distance behind the
vessel [57]. However, the operational costs of this method can be substantial, as the duration of

data collection is directly tied to the high expenses associated with vessel operation.

In addition to the systems previously discussed, the literature describes advanced technolo-
gies that utilize autonomous gliders, including both wave gliders and underwater gliders [55-57].
Underwater gliders are buoyancy-driven autonomous underwater vehicles that execute successive
dives along predefined trajectories [57]. They achieve vertical motion by altering their buoyancy,
while their wings convert this vertical movement into horizontal movement [57]. Conversely, wave
gliders are unmanned surface vehicles powered by wave energy. These systems consist of a sur-
face float connected to a submerged glider by an umbilical cable and can include solar panels for
power [55]. Both types of gliders are capable of extended deployments. Additionally, they do not
make propulsion noise, making them well-suited for acoustic monitoring [57]. These gliders integrate
PAM in various ways, each offering advantages and limitations. In self-contained PAM systems,
autonomous recorders with their memory, batteries, and hydrophones are externally mounted on
the gliders [57]. Alternatively, integrated PAM systems rely on the glider’s power source and are
controlled by its onboard systems. This approach enables real-time data transmission and allows
pilots to provide adaptive sampling instructions [57]. While these gliders are highly effective for
data collection across multiple sensors, they are inherently complex and comprise expensive com-
ponents. Although specific costs for the gliders are not disclosed in the literature, their high price

presents a significant barrier to broader adoption of acoustic monitoring technologies.

Some sources attempt to address challenges such as complex logistics and expensive components
by developing systems tailored to citizen science, environmental monitoring, and cetacean listening.
One such system, POSEIDON, is designed specifically for these purposes [10]. The system is built
with ease of deployment and accessibility in mind, making it suitable for anyone interested in

the field. The most expensive component of the system is the hydrophone, which captures high-
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quality audio across the cetacean sound frequencies found in the Madeira Archipelago, where it
was deployed. The rest of the components are low-cost and designed for easy deployment. Even
the capsule is made from styrofoam, which provides buoyancy and insulation for the internal
electronics, while also reducing interference from boat movement and engine noise. This approach
helps ensure the system is both affordable and functional in real-world conditions [10]. The system
also utilizes a simple WLAN connection, relying on the cellular data of mobile devices—in this
study, a smartphone—further reducing the overall cost of the system. However, this approach

introduces a potential downside, the system’s reliance on network coverage.

This dissertation goes beyond the POSEIDON system, by expanding the WLAN with the User
Datagram Protocol (UDP) cellular data transmission and by using a VPN to connect devices,
giving them range and the ability to be used in their most optimal locations. It also enhances the
POSEIDON system by transmitting both sounds and spectrogram visualisations to nearby vessels

and to the coast, facilitating data collection and logistics.

2.6 Existing Approaches for Data Streaming in IoT

Although there is a lot of work studying and testing different protocols for a live-streaming
experience in media (including audio data), there is a scarce investigation of those applications in
internet of things, and even less on marine PAM systems. Traditional methods such as Real-Time
Transport Protocol (RTP) and HTTP, have particular complexities that should be carefully con-
sidered in an IoT environment. The RTP is designed for real-time media delivery and is particularly
suitable for delay-sensitive data such as audio [59]. It can operate over the UDP, and, while it does
not guarantee delivery or ordering, provides mechanisms that facilitate these functionalities [59].
This method, although simple and efficient [59], is not inherently optimized for an IoT scenario
and requires session negotiation using more complex protocols, making it less compatible with
simple IoT devices [60]. In contrast, the Hypertext Transfer Protocol (HTTP), which relies on the
Transmission Control Protocol (TCP), is widely used in adaptive streaming technologies [61]. It
has, however, a significant drawback, it is a heavier protocol with large overhead, making it unsuit-
able for resource-constrained IoT devices. Additionally, its reliance on TCP’s three-way handshake
mechanism introduces latency, limiting its effectiveness for low-latency streaming, particularly in
real-time IoT applications [61,62]. Depending on the subject of the study and the type of data

being transferred, HTTP can be a better option than RTP, and vice versa. In the context of the
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proposed solution, UDP or RTP seem the most appropriate, but tests are needed to determine

which is best suited for this specific application.

When it comes to audio compression, codecs can be divided into lossy and lossless categories.
Among lossy codecs, Opus is widely regarded as the most effective for audio streaming, as it is
adaptive and consistently achieves higher quality scores at low bitrates compared to alternative
formats [63]. For lossless compression, FLAC stands out as one of the best options. In addition
to being free and open-source, FLAC was compared to other options, including MPEG-4 ALS,
Monkey’s Audio, and LINNE, and overrall, it achieved the best balance between encoding time

and efficiency [64].
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3 Methodology

This chapter outlines the methodology employed to design, develop, and validate the proposed
passive acoustic monitoring system. It describes the hardware and software components, the com-
munication protocols implemented, and the techniques used for data acquisition, compression, and
visualization. The methodology also covers the integration of the e-paper display, the generation of
spectrograms, and the overall system architecture. Finally, it explains the implementation strategy

and the decisions made throughout the development process.

3.1 Requirements

To expand upon previous systems, several requirements were defined through informal conver-

sations with marine biologists and the original creators of the POSEIDON system.

3.1.1 System-Wide Requirements

— Functional Requirements
1. The system must provide real-time audio streaming with minimal latency.
2. The system must support wireless LAN connectivity (Wi-Fi).
3. The system must support wireless communication protocols (UDP/RTP).
4. The system must support Bluetooth audio output.
5. The system must allow multiple devices to connect simultaneously to the Streamer.
6. The system must support recharging of portable devices.
7. The system must support VPN connectivity.

— Hardware Requirements
1. The system must provide a minimum of 8 hours of autonomous operation per charge.

2. The system must ensure robustness and reliability in outdoor and marine environments for

all devices exposed to water.
3. The system must use water resistant enclosures (IP68) for all devices exposed to water.

4. The system must be lightweight and portable.



5. The system must guarantee minimal interruptions during audio streaming.

3.1.2 Streamer

— Functional Requirements
1. Must capture audio from a hydrophone in real time.
2. Must compress audio using the Opus codec.
3. Must stream audio over UDP/RTP to two targets.
— Hardware Requirements
1. Must include two lithium-ion polymer (LiPo) batteries.
2. Must integrate a power management Module.
3. Must be enclosed in an IP68-rated waterproof case.

4. Must operate continuously for a minimum of 8 hours in a marine environment.

3.1.3 Receiver

— Functional Requirements
1. Must receive compressed audio via UDP/RTP.
2. Must decode Opus-compressed audio.
3. Must output audio to the user through Bluetooth.
4. Must manage energy distribution between internal components.
— Hardware Requirements
1. Must include one lithium-ion polymer (LiPo) battery.
2. Must contain a microcontroller compatible with Qi wireless transmitters.
3. Must integrate a wireless charging coil for charging the Listener.
4. Must include a power Module.
5. Must have a physical on/off switch.

6. Must have an anchor reed switch.

19



7. Must be housed in a 3D-printed protective case.

3.1.4 Listener

— Functional Requirements

1. Must receive audio over Bluetooth from the Receiver.

2. Must play audio through a speaker.
3. Must allow wireless recharging via a coil-based system.
— Hardware Requirements
1. Must include a lithium-ion polymer (LiPo) battery.
2. Must include a microcontroller compatible with Qi wireless charging.
3. Must include a wireless charging coil.
4. Must have a reed switch for on/off control.

5. Must be small and lightweight for user portability.

3.1.5 Visualizer

— Functional Requirements
1. Must receive compressed audio via UDP/RTP.
2. Must decode Opus-compressed audio.
3. Must convert audio data into spectrogram slices.
4. Must apply melscale filterbanks to the spectrogram.
5. Must apply thresholding to highlight cetacean sounds.
6. Must display the spectrogram on an e-paper screen.
— Hardware Requirements
1. Must integrate a Raspberry Pi (or equivalent) for processing.
2. Must use an e-paper display (1440x1072 resolution or higher).

3. Must be optimized for low power consumption.

20
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To reduce anthropogenic impacts of whale watching, this dissertation expands upon prior PAM
systems using microcomputers [7,10,65] and real-time streaming of audio. The earlier work based
on the POSEIDON system featured a dolphinHyd DL-1 hydrophone® connected to a Raspberry Pi
device, which communicated via a Wireless Local Area Network (WLAN) through an access point
(AP). This dissertation further enhances the system by incorporating additional Raspberry Pis on-
and off-shore, for both touristic and research purposes. Each device is connected to an access point
and communicates securely through a VPN connection. Furthermore, the system includes real-time
spectrograms, enabling biologists onboard to detect the presence of cetaceans whose vocalizations
may not be easily audible. This facilitates the collected data to be used in future studies where

machine learning and modelling can be used for predicting the distribution of the species [66].

3.2 Hardware and Software Considerations

Before implementing communication and live-streaming capabilities, it is important to deter-
mine the operating system for each microcomputer. The devices used in this project are Raspberry
Pi microcomputers, which support Raspberry Pi OS* (previously called Raspbian), a Debian-based
Linux distribution specifically designed and optimized for these devices. Raspberry Pis were selected
for this project due to their ability to process audio, high flexibility, and affordability. Additionally,
these devices are well-documented and have been extensively used in biological applications, includ-
ing experiments, measurements, and environmental monitoring [67]. Given compatibility reasons,

Raspberry Pi OS was chosen as the operating system for all devices in this project.

Considering that this system will be deployed on boat field trips, it should have high water infil-
tration resistance. A waterproofing case is required to encompass all of the electronic components.
To ensure this, an appropriate IP code defined by the International Electrotechnical Commission
(IEC) should be used. The Ingress Protection (IP) code specifies the level of protection provided
by enclosures against solid objects and liquids. Considering the context and use of the system, an

appropriately sized box with an IP65 rating should be selected. This rating means that the case is

3Specifications: Sensitivity: -155dB re 1V / 1 Pa @ 1kHz. Usable frequency range: 100Hz to 20kHz.
Polar response: omnidirectional. Operating depth: up to 20m. Output impedance: 32w. Power consump-
tion: 10mA @ 9V. Power supply: 9V-6LR61 battery or external power supply (8 to 24V). Dimensions:
height 45mm, diameter ¥33mm. Cable: 10m length. Output connector: stereo headphone jack. Func-
tions: power on/off button, volume control.

“https://www.raspberrypi.com/software/



22

protected against dust ingress and water jets from any direction, making it suitable for use on a

boat.

Python, chosen for its versatility and extensive collection of libraries and open-source tools,
is widely used in the scientific community, especially for working with sensors and hardware
drivers [68]. A UDP-based approach was chosen for transmitting audio data from the recorder,
as it ensures low latency. Given the continuous nature of streaming and the need to hear the
cetaceans, the sounds needs to be efficiently compressed by the emitter and decompressed and
played by the receiving bases. For this, Opus is chosen, being a highly efficient codec known for
its low bandwidth usage and good audio quality, making it ideal for streaming while maintaining
adequate levels of sound quality [69,70]. See section 5 for details regarding efficiency of codecs and

protocols.

To address the challenge of streaming cetacean sounds to multiple devices, a Virtual Private
Network (VPN) is employed. By creating a secure and private network over the internet, the VPN
enables the streaming and receiving devices—such as the Receiver and the Visualizer—to communi-
cate as if they were on the same local network. Among various VPN protocols, WireGuard is chosen
for its simplicity and efficiency. With a smaller codebase and enhanced performance, WireGuard

offers faster connection speeds and lower latency compared to traditional VPN protocols [71,72]

It is also important to understand that the connection and the streaming experience is highly
dependent on the underlying internet quality. If the connection is poor, the system’s performance
will suffer, leading to issues such as loss of audio packets or delays in sound transmission. This is
particularly important in a marine environment, where internet connectivity can be unstable due
to limited bandwidth, signal interference, or inconsistent coverage. In such conditions, the system
may struggle to maintain a reliable and smooth streaming experience, impacting the real-time

display of cetacean sounds and diminishing the overall experience.

3.2.1 Raspberry Pi Selection Criteria

Ag previously mentioned, Raspberry Pi microcomputers represent a highly affordable, efficient,
and flexible solution for embedded systems and portable computing applications. Their compact
size, versatility, and broad community support make them a good option for remote environmental

monitoring projects such as the one presented in this thesis. However, while Raspberry Pi devices
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offer multitasking capabilities and a range of features, several limitations and factors must be

carefully considered when selecting the appropriate model. These considerations include:

— CPU Performance: Each Raspberry Pi model is equipped with a specific CPU architecture and
clock speed, which directly influences its processing capabilities. Tasks such as real-time audio
processing, data compression, or communication protocol management can vary significantly

in computational demand.

— RAM: The available system memory, measured in megabytes or gigabytes (MB, GB), is an-
other important metric when choosing a Raspberry Pi. Applications that require concurrent
processes, buffering, or memory-intensive operations such as spectrogram generation will per-

form better on devices with more RAM.

— Power Consumption: Different Raspberry Pi models consume varying amounts of power de-
pending on their hardware specifications. For battery-powered and remotely deployed devices,
minimizing energy consumption is often important. The Raspberry Pi Zero series, for instance,
offers a substantial reduction in power draw at the expense of processing power and connectivity

options.

— Connectivity: Depending on the operational environment and intended data transmission method,
connectivity options such as GPIO headers, USB ports, Wi-Fi, Bluetooth, and camera inter-
faces must also be evaluated. In this case, all of the aforementioned excluding the camera

interface are necessary for the system’s functionality.

— Physical Dimensions and Weight: In portable or embedded applications, the size and weight
of the microcomputer can directly impact the overall design and feasibility of the device.
Smaller models like the Raspberry Pi Zero are ideal for compact enclosures and mobile systems,

although most raspberry Pi models are relatively lightweight (in the Zero or Flaship series).

— Software Support and Ecosystem: It is also important to consider the compatibility of the
Raspberry Pi model with the necessary software libraries, drivers, and operating systems.
Certain third-party modules, drivers, or libraries may only be available or stable on specific
versions of the CPU architecture. This is relevant especially on older models, like the Raspberry

Pi Zero W, which uses a 32-bit ARMv6 architecture.
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In summary, the selection of a Raspberry Pi for any embedded project should balance processing

requirements, memory needs, power constraints, and connectivity options.

3.2.2 Raspberry Pi Series Overview

Raspberry Pi Ltd., the company responsible for designing and manufacturing Raspberry Pi
devices, organizes its product portfolio into four main series: the Flagship series, the Zero series,
the Keyboard series, and the Compute Module series [73]. Each series targets different user needs

and applications:

Flagship series: High-performance hardware with a complete Linux operating system and a

range of common ports, all in a compact, credit-card-sized device.

— Keyboard series: Similar performance to the Flagship models, but integrated into a keyboard

enclosure for portability and convenience.

Zero series: Focused on affordability, efficiency, and compactness, providing essential features
and low power consumption while remaining compatible with a full Linux OS. A more powerful

variant, the Zero 2 W, is also available with improved processing performance.

Compute Module series: Designed for embedded and industrial applications, offering Flagship-

level hardware but relying on a custom baseboard for ports and GPIO access.

Beyond computational performance and efficiency, cost is a critical factor for this dissertation,

which proposes a low-cost, system for passive acoustic cetacean monitoring.

This project requires three microcomputers, each assigned to a distinct role: recording and
streaming audio, receiving and reproducing audio, and processing audio into spectrograms. Among
these, generating spectrograms in real time is the most computationally demanding task, due to
the overhead of performing Fourier transforms and the task of diplaying an image on an e-paper
screen. Previous studies have demonstrated that the Raspberry Pi Zero is capable of streaming
cetacean audio in similar citizen science initiatives [7], establishing it as a valid choice for low-power

passive acoustic monitoring systems.

Evaluating the available series, the Keyboard series was deemed unnecessary: its integrated
keyboard adds bulk and cost (approximately EUR 86.90-110) without offering functional advan-

tages, as an external keyboard can be connected if needed. The Compute Module series was also
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excluded, as it is primarily designed for industrial and embedded applications. These modules
provide Flagship-level hardware but rely on a dedicated baseboard for GPIO connections, making

them less viable for this project.

This leaves the Flagship and Zero series as the most suitable options. Both provide Linux
compatibility, good processing power, and GPIO access. For recording, streaming, and basic au-
dio playback, the Zero series is affordable and capable. Although the Zero 2 W offers improved
performance, the original Zero W is sufficient for lightweight streaming and audio processing. The
Visualizer, however, requires more processing power for FFT-based spectrogram generation (Fast
Fourier Transform), making a Flagship model appropriate. The Raspberry Pi 3 B features a quad-
core CPU and higher RAM capacity, providing the necessary headroom for real-time audio analysis

and rendering.
In summary, the microcomputers selected for the three system components are:

— Streamer: Raspberry Pi Zero W — sufficient for real-time audio capture, Opus compression,

and UDP/RTP streaming,.

— Receiver: Raspberry Pi Zero 2 W — capable of decoding and forwarding audio via Bluetooth;
selected from spare hardware. The additional performance of the Zero 2 W is not required, but

a spare device was available.

— Visualizer: Raspberry Pi 3 B — required higher computational power for FFT-based spectro-

gram generation; a spare device was available.

3.3 Raspberry Pi Setting Up

The first step in any of the three main components is to insert a flashed microSD card into the
Raspberry Pi. Without a microSD card, the device has no operating system and is essentially non-
functional. According to the official Raspberry Pi documentation [74], a 32GB card is recommended
for Raspberry Pi OS with a graphical interface, while a 16GB card is sufficient for Raspberry Pi
OS Lite. In this case, a user interface is unnecessary, as it would introduce unnecessary bloat
and consume more system resources. The primary purpose of this device is not to function as a
conventional operating system for user navigation, but rather to be powered on and deployed at
sea with minimal intervention. The only potential need for manual intervention would be in the

event of connection issues, software bugs, or other errors.
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With a suitable microSD card selected, the next step is to use a device capable of reading
microSD cards to connect it, for example, a laptop. Once connected, the Raspberry Pi Imager
must be installed, which is the official tool for formatting and installing the operating system onto

the microSD card [74,75]. Upon launching the application, the following interface will appear:

After selecting the appropriate Raspberry Pi OS version and the connected microSD card, the
formatting and operating system installation process will begin. Once the Imager confirms that
the operation has been completed successfully, the microSD card is prepared and ready to be in-
serted into the Raspberry Pi. The operating system installed using the Raspberry Pi Imager is
Raspberry Pi OS Lite, a Linux-based operating system derived from the Debian distribution. As a
result, its functionality, structure, and command-line operations are largely consistent with stan-
dard Debian systems. In Raspberry Pi OS, wireless network settings are managed through the file
wpa_supplicant.conf, which contains the network name (SSID), password, and other properties
required for a wireless connection. The wpa_supplicant service handles Wi-Fi management, acting
as the driver and configuration handler. Alternatively, a direct connection can be established once

using the raspi-config utility.

After these steps, the Raspberry Pi is essentially ready for development. However, one important
feature to enable is SSH. Without SSH access, remote management of the Raspberry Pi is still
possible using tools like DWAgent, but these solutions tend to be unreliable, laggy, and prone to
connection issues based on personal experience. A more reliable alternative is enabling SSH. With
SSH enabled, any device connected to the same local network as the Raspberry Pi can remotely
access it using the command ssh pi@192.168.x.x. This connection method is significantly more
stable, with minimal latency and fewer connection problems. The only limitation is the requirement
for both devices to be on the same local network. However, this can be addressed by connecting
the devices through a VPN. By running the command sudo raspi-config, navigating to the
Interfaces section, and enabling the SSH option, remote access is activated. Without these remote
access solutions, it would be necessary to connect a display directly to each Raspberry Pi and
manually switch between devices when working on multiple units. This approach quickly becomes

cumbersome and impractical, especially when managing several devices simultaneously.
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3.4 Identifying a Compatible VPN Client Solution

The next step is to identify projects, preferably open-source, that enable Raspberry Pi devices
to connect to this specific type of VPN. Many modern VPN clients either drop support for 32-bit
architectures or are not optimized for the constraints of Raspberry Pi OS Lite. This considerably

narrows the range of suitable tools for our setup.

Among the most up-to-date and actively maintained projects is setup-ipsec-vpn, an open-
source project designed to set up and maintain L2TP/IPsec VPN connections [76]. While the
project primarily focuses on configuring an IPsec L2TP VPN server, it also includes instructions for
connecting to an existing L2TP /IPsec VPN server from a Debian-based system [77], which aligns
with our needs. With the appropriate packages installed, the system possesses the components
required to establish an L2TP /TPsec VPN client connection. However, despite careful configuration
and ensuring that all encryption parameters matched those of the server, the connection attempt
was unsuccessful for reasons that could not be identified. Given the time investment required
to troubleshoot this VPN solution, it was decided to discontinue this approach. Consequently,
alternative VPN services and protocols were explored to identify a more reliable and maintainable

solution.

Recent research by Jumakhan and Mirzaeinia (2024) [78] specifically investigated this scenario,
evaluating VPN performance on the Raspberry Pi 3 B+ model. Their study compared several
widely adopted VPN protocols, including WireGuard, OpenVPN, and IPsec (via OpenConnect).
The study evaluated key performance metrics for VPN protocols, including connection setup time,
latency, jitter, and throughput. WireGuard demonstrated clear advantages in connection speed and
stability, establishing connections in just 177 ms, compared to 8,500 ms for OpenVPN and 21,000
ms for OpenConnect. It also achieved low average latency (239.6 ms) and jitter (39.6 ms). While
WireGuard’s raw data throughput was lower than OpenVPN, its lightweight design and efficient

cryptography make it well-suited for resource-constrained environments such as the Raspberry Pi.

For practical implementation, a third-party Wireguard based VPN was selected, named Tailscale:
it only requires installation on the devices to be connected, in this case, the Streamer, Receiver
and Visualizer. The main drawbacks are that Tailscale is not fully open-source and depends on an
external service, meaning that service discontinuation or cloud outages could temporarily prevent

device connectivity, which is necessary since the components operate across different networks.
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3.5 Streamer

3.5.1 Hardware Design and Components

Before assembling this component, we must first analyze the properties of the Raspberry Pi
Zero W. Below is a schematic of the selected Raspberry for the Streamer, adapted from an official

Raspberry Pi reseller [79].

GPIO 1GHz Wireless LAN
512Mb Bluetooth 4.1

Micro-SD
Slot

338

Mini-HDMI Micro-USB Micro-USB
DATA Power

Figure. 6: Raspberry Pi Zero W hardware diagram.

The Raspberry Pi Zero W is equipped with several features that enable its functionality as
a compact single-board computer. Along the top edge of the board is the GPIO header, which
provides programmable pins that can be configured as digital inputs or outputs, allowing the
Raspberry Pi to interact with external devices such as sensors and switches. The Zero W model
contains a 1 GHz single-core CPU coupled with 512 MB of RAM. Wireless communication is
possible because of an integrated Wireless LAN and Bluetooth 4.1 module, enabling both network
connectivity and peripheral pairing without the need for additional hardware. Storage is provided
through a microSD card slot, which serves as the primary boot device and file system storage
medium for the operating system and data. For display output, the Raspberry Pi Zero W includes a
Mini-HDMI port capable of transmitting both video and audio to an external monitor or television.
Peripheral devices can be connected via the Micro-USB Data port, while a separate Micro-USB

Power port supplies the 5V input required to power the board.

The streaming base is the component responsible for recording, compressing, and streaming

the audio data from the hydrophone in real-time. The Raspberry Pi 0 W is a good choice, as it
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is smaller in size and low-cost (price at this time of EUR 17.99). List of all components of the

streamer encompass:
— Raspberry Pi 0 W: Cost-effective microcomputer.

— MicroSD Card: Memory card with 128 GB storage to contain the OS and any eventual record-

ings.

— Hydrophone and pre-amplifier: Component responsible for recording cetacean sounds, capable
of capturing audio in the range of 100Hz—20kHz. This will be directly attached to the portable

device (the Streamer), and not to the boats.

— Sound card: Necessary for conversion of audio from the hydrophone into a digital signal for the

Raspberry Pi.

— Two 5.000 mAh lithium-ion polymer batteries: Based on prior tests, these batteries provide

approximately 9 hours of continuous audio streaming.

— Power Module: Manages power from the batteries and the charging coil, providing a stable

output to the Raspberry Pi.
— Two hardware switches: One to turn on/off the system and one to start/end streaming.

— Waterproof case: An IP65-rated enclosure to protect the electronics from water infiltration and

environmental factors.

Additional components are required to connect the devices, such as a 3.5 mm audio jack cable
(to connect the hydrophone to the sound card), and a USB 2.0 to micro-USB adapter to connect
the sound card to the Raspberry Pi 0 W, since it only has micro-USB ports. This device is designed
for use on sea vessels, with the hydrophone being deployed overboard, allowing vessels to move
to areas with higher cetacean activity. However, future tests may identify the need for changes,
depending on its usability and how easy it is to deploy. The recommended changes, based on real

world testing, are discussed in section 5.

Figure 7 shows a hardware diagram of the Streamer, illustrating how the various components are
interconnected. It shows the first stage of the system, where the hydrophone captures underwater

sounds and transmits them to the Raspberry Pi for processing and streaming.
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Figure. 7: Streamer hardware diagram.
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The hydrophone captures underwater sounds, which are transmitted via a coaxial cable to a

pre-amplifier. The pre-amplifier, powered by a battery, boosts the signal and outputs it through

a standard 3.5 mm audio jack. This audio signal is sent to a sound card, which connects to the

Raspberry Pi Zero W through a USB 2.0 to micro-USB converter. The Raspberry Pi processes

the incoming audio, compresses it using the Opus codec, and streams it over UDP to one or more

receivers.

Power is managed by an Adafruit power module, which regulates supply from two lithium-ion

polymer batteries to the Raspberry Pi and other components. Switches allow the user to start and

stop recording as well as control the power supplied to the Raspberry Pi. The entire system is

housed within a waterproof case, ensuring reliable operation and protection against environmental

factors during marine deployments.
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Below is an image of the fully assembled Streamer (Fig. 8), showcasing the compact and portable
design of the system. The waterproof case houses all components, with external connections for the
hydrophone and power management. This design ensures that the Streamer can be easily deployed
on boats for real-time cetacean acoustic monitoring while protecting sensitive electronics from

water exposure.

Figure. 8: Fully assembled Streamer unit.

3.5.2 Software Design and Implementation

The core functionality of the streamer is to capture audio from a hydrophone, encode it ef-
ficiently using the Opus codec, and transmit it to the Receiver and the Visualizer. The design
emphasizes low-latency audio transmission, robustness in a marine environment, and multi-target
streaming. For this purpose, several libraries are required, namely socket (for sending and receiving
UDP packets), sounddevice (for capturing audio from input devices), opuslib (for compressing
audio using the Opus codec), and time (for timing and controlling the streaming loop). This setup
makes it so that audio data is handled efficiently and reliably before being sent over the network.

Figure 9 illustrates the complete implementation of the Streamer:
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1 import socket

2 import sounddevice as sd

3 import opuslib

4 import time

5

& SAMPLE_RATE = 48800

7 CHANNELS = 2

8 FRAME_SIZE = 96@ # 20ms @ 48kHz

9 BITRATE = 64808 # 64 kbps

1@

11 TARGET_IPS = [

12 { s 9999),

13 { , 9999)

14 1

15

16 sock = socket.socket(socket.AF_INET, socket.SOCK_DGRAM)
17 encoder = opuslib.Encoder(SAMPLE_RATE, CHAMNELS, application='audio')
18 encoder.bitrate = BITRATE

19

28 def callback(indata, framss, time info, status):

21 if status:

22 print(“Input stream status:", status)

23

24 pcm_bytes = indata.tobytes()

25 try:

26 encoded = encoder.encode(pcm_bytes, FRAME SIZE)
27 except Exception as e:

28 print{“Encode error:™, e)

29 return

3a

31 for ip, port in TARGET_IP5:

32 sock.sendto(encoded, (ip, port))

33

34 with sd.InputStream{samplerate=SAMPLE_RATE, channels=CHANMELS, dtype="intlg",
35 blocksize=FRAME_SIZE, callback=callback):
36 print{“Streaming Opus audio to multiple targets...")
37 try:

38 while True:

39 time.sleep(1)
uts] except KeyboardInterrupt:
41 print(“Sender stopped.™)
42

Figure. 9: Streamer code implementation.

The Streamer captures audio from a hydrophone in real time and transmits it to the Receiver
and the Visualizer over the network. It uses the sounddevice library to interface with the audio
input, capturing samples at a rate of 48 kHz, which ensures high-fidelity audio suitable for detecting

fine details in underwater sounds. The audio is recorded in two channels (stereo), allowing for spatial
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representation if needed, though the hydrophone itself may provide mono input. The captured audio
is divided into frames of 960 samples each, corresponding to 20 milliseconds per frame, which keeps

the system latency low and enables near-real-time transmission.

Once captured, the audio is converted into a byte stream and compressed using the Opus codec
via the opuslib library. Opus is chosen for its balance between efficient compression and high audio
quality, maintaining clarity while reducing the required bandwidth. The compressed audio frames
are then sent over UDP to the specified receivers using the socket library. This transport protocol
is preferred for its low overhead and minimal latency, though it does not guarantee delivery, which
is acceptable for real-time streaming applications where occasional dropped frames are preferable

to delays.

The Streamer continuously loops, capturing, encoding, and sending audio frames until man-
ually stopped. The time library is used to manage the streaming loop timing. Error handling is
incorporated in the encoding process to catch any exceptions and prevent crashes, maintaining
robustness during prolonged operation in a marine environment. Overall, the design prioritizes
low-latency, reliable multi-target streaming, and efficient audio compression to support real-time
monitoring and visualization of underwater sounds. Figure 10 shows the software flow diagram of

the Streamer:

Audio Input
(sounddevice)

RAW PCM

Opus Encoder
(opuslib)

OPUS FRAMES

UDP Socket
(socket module)

UDP PACKETS

A

Receiver Visualizer

Figure. 10: Streamer software diagram
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3.6 Recelver

3.6.1 Hardware Design and Components

Figure 17 shows a schematic of the Raspberry Pi Zero 2 W, which is the microcomputer selected

for the Receiver, adapted from a reseller [80].

GPIO 1 GHz Wireless LAN
512Mb RAM Bluetooth 4.2
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DATA Power

Figure. 11: Raspberry Pi Zero 2 W hardware diagram.

The Receiver’s Raspberry Pi Zero 2 W provides a well-rounded balance between processing
performance and size. Equipped with a quad-core 1.1 GHz ARM Cortex-A53 CPU and 512 MB
of RAM, it delivers enough computational power for real-time audio decoding, buffering, and
playback while consuming low energy. This makes it suitable for long-duration field deployments
where efficiency and battery life are important. The small form factor also allows the Receiver
to remain lightweight and easily enclosed within a compact housing. This device’s container is a
3D-printed enclosure custom-designed to house all the components, while serving as a base to the

Listener.

In terms of connectivity and expansion, the Raspberry Pi Zero 2 W offers built-in Wi-Fi and
Bluetooth, ensuring wireless communication with both the Streamer and the Listener. Like its
predecessor, the Pi Zero W, it retains the essential interfaces: a microSD card slot for storage, a
Mini-HDMI port for display, and micro-USB ports for data and power input. Together with the
supporting hardware, the Receiver becomes a self-contained, efficient unit designed for continuous

operation in marine environments. The components present in the Receiver are:
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— Raspberry Pi Zero 2 W: Compact microcomputer with greater processing power than the Pi

Zero W, responsible for decoding and reproducing the received audio stream.

— Reed switch: Serves as a listener dock mechanism, automatically starting or stopping the audio

stream depending on whether the device is docked.

— Adafruit power module: Controls the power flow, with a switch to provide stable energy delivery

to the Raspberry Pi.
— 10.000 mAh lithium-ion polymer battery: Provides several hours of operation.

— Wireless Qi charging coil module: Embedded within the device and compatible with Qi stan-
dards, allowing contactless recharging of the battery. This component is necessary for the

charging functionality of the Listener.
— Qi wireless coil transmitter: Charging pad used to recharge the Listener’s battery wirelessly.
— 3D-printed container: To house the components.

Unlike the Streamer, which is designed for deployment on boats, the Receiver is specifically
intended for use onshore as a stationary unit. Its primary function is to capture the incoming

wireless audio stream transmitted from the Streamer and decode it into a format suitable for

playback. This allows for audiences on land to listen in real time to cetacean sounds recorded at
sea, creating a direct link to the marine environment. By shifting the demanding task of audio
capture and compression to the Streamer, the Receiver can focus on efficient decoding and stable

playback.

One of the notable design features of the Receiver is the integration of a wireless charging
coil transmitter. This allows the Listener to be conveniently recharged by simply placing it on
top of the coil transmitter. When the device is docked, the reed switch automatically signals the
system to stop playing the audio. The Receiver is designed to handle audio decompression and
playback but relies on the Listener module for the final stage of sound reproduction. The Listener,
which incorporates a speaker system, acts as an external Bluetooth speaker. Together, the two
devices form a system in which the Receiver manages network connectivity, power regulation, and
decoding, while the Listener delivers the final user experience through sound projection. Figure 12

shows a hardware diagram of the Receiver (Fig.12).
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Figure. 12: Receiver hardware diagram.

The Receiver is powered by the Raspberry Pi Zero 2 W, which decodes and plays the incoming
audio stream. Its quad-core CPU provides enough performance for real-time processing. In this

case, a Raspberry Pi Zero W could also be used.

Power delivery is handled by an Adafruit power module, which regulates current from the
10.000 mAh lithium-ion polymer battery to the Raspberry Pi. From multiple usages, the battery,

with continuous streaming, lasts for about 8 hours.

A reed switch is built into the dock mechanism. When the Listener is placed in the dock, the

switch automatically stops the stream, removing the need for manual controls and helping save

power.

Recharging is done through a wire, into the container of the Receiver using a micro-USB port.
However, the Receiver also contains an internal charging coil transmitter, that is necessary to

charge the Listener.

Together, these components form a portable, low-maintenance device capable of reliable audio

playback in the field.
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Figure 13 shows the fully assembled Receiver unit, highlighting its compact design. The figure
shows the container, which, as stated before, is a 3D-printed enclosure to house all the necessary

components while maintaining a compact design.

Figure. 13: Fully assembled Receiver unit.

3.6.2 Software Design and Implementation

As stated before, the Receiver’s primary function is to receive the compressed audio stream
from the Streamer, decode it using the Opus codec, and play it back through connected audio
output devices. The software implementation focuses on efficient real-time processing and queue
management to ensure smooth audio playback. The following libraries are essential for this func-
tionality: socket (for receiving UDP packets), opuslib (for decoding Opus-compressed audio),
pyaudio (for audio playback), and time (for managing timing and control flow). Figure 14 shows

the complete code implementation of the Receiver:
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import socket

import sounddevice as =d
import opuslib

import numpy as np
import gueus

import threading

SAMPLE_RATE = 43808
CHANMELS = 2

FRAME_SIZE = S96@ # 28ms
PORT = 9999

decoder = opuslib.Decoder(SAMPLE_RATE, CHAMMELS)

sock = socket.socket(socket.AF_INET, socket.SOCK_DGRAM)
sock.bind(('', PORT)})
sock.setblocking(True)

# Buffer to smooth out jitter
audio_gueue = gueue.Jueue(maxsize=5a}

def receive_auwdio():
while True:
try:
data, _ = sock.recvfrom{4895)
pcm = decoder.decode(data, FRAME_SIZE}
frame = np.frombuffer(pcm, dtype=np.intlé).reshape(-1, CHANMELS)
try:
audio_gueue.put_nowait(frame)
except gueue.Full:
pass
except Exception as e:
print{"Decode error:", e}

def sudioc_rcallback(outdata, frames, time_info, status):

if status:
print{"0utput stream status:", status)

try:
frame = audio_gqueue.get nowait()
cutdata[:] = frame

except queue.Empty:
outdata[:] = np.zeros((frames, CHANNELS), dtype='intle')

# Start receiver in background thread
threading.Thread(target=receive_audio, daemon=True).start(}

# Start gudio stream
with sd.OutputStream(samplerate=SAMPLE_RATE, channels=CHANMELS,
dtype="intlé', blocksize=FRAME_SIZE,
callback=audio_callback):
print{"Playing Opus audio...™}
try:
while True:
pass
except KeyboardInterrupt:
print("Receiver stopped.™)

Figure. 14: Receiver code implementation
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The Receiver is configured to play back audio in stereo (2 channels) at 48 kHz, without down-
sampling artifacts. Each frame of audio has a size of 960 samples per channel, equivalent to 20
ms of audio per packet. This matches the configuration of the Opus stream being transmitted.
Incoming packets arrive over UDP port 9999. To handle potential network jitter, the implementa-
tion includes a queue buffer with a capacity of 50 frames. This buffer acts as a jitter smoothing
mechanism, temporarily storing audio frames before they are played back, preventing audible gaps

if packets arrive irregularly.

The received compressed data is decoded using an Opus decoder from the opuslib library. Once
decoded, the audio is converted to 16-bit PCM and reshaped into a stereo array that can be directly
consumed by the output stream. The audio callback in sounddevice retrieves frames from the
queue and sends them to the speaker output in real time. If the queue is empty, silence is inserted to
avoid glitches. Meanwhile, the sounddevice.QutputStream keeps the audio pipeline running, with
the callback function maintaining synchronization between queued frames and playback timing.

This design guarantees continuous, low-latency sound reproduction suitable for live listening.

UDP Socket
(socket module)

OPUS PACKETS

Opus Decoder
(opuslib)

PCM FRAMES

Jitter Buffer

PCM FRAMES

Playback
(sounddevice)

Figure. 15: Receiver software diagram.
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3.7 Listener

3.7.1 Hardware Design and Components

The Listener is the other component that works as one with the Receiver. It is responsible for
producing the sound that the user will hear. The Listener is designed to be compact and light.
As stated before, its charging is done by placing it on the Receiver base, right above the wireless
coil transmitter. While this component is being charged, a bright green color turns on, reflecting
out of the enclosure, making it very noticeable if the component is being charged correctly. From

continuous usage, the Listener lasts for about 8 hours. The components present in the Listener are:

3D-printed container: lightweight enclosure, custom-designed to house all the necessary com-

ponents while maintaining a compact design.

— Power module: Charges the battery and manages power delivery to the main microcomputer.

In this case, the main microcontroller already does this.

— Microcontroller: Provides Bluetooth connectivity, allowing the Listener to pair with the Re-

ceiver and receive audio wirelessly.

Reed Switch: Reed switch that turns the device on and off.

Repurposed Speaker: component necessary for audio playback.

Current Audio - BLE Listener

N~ N~
\\_____‘__/ \\_____‘___./
\_________/ \_________/

Wireless Coill BL Compatible
Charger CURRENT™ Module “"CURRENT ™ Battery
ON/OFF AUDIO
Reed Switch ‘ N Speaker

Figure. 16: Listener hardware diagram
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3.8 Visualizer

3.8.1 Hardware Design and Components

Below is a schematic of the Raspberry Pi 3 B, which is the microcomputer selected for the

Visualizer, adapted from an official reseller [81].
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Bluetooth 4.1 B
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) Respherey PI 2018
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Micro-USB
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Figure. 17: Raspberry pi 3 B hardware diagram.

The Visualizer’s Raspberry Pi 3 B presents an increase in computational power from the Zero
series. This microcomputer is equipped with a quad-core 1.4 GHz ARMv8 CPU and 1GB of RAM,
it delivers enough computational power for real-time audio decoding, buffering, playback, and
spectrogram generation. Unfortunately, it was not possible to fully assemble the desired Visualizerc
due to time constraints. This component is only partially assembled, having only a Raspberry Pi 3
B and an e-paper display. Its functionality is fully implemented, including audio playback, so the
only thing remaining would be to add a sound card with a speaker, and make a 3D-printed case

to protect the components and have space for the screen.

In terms of connectivity, the Raspberry Pi 3 B offers built-in Wi-Fi and Bluetooth. Like other
models, it has a microSD card slot for storage. Given that this model is bulkier and physically
bigger, it has an HDMI port, and four 2.0 USB ports, without the need to use adapters from USB

2.0 to micro-USB. This device should include the following components:
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— Raspberry Pi 3 B: Compact microcomputer with greater processing power than the Zero series,

responsible for decoding, reproducing, converting to spectrogram and display images on the

e-paper screen.
— ON/OFF Switch: To turn the device on and off.

— Adafruit power module: Controls the power flow, acting as a switch to provide stable energy

delivery to the Raspberry Pi.

— 10.000 mAh lithium-ion polymer battery: Provides several hours of operation, makes the device

able to be operated without constant energy source.
— e-Paper HAT: Attaches to the Raspberry Pi 3, functioning as an adapter for the screen input.

— 6-inch e-paper display: A fitting screen that is supported in a high sunlight environment,

resistant and clear enough to be used in the context of the system.
— Sound Card: Component needed to play the receiving sounds on supported devices.

— Sound-producing device: The actual sound-producing device. This can be headsets, speakers,

etc.

— Custom 3D-printed base: To be used as a case that can display the screen and protect the

components.

A major challenge appears when attempting to display the spectrogram of the real-time stream-
ing audio. This requires selecting an appropriate screen technology with high brightness and con-
trast ratios. Moreover, the screen must be durable enough to endure maritime conditions, including
exposure to saltwater, high humidity, winds and sunlight. In addition to displaying the real-time
spectrogram, the screen should also serve as an interface for the operating system. This will allow
for troubleshooting and monitoring of connected devices on the VPN. To address this challenge,
an e-paper display was chosen, as these types of screens perform well in high-light environments
while maintaining excellent visibility [82]. Any e-paper display can be considered, provided that its
quality and refresh rate are sufficient to support the continuous rendering of a rolling spectrogram
and to function as an effective interface for the operating system. The display must guarantee

consistent updates to the spectrogram and good enough quality to recognize cetacean sound.

Considering the requirements for the project, the Waveshare 6-inch e-paper display is chosen,

as it is cost-effective and meets the specifications necessary for the task. However, this display
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requires the use of Waveshare’s designated IT8951 driver, which is C-based. Unfortunately, these
drivers do not support a live interface with the Raspberry Pi’s console. To overcome this limitation,
we explored existing alternatives that are compatible with the chosen screen. We discovered an
open-source, Python-based solution called PaperTTY®, which allows image display, and provides a
method to use e-paper screens as a console interface for the operating system. This approach offers
a valid solution to integrate the display with the Raspberry Pi and facilitate console interaction.
Fig.18 shows a hardware diagram of the Visualizer, illustrating how the various components are
interconnected. It shows the final stage of the system, where the received audio is played back and

visualized on the e-paper display.

Battery <—CURRENT—> Power Module

Switch

h 4

Sound Card |——use20—> Raspberry Pi 3 B

AUDIO JACK SIGNAL
Playback Device Screen HAT
SIGNAL / POWER

E-paper Display

Figure. 18: Visualizer hardware diagram.

®https://github.com /joukos/PaperTTY
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Fig.19 shows the current implementation of the Visualizer, without the casing or sound card,

successfully using the e-paper display as a terminal screen.

Figure. 19: Partially assembled Visualizer unit.

3.8.2 Software Design and Implementation

The software solution relies on several Python libraries to handle audio streaming, signal pro-
cessing, and display output. socket is used for receiving audio packets over UDP, while opuslib
handles Opus decoding to raw PCM samples. sounddevice plays back the audio in real time, and
numpy is essential for array operations and FFT-based spectral analysis. PIL (Pillow) manages
image creation and manipulation for the spectrogram, while matplotlib.mlab assists with spectro-
gram computations. threading coordinates concurrent audio receiving, playback, and spectrogram
generation. For system-level tasks, subprocess starts the e-paper display update loop, and log-
ging /traceback provide error handling and debugging. Together, these libraries allow the system
to decode live audio, generate a rolling spectrogram, and render it on the e-paper display. Fig. 20

shows the complete code implementation diagram.
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Figure. 20: Software diagram of the Visualizer.

This diagram illustrates the software architecture of the Visualizer, highlighting the key compo-
nents and their interactions. The system is designed to handle real-time audio streaming, decoding,
playback, and spectrogram visualization efficiently. In this case, its a more complex system than the
previous two, as it has to do more tasks. Fortunately, the Raspberry Pi 3 B has a quad-core CPU,
meaning it can handle multiple threads at the same time doing different tasks. While doing thread-
ing, however, locks and synchronization mechanisms are used to ensure data integrity, especially
when multiple threads are acessing shared resources like the audio buffer. The four main threads
are shown on the image encompassing the software flow, they are the UDP receiver, playback and

audio buffer manager, spectrogram generator and the e-paper display updater.
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In this section, we provide a comprehensive explanation of a real-time audio streaming sys-
tem capable of generating a rolling spectrogram in a mel-scale representation. The system is im-
plemented in Python, using Opus compression, NumPy for numerical processing, PIL for image
rendering, and SoundDevice for audio playback. The visualization is optimized for high-resolution
e-paper displays and designed to minimize computational load while maintaining perceptual fi-

delity.

The system operates with stereo audio sampled at 48 kHz. Although this exceeds the hy-
drophone’s 20 kHz limit, it satisfies the Nyquist theorem, which requires the sampling rate to be
at least twice the maximum frequency of interest to avoid aliasing [83]. This choice also provides
some headroom and ensures accurate capture of transient audio events (short, sudden changes
in signals, like clicks). The configuration parameters are carefully chosen to balance performance,

latency, and visual resolution.

SAMPLE_RATE = 48000
CHANNELS = 2
BUFFER_SIZE = 8192
UDP_PORT = 9999
FRAME_SIZE = 960
PLOT_SECONDS = 10
UPDATE_INTERVAL = 0.2
NFFT = 1024

NOVERLAP = 512
IMAGE_WIDTH = 1440
IMAGE_HEIGHT = 1072
SHELL_MARGIN_LEFT = 90
SHELL_MARGIN_BOTTOM = 60
MAX_LATENCY_S = 2

MAX_BUFFER_SIZE = SAMPLE_RATE * CHANNELS * 2 * MAX_LATENCY_S

Here, BUFFER_SIZE determines the maximum amount of data received per UDP packet, while
FRAME_SIZE defines the number of samples per Opus frame. PLOT_SECONDS specifies how many
seconds of audio are displayed in the rolling spectrogram, and UPDATE_INTERVAL controls how of-
ten the image updates. NFFT and NOVERLAP are parameters for the Short-Time Fourier Transform

(STFT), affecting frequency and time resolution. Larger NFFT values improve frequency resolution
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but increase computation, whereas NOVERLAP ensures smooth temporal transitions in the spec-
trogram. IMAGE_WIDTH and IMAGE_HEIGHT set the spectrogram size to match the e-paper display
pixels, while SHELL_MARGIN_LEFT and SHELL_MARGIN_BOTTOM reserve space for the shell display
above the spectrogram to avoid re-rendering it every update. MAX_LATENCY_S limits the maximum
buffered audio to constrain latency, and MAX_BUFFER_SIZE is calculated accordingly. The system
uses a deque data structure as a ring buffer for the most recent samples used in the spectrogram.
This structure allows efficient appending and popping from both ends, essential for maintaining a

rolling display without recalculating the entire spectrogram.

The decoded PCM bytes are appended to a thread-safe buffer. Locks are used to avoid race
conditions between the UDP receiver, audio playback, and spectrogram generation threads. Ad-
ditionally, the buffer is constrained by a maximum size to prevent memory bloat and excessive
latency. Audio playback uses the SoundDevice library, with a callback that extracts precisely the
number of samples required for each block. If the buffer contains fewer samples than needed, zeros
are padded to avoid audio glitches. During playback, the mono channel is extracted and appended

to plot_buffer for spectrogram generation:

audio_array = np.frombuffer(chunk, dtype=np.int16)

plot_buffer.extend(audio_array[::CHANNELS])

3.8.2.1 From Time Domain to Frequency Domain

The first step in converting a raw audio signal into a spectrogram is to transform the signal
from the time domain into the frequency domain. In the time domain, audio samples represent
amplitude over time. However, for many analysis tasks—such as visualizing frequency content or
detecting patterns—it is more useful to know the spectral composition, i.e., which frequencies are

present and their relative intensities.

This transformation is achieved using the Fast Fourier Transform, an efficient algorithm to
compute the Discrete Fourier Transform (DFT). The DFT converts a sequence of samples z[n]
into complex coefficients X [k], representing amplitude and phase at discrete frequency bins. For
real-valued audio, the FFT output is symmetric, so only the positive-frequency components are

retained.
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In practice, we process incoming audio in small slices corresponding to UPDATE_INTERVAL. Each
slice is divided into overlapping windows of length NFFT, shifted by NFFT - NOVERLAP, and each

window is transformed into the frequency domain:

# Compute FFT magnitude spectrogram slice
window = np.hanning(NFFT) # Hanning window to reduce spectral leakage
step = NFFT - NOVERLAP # Step size for sliding windows

n_windows = (len(samples) - NFFT) // step + 1
S = np.empty((NFFT // 2 + 1, n_windows), dtype=np.float32)

for i in range(n_windows):
start = i * step
frame_int16 = samples[start:start + NFFT]
frame = (frame_int16.astype(np.float32) / 32768.0) * window
fft = np.fft.rfft(frame)

S[:, i] = np.abs(fft)

3.8.2.2 Windowing and Overlap
The audio slice is first multiplied by a Hanning window, this step follows the official documen-

tation of NumPy [84] and is given by:

2mn
=0.5—-0. _ < < —
wln] = 0.5 05COS( 1), 0<n<N-1

Windowing is necessary because the FFT treats each frame as if it were periodic. Abrupt edges
at the start and end of a frame create discontinuities, which spread energy across multiple frequency
bins — a phenomenon known as spectral leakage. Multiplying the frame by a Hanning window
smooths these edges, reducing leakage and producing cleaner frequency estimates. To improve
temporal resolution and ensure smooth transitions between frames, consecutive windows overlap
by NOV ERLAP samples. The total number of windows extracted from a slice of Nyamples Samples

is therefore:

Nsamples = NFE TJ +1, step=NFFT — NOVERLAP

Nwindows — { step
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3.8.2.3 Real FFT and Normalization
We use np.fft.rfft(frame), which computes the FFT only on the non-negative frequencies
of real-valued input, saving memory and computation time. The magnitude spectrum is obtained

using np.abs, which captures the amplitude of each frequency bin.

Before computing the FFT, samples are converted from 16-bit integers to normalized floating-

point values:
frame = (frame_int16.astype(np.float32) / 32768.0) * window

This scaling makes amplitude handling consistent and is compatibility with the window func-

tion.

3.8.2.4 Linear-Frequency Spectrogram

After processing all windows, we obtain a linear-frequency spectrogram S with dimensions
(NFFT/2 4 1, Nwindows ). Rows correspond to frequency bins from 0 Hz to the Nyquist limit, and
columns correspond to time frames. This representation is accurate but not perceptually aligned:
humans perceive pitch logarithmically, with greater sensitivity to low frequencies. To address this,

we apply a mel-scale filterbank.

3.8.2.5 Mel-Scale Filterbank
The mel scale compresses high frequencies and expands low ones, providing a representation

that better reflects human auditory perception. The mel-formula, as stated in [85], is given by:

f
1(f) = 2595 -1 1+ =
mel(f) 0810 < + 700
To implement this, a filterbank of overlapping triangular filters is constructed across the FFT
bins. Each filter rises from zero, peaks at its center frequency, and falls back to zero, ensuring

smooth coverage:

def create_mel_filterbank(sr, n_fft, n_mels=128, fmin=100, fmax=20000):

mel_min = hz_to_mel(fmin)

mel_max = hz_to_mel(fmax)
mel_points = np.linspace(mel_min, mel_max, n_mels + 2)

hz_points = mel_to_hz(mel_points)
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fft_bins = np.linspace(0, sr / 2, n_fft // 2 + 1)

filterbank = np.zeros((n_mels, len(fft_bins)))

for i in range(1l, n_mels + 1):
f_left, f_center, f_right = hz_points[i-1:i+2]
left = np.clip((fft_bins - f_left) / (f_center - f_left), 0, 1)
right = np.clip((f_right - fft_bins) / (f_right - f_center), 0, 1)

filterbank[i-1, :] = np.minimum(left, right)

return filterbank, hz_points[1:-1]

Multiplying the FFT magnitudes by this filterbank converts the linear spectrogram into mel

bands:

S_mel = np.dot(mel_filterbank, S)

S_mel_db = 20 * np.loglO(S_mel + le-10)

After applying the mel filterbank, the linear-frequency spectrogram is transformed into a mel-
frequency spectrogram. This representation reduces dimensionality (e.g., 513 FFT bins — 128 mel

bins) and emphasizes low-frequency features, aligning with the human auditory perception.

3.8.2.6 E-paper Display

With the image prepared, it is saved as a BMP file, which is the only format supported by the
IT8951 driver used by the e-paper display. The IT8951 driver is optimized for e-paper technology,
which has unique characteristics such as slow refresh rates and ghosting effects. The driver handles
these aspects, ensuring that the spectrogram is rendered clearly and legibly. The drivers are written
in C, so they are called from Python using the subprocess module. Intitial example commands
are included in these drivers, however, the function to update the screen is extremely slow, as it
includes multiple delays and screen refreshes to avoid ghosting. Unfortunately, each screen clear
(update it to only white) takes about 4 seconds, which for a live spectrogram is not feasible. For

this reason, we made a new function to try to update the screen as fast as possible.

The current function handles loading and displaying a BMP image on an IT8951 e-paper display.
First, it calculates the image buffer size based on panel dimensions and bits per pixel, optionally

aligning the width to 4 bytes, and allocates memory for the buffer. The BMP image is read from
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disk into this buffer and drawn with a white background, using the appropriate IT8951 refresh
function depending on the grayscale depth (1, 2, 4, or 8 bits). A CSV file was added to compare
the time taken to refresh the screen for each grayscale depth, with the best result being 1-bit depth,

taking about 2-2.4 seconds to refresh, while the 4-bit depth taking about 5-5.5 seconds.

During testing, only 1-bit per pixel refreshes consistently worked. For 2-bit depth and above,
the display consistently showed corruption or stopped updating properly. Attempts to adjust buffer
alignment, clear the buffer, or slow down updates did not resolve the issue. This suggests that the
1T8951 driver or hardware has limitations with rapid full-frame updates at higher bit depths with-
out screen clearing, making 1-bit mode the only reliable option for continuous dynamic content in
this setup. To reduce background noise in the spectrogram generation, we also apply thresholding,
which masks sound below a certain threshold. Figure 21 shows the screen spectrogram with a moan

being presented.
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Figure. 21: Spectrogram screen.
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3.9 System Limitations

Although the system accomplishes its intended purpose, streaming audio in real time to two

devices for playback and spectrogram generation, it faces several limitations.

The hydrophone connected to the Streamer is limited to 20kHz. This is not a software or
implementation issue, but rather a hardware constraint chosen for cost-efficiency. As a result,
higher-frequency sounds, like echolocation clicks, are only partially detected: while lower com-
ponents of the signal may be captured, the peak frequencies are lost. This limitation could be
resolved by using a hydrophone capable of recording higher frequencies, though such devices are
significantly more expensive. The connected sound card also introduces a considerable amount of
interference (as shown in Section 5), and the audio jack cable also contributes to noise. Just like

the hydrophone, higher-quality components would eliminate these issues but at a higher cost.

The refresh rate of the display of the Visualizer is also a major constraint: around 2-2.5 seconds
at 1bit per pixel. Using higher color depths increases refresh time, since a full screen reset is required
(10+ seconds), making it impractical. This directly affects spectrogram generation, where higher
color depth would improve the interpretation of sound features. However, the primary purpose of
the display is not detailed acoustic analysis but rather detecting vocalizations at sea, where the

audio cue is not always perceptible.

The receiver presents no major limitations. Its operation is simple and it performs its role

reliably.

3.10 Implementation Summary

By combining overlapping windowed FFTs (STFT), mel filterbank conversion, decibel scaling,
thresholding, and buffer management, the system produces a real-time spectrogram aligned with
human auditory perception. Low frequencies are rendered in high detail, while high frequencies are
compacted. With the implementation of the three devices, we succesfully made a working system

that can be used for scientific and touristic purposes.

Tables 2, 3, 4 and 5 show the cost of each component used in the system, as well as the total
cost of each device implemented, in EUR. The prices may vary depending on location, reseller and

availability.
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Component Price (EUR)
RPIO W 15,99

2 x 5000mAh Li-Po 12,92
Powerboost 1000C 22,95
Sound Card 6,90
USB2.0-microUSB 12,00
IP65 Box 13,55
Hydrophone+Pre-amp 180,00
Total 264,31

Component Price (EUR)
RPIO2 W 17,99
PowerBoost 500 14,99
10000mAh Li-Po 15,61
Reed Switch 3,63
Qi Charger 15,56
Total 67,78

Table 2: Streamer component costs.

Component Price (EUR)
RPI 3 34,99
E-paper Screen 62,44
Total 97,43

Table 4: Visualizer component costs.

Table 3: Receiver component costs.

Component Price (EUR)
1000mAh Li-Po 2,08
Bluetooth Qi Module 12,99
Wireless Coil Receiver 11,05
Total 26,12

Table 5: Listener component costs.

It is important to note that these prices exclude things like connectors, wires and 3D printing

costs, which are difficult to estimate. The most expensive component is the hydrophone, which

can vary greatly in price depending on the model and quality. The total cost of the entire system,

including all four devices, is approximately EUR 455,64, with the hydrophone accounting for a

significant portion of this cost. In conclusion, the system is designed to be cost-effective while still

providing high-quality audio streaming and visualization capabilities.
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4 Testing

4.1 Overview

The initial testing phase served primarily as a proof-of-concept to verify the overall functionality
and deployability of the system in a real-world setting. The objective was not to record quantitative

data, but rather to ensure that all components operated as intended under realistic conditions.

This preliminary deployment was carried out in the coastal waters, more specifically, the pelagic
zone of Madeira, Portugal. A biologist was present on board to provide feedback on the audio quality
and practical aspects of the deployment. The hydrophone was lowered to a depth of approximately

10 meters by suspending it overboard, while the boat remained stationary.

During this test, three key aspects were assessed: (i) whether the system was capable of reliably
capturing underwater audio, (ii) the stability of the hotspot connection at an offshore location,
and (iii) the practical deployability of the setup from a small vessel. The hydrophone feed was
monitored both through the Receiver and Listener devices, as well as by direct connection, allowing

for a preliminary comparison of perceived audio quality.

Following this initial validation at sea, subsequent tests focused on measuring the streaming
performance and computational cost of the system under different protocols and codecs. These
experiments were conducted on-shore under controlled conditions, allowing for evaluation of effi-
ciency and resource usage. Unlike the first test, these assessments were not performed in a real or

realistic marine environment, but rather served as a technical benchmark.

To evaluate real-time audio streaming performance, custom Python scripts were developed to
implement both streamers and receivers. The streamer captures audio from a hydrophone, encodes
it using different codecs (Opus, FLAC, and raw PCM), and transmits it via UDP or RTP to one or
more devices. The receiving devices, including the Visualizer, decode the incoming audio and play
it back while logging metrics. Two tests were made, one registering only the streaming metrics,

and another registering only the computational metrics.
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Table 6 summarizes the hardware and software specifications of the three devices used in the

tests: the Streamer (Raspberry Pi Zero W), the Receiver (Raspberry Pi Zero 2 W), and the

Visualizer (Raspberry Pi 3 Model B).

Component / Feature|Streamer (Raspberry |Receiver (Raspberry |Visualizer (Raspberry
Pi Zero W) Pi Zero 2 W) Pi 3 Model B)

SoC BCM2835 BCM2835 BCM2837

oS Raspbian GNU/Linux 11 |Debian GNU/Linux 11  |Debian GNU/Linux 12
(Bullseye) (Bullseye) (Bookworm)

Kernel Version 6.1.21+ 6.1.21-v8+ 6.6.31+rpt-rpi-v8

CPU Processor ARMv6-compatible pro- |[ARM Cortex-A53 ARM Cortex-A53
cessor rev 7 (ARMv8) (ARMvS)

CPU Architecture ARMv6 (6) ARMvS (8) ARMvS (8)

CPU Cores 1 4 4

CPU Clock Speed 1 GHz 1 GHz 1.2 GHz

Total RAM 429 MiB 419 MiB 907 MiB

Swap Memory 99 MiB 99 MiB 199 MiB

Disk Total 59 GB 59 GB 29 GB

System Architecture |armhf arm64 arm64

GLIBC Version 2.31 2.31 2.36

Table 6: System specifications of the Streamer, Receiver, and Visualizer devices

4.3 Choice of Protocols and Codecs

In the methodology, UDP was initially selected because it provides minimal overhead and avoids

retransmission delays, making it well-suited for time-sensitive audio streaming and less demanding
on system resources compared to RTP. RTP, while offering additional features such as sequence
numbering and timestamps for synchronization, packet reordering, and loss detection, introduces
extra processing overhead that could impact performance on resource-constrained devices. In this
section, we specifically test and compare UDP and RTP to evaluate whether the added reliability

of RTP justifies its overhead in the context of real-time underwater acoustic monitoring.

Regarding codecs, two complementary approaches were adopted: Opus and FLAC. Opus pro-
vides highly efficient lossy compression specifically designed for real-time applications. Its adapt-
ability to varying bitrates and resilience to packet loss make it well-suited for streaming from
resource-constrained devices over wireless networks. In contrast, FLAC was included as a lossless
alternative, preserving the exact sounds captured by the soundcard. This enabled benchmarking

between bandwidth efficiency (Opus) and audio fidelity (FLAC).
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Other codecs were initially explored but proved impractical. Formats such as MP3 and AAC are
not fully open source or impose licensing restrictions, while some necessary libraries such as LAMEenc
were incompatible with the ARM-based CPU architecture of the Streamer. As a workaround,
some implementations attempted to offload encoding and decoding to the FFmpeg library, but this
resulted in unstable streams with constant interruptions and unusable audio quality. Consequently,

Opus and FLAC emerged as the most viable choices.

4.4 Testing Environment

Testing was performed under controlled conditions:

— Devices were connected over stable Wi-Fi networks (100 Mbps bandwidth), with the Streamer
approximately 10 meters apart from the Receiver and Visualizer. The Streamer was on one
network, while the Receiver and Visualizer were on another. Each device was connected to the

same VPN.

— Audio captured at 48 kHz sampling rate, stereo channels, in frames of 20 ms (960 samples per
frame). This sampling rate is sufficient for the hydrophone’s 20 kHz frequency limit, satisfying

the Nyquist theory [83]..

— System metrics (CPU usage, per-core CPU usage, RAM utilization, and temperature) were
monitored throughout streaming sessions to assess the overall computational cost of each de-

vice.

— Idle measurements were collected on all devices prior to streaming to provide a baseline for
system utilization. This allows quantification of the additional computational load introduced

by each codec and transport protocol. The idle metrics include VPN connection.

4.5 Streamer Implementation

The streamer uses the sounddevice library to capture live audio in 20 ms frames. Each frame

is encoded according to the chosen codec:
— Opus: low-bitrate, lossy compression optimized for real-time streaming.
— FLAC: lossless compression providing exact reconstruction of audio data.

— Raw PCM: uncompressed audio serving as a baseline for performance and resource usage.
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Encoded frames are packaged with a sequence number, frame size, and timestamp before trans-

mission via UDP or RTP. Metrics are accumulated per frame and logged once per second.
Logged metrics at the streamer include:

— Stream-related: sequence numbers, packets sent, average raw and encoded frame sizes, com-
pression ratios, average send delay, and average encode delay. Although the audio card latency
would be important to measure in this system, it was not possible to do so with the current

hardware.

— System-related: CPU usage overall, RAM utilization, and system temperature.
— Timestamps: epoch times for analysis.

Overall computational cost is assessed by comparing streamer system metrics against the idle
baseline, allowing evaluation of the efficiency of each codec and protocol combination under stream-

ing conditions.

4.6 Receiver and Visualizer Implementation

The receivers, including the visualizer, share a similar implementation:
— Each receiver binds to the appropriate UDP or RTP port and listens for incoming packets.

— Packets are validated for sequence, size, and integrity. Out-of-order packets, size mismatches,

dropped frames, and decode errors are tracked.

— Received audio is decoded using the corresponding codec (Opus, FLAC, or raw PCM) and

queued for playback via sounddevice.

— Metrics such as packets received, dropped frames, queue underruns, out-of-order packets, size
mismatches, decode errors, bandwidth usage, CPU usage, RAM utilization, and temperature

are logged per second.
— Epoch timestamps are logged.

Comparison against idle baseline measurements allows determination of the additional computa-

tional cost incurred by each codec and transport protocol.

Metrics collected by these devices provide information about streaming and system perfor-

mance:
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— Streaming metrics: sequence numbers, received packets, frame sizes, receive delays, audio la-

tency, dropped frames, out-of-order packets, queue underruns, and size mismatch counts.

— System metrics: CPU usage, RAM utilization, and system temperature, both during idle and

streaming conditions.

— Timestamps: epoch times.

4.7 Data Logging and Analysis

Metrics are logged in CSV format at per-second intervals. Graphs are generated to visualize

trends such as:

— Encoding and decoding delays.

Network bandwidth usage.
— CPU and RAM utilization.
— Compression ratios, packet statistics, and frame size analysis.

— Audio delivery performance, including dropped frames, queue underruns, out-of-order packets,

and decode errors.

4.8 Summary

These tests include an evaluation of real-time streaming performance for multiple codecs and
transport protocols. By collecting audio and system metrics at both the streamer and receiver
ends, and comparing them to idle baselines, the methodology allows identification of bottlenecks

and comparison of codec efficiency.
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5 Results

The initial at-sea testing provided valuable insights into the performance, deployability, and
limitations of the developed system in a real-world pelagic environment off Madeira Island (NE
Atlantic). Although quantitative data collection was not the focus, several findings were docu-
mented regarding system functionality, acoustic detection, and practical deployment. This test

was executed without the presence of the Visualizer.

5.1 Acoustic Capture and Spectrogram Analysis

During the two-hour observation period, only a single sample of cetacean sound was success-
fully recorded. The recorded audio, processed into a spectrogram (Fig. 22), revealed distinct vertical
peaks corresponding to echolocation clicks. These features, combined with the biologist’s observa-
tion of dorsal fins, allowed identification of the species as bottlenose dolphins. There was a lack of
vocalizationss by the cetaceans. The expert noted this was because of the boats’ presence, as their

sounds disturb the animals’ behavior.

Figure. 22: Sample of the captured dolphin sound, showing vertical peaks corresponding to
echolocation clicks. Wave and hissing artifacts are noticeable.

Only a single vocalization was recorded during the session. The biologist initially reported
hearing a possible sound, but it was only later confirmed by inspecting the spectrogram. This
highlights the importance of real-time spectrogram visualization onboard, as it provides a necessary

visual cue to detect subtle or otherwise difficult-to-hear vocalizations.
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5.2 System and Deployment Observations
Several technical and practical conclusions were drawn from this test:

— Hydrophone noise: Interference in the recordings was observed as a persistent hissing sound.
This was determined to originate from the video card and potentially the audio jack wire of
the Streamer device, as direct connection of an audio device to the hydrophone produced clean

recordings.

— Wave noise: The boat’s buoyancy introduced significant wave-related artifacts into the audio.

A water-resistant, deployable hydrophone case is suggested to mitigate this.

— Receiver deployment: The Receiver, being a mobile system with two components, was difficult

to use on the boat and required constant protection from water splashes.

— Streamer deployment: The Streamer setup requires adjustments to simplify deployment on
vessels.
— Connectivity: The cellular hotspot connection remained stable and reliable, with only minor

interruptions logged as underruns.

— Bluetooth considerations: The Listener and Receiver used classic Bluetooth for dual-mode

communication. No disconnections occurred.

5.3 Cetacean Observations

Despite limited vocal activity during this expedition, sightings of dolphins fins were detected.

Two different observations are documented in Fig. 23.

(a) First pod observation. (b) Second pod observation.

Figure. 23: Visual documentation of dolphins observed during the initial test.
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5.4 Streamer Performance Analysis

In this subsection, we examine the performance of the streamer across different protocols (UDP
and RTP) and codecs (Raw, Opus, FLAC), considering compression efficiency, bandwidth usage,
latency, resource utilization, and temperature. By analyzing these metrics, we can identify the

configurations best suited for real-time streaming.

5.4.1 Compression Efficiency

Compression is a key factor in reducing network load while maintaining quality. Our results
(Table 7) show that Opus consistently achieves a very high compression ratio, around 96%, re-
gardless of whether UDP or RTP is used. This demonstrates its ability to efficiently reduce data
size while preserving perceptual audio quality. In contrast, FLAC provides lossless compression,
with ratios around 63-64%, which is significantly lower. The slightly higher standard deviation in
FLAC indicates greater variability in compression across samples, while Opus remains extremely

stable.

Protocol-Codec Mean Median Min Max Std

UDP-Opus 95.80 95.81 95.65 95.98 0.0628
UDP-Flac 62.99 62.97 60.46 66.13 0.9743
RTP-Opus 95.80 95.81 95.64 95.97 0.0607
RTP-Flac 64.43 64.50 61.87 66.36 0.8372

Table 7: Streamer compression ratio statistics across protocols and codecs.

The differences between UDP-FLAC and RTP-FLAC shown in Table 7 are not due to pro-
tocol implementation, since transport headers are excluded from the compression ratio calcula-
tion, but rather reflect how FLAC behaves on short, packetized audio segments. When encoding
small chunks, FLAC exhibits minor fluctuations in compression efficiency, which explains why
RTP-FLAC achieves a slightly higher mean compression ratio (64.43 vs. 62.99) and a lower stan-
dard deviation (0.8372 vs. 0.9743) compared to UDP-FLAC. These variations stem from FLAC’s
sensitivity to input segmentation rather than any systematic difference between UDP and RTP,

whereas Opus maintains nearly identical results across protocols.
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5.4.2 Payload and Bandwidth Usage

Raw streams carry full audio data ( 3840 bytes per packet), resulting in high bandwidth usage
of 1.44 Mbps per devices being streamed to, making them impractical for bandwidth-constrained
networks. Opus streams, however, reduce payloads to around 160 bytes, resulting in a decrease
in bandwidth (64 kbps). FLAC falls in between, with payloads of approximately 1400 bytes and
bandwidth usage around 520-544 kbps. These values (Fig.24) correspond to the bandwidth used by

the Streamer and serve as an approximate estimate of what each receiving device will experience.
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Figure. 24: Bandwidth usage per Protocol-Codec. Opus achieves the lowest bandwidth, FLAC is
intermediate, and raw streams require the most.

Overall, Opus provides a big reduction in bandwidth compared to FLAC and Raw streams
(Fig. 24). The choice between UDP and RTP has minimal impact on bandwidth, as the protocol
overhead is small relative to the overall payload size, especially for Opus. However, Opus is a
lossy codec, so while it excels in bandwidth efficiency, it does so at the cost of some audio fidelity
compared to FLAC’s lossless compression. Expert feedback needs to be gathered to assess whether

Opus’s quality is acceptable. If not, bitrate settings can be adjusted.
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5.4.3 Sending Delay Analysis

Latency is important for live streaming. Raw streams, with no encoding overhead, exhibit
minimal send delay (0.66 ms). Opus introduces moderate latency (5-5.6 ms), while FLAC shows
double the latency (10.5 ms) due to the complexity of lossless encoding. This confirms that encoding
complexity is the primary contributor to latency rather than the transport protocol. However these
delays are very low, a 10 ms delay is almost imperceptible. The same can be said about the send

delays, which are below 5 ms for all codecs.

Protocol-Codec Avg Encode Delay (ms)

UDP-Opus 5.610
UDP-Flac 10.612
RTP-Opus 5.237
RTP-Flac 10.571

Table 8: Average encode delays across protocols and codecs.

5.4.4 Resource Utilization and Thermal Behavior

CPU and RAM usage reflect the computational load of encoding. Opus is highly efficient,
keeping CPU usage at 76%, while FLAC’s CPU usage is about 11% higher. Raw audio streaming
is the most CPU-intensive (98%) due to the high data throughput. RAM usage remains relatively
stable across all codecs (32-38%), indicating that memory is not a limiting factor. The CPU usage
metric is more important, especially for the Streamer, as compressing audio is more CPU-intensive

than receiving and decoding it.

Protocol-Codec CPU (%) RAM (%) Temp (°C)

Idle 1.32 28.49 46.75
UDP-Raw 97.89 38.00 54.55
RTP-Raw 98.05 38.01 53.72
UDP-Opus 76.23 32.43 52.16
RTP-Opus 76.22 32.32 52.98
UDP-Flac 87.13 33.31 52.98
RTP-Flac 87.83 33.45 52.79

Table 9: Average CPU, RAM, and temperature across protocols and codecs for the Streamer.
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Temperature measurements are all within a small and safe range (52-54 °C), independently of
codecs and protocols, as shown in Table 9. Opus tends to run slightly cooler than FLAC and Raw,

consistent with its lower CPU usage.

5.4.5 Summary

Considering all metrics together, Opus emerges as the clear choice for real-time streaming. Its
combination of high compression, low bandwidth usage, moderate latency, and low CPU load makes
it suitable even under constrained network and hardware conditions. FLAC, while providing lossless
quality, imposes high latency and CPU demands, limiting its practicality for live applications. Raw
audio streams minimize latency but are bandwidth-intensive and more prone to audio interruption,

considering their higher packet size.

The choice of transport protocol (UDP vs RTP) has a minor impact on overall performance.
While UDP offers slightly lower latency in some cases, RTP’s additional reliability features do not
substantially increase bandwidth or CPU usage when Opus is used. Thus, Opus with RTP over

UDP provides a good balance between performance and quality.

5.5 Receiver Performance

The receiver is responsible for absorbing the incoming packet stream, reconstructing frames
in-order, decoding audio, and scheduling playback. This section shows the results obtained from

the tests conducted.

5.5.1 Reliability

Across all protocol-codec combinations, no dropped frames or decode errors were observed,
indicating that the Receiver’s buffering and decoding methos is correctly configured for the tested
bitrates. Occasional interruptions occurred, particularly during the initial seconds of streaming,
likely due to empty audio buffers, but overall none of the protocols exhibited significant disruptions.
Misordering of packets was very rare and very close to zero, reaching zero for some protocol-codec
combinations such as RTP-FLAC and UDP-Opus. Other protocols occasionally exhibited out-of-

order packets, but these occurrences were scarce and not significant enough to impact performance.
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5.5.2 Resource Utilization and Thermal Behavior

The receiver’s CPU utilization is modest (10-11% on average) and RAM steady around 41-42%.
CPU and RAM usage are very consistent across codecs and protocols, this is expected since de-
compression is very lightweight compared to compression. RTP and UDP differences are within
noise. Overall, the Receiver’s resource footprint is light, meaning the selected microcomputers are

more than capable of persorming the necessary tasks.

Protocol-Codec CPU (%) RAM (%) Temp (°C)

Idle 0.44 38.52 47.04
UDP-Raw 10.38 41.88 55.14
RTP-Raw 10.42 40.86 54.57
UDP-Opus 11.12 42.02 55.07
RTP-Opus 10.04 41.76 54.19
UDP-Flac 10.67 42.49 54.60
RTP-Flac 11.01 42.80 54.71

Table 10: Average CPU, RAM, and temperature across protocols and codecs for the Receiver.

Temperatures remains consistently between 54-55 °C for most conditions. The receiver’s ther-

mal profile is stable and well within safe operating limits.

5.5.3 Summary

— Reliability. All protocol-codecs are stable (0 dropped frames / 0 decode errors). Occasional
out-of-order arrivals are very rare, but existant, meaning RTP protocol should be used instead

of UDP, as its additional computational cost is negligible.

— Efficiency. Codec dominates network cost: Opus (~64 kbps) <« FLAC (~520-540 kbps) <

Raw (~1.4 Mbps).

— Resource usage. CPU stays near 10-11% and RAM near 41-43% across the results. CPU and

RAM usage remain very low.

— Practical choice. For constrained or variable networks, RTP—Opus or UDP-Opus are consid-
ered the best, considering the very low bandwidth usage. FLAC should be used when lossless
compression is required. Raw should be used only for controlled environments or baseline test-

ing.
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5.6 Visualizer Performance Analysis

The visualizer is responsible for rendering and processing the incoming audio streams for play-
back and inspection. Unlike the receiver, which focuses on transport fidelity, the Visualizer must

handle real-time decoding, queueing, and presentation without introducing latency or artifacts.

5.6.1 Reliability

The Visualizer reliability mimics that of the Receiver. No decoding erros occured and underruns

as well as out of order packets were close to zero.

5.6.2 Resource Utilization and Thermal Behavior

Resource measurements show that the visualizer maintained stable performance under all
codecs. RAM usage remained close to 19%, while CPU utilization varied slightly depending on
codec. FLAC decoding required more CPU effort (around 8%), while Opus and raw streams hov-

ered near 6-7%. Temperature stayed within safe bounds, typically around 4748 °C.

Protocol-Codec CPU (%) RAM (%) Temp (°C)

Idle 0.12 17.48 45.47
UDP-Raw 4.72 18.88 48.07
RTP-Raw 5.55 18.44 47.99
UDP-Opus 5.63 18.73 46.72
RTP-Opus 5.61 18.78 46.57
UDP-Flac 6.92 19.18 47.23
RTP-Flac 6.63 19.06 47.20

Table 11: Average CPU, RAM, and temperature across protocols and codecs for the Visualizer.

The visualizer was then tested using a simple UDP and opus audio stream. Results show that
CPU usage significantly increases when the generation of spectrograms occurs, although this is to
be expected, considering the system must receive, decompress, render the audio into a spectrogram
using FFT, convert into a melscale format, and finally, display it in the e-paper display. CPU usage
increased from an average of 5.6% to 72.5%, an increase of about ten time. RAM usage increased
slightly from 18.7% to 23.0%, remaining stable. Finally, temperature increased from 46.7°C to
55.0°C, which is to be expected considering the increase in CPU usage. This temperature range is
still safe for the device, which has a maximum operating temperature of 70 °C. Figure 25 shows the

spike of CPU usage from the different codecs and spectrogram generation enable on UDP-Opus.
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Figure. 25: CPU utilization of different codecs in UDP, compared to spectrogram rendering and
e-paper visualization.

5.6.3 Summary

The visualizer demonstrated stable operation across all transport protocols and codecs. No data,
corruption or frame loss occurred, bandwidth usage reflected codec efficiency, and queue stability
was maintained. Resource utilization was low, regardless of protocol and codec. Regarding the
additional spectrogram rendering, the device is capable of doing this task, at the cost of significant
increase in CPU usage and temperature. However, the system remains within safe operating limits,

with some cpu headroom available and temperature remaining within a safe range.

5.7 Biologist Feedback

A biologist evaluated the final system as a whole, experiencing both the audio output from
the Receiver and the visual display from the Visualizer. Different audio codec streams were tested
while streaming cetacean sounds. The biologist confirmed that the audio quality was high and that
the sounds were easily discernible, regardless of the codec used. Based on this subjective feedback,

Opus emerges as the best codec, providing good audio quality while requiring very low bandwidth.

Regarding the screen-based spectrogram, the biologist’s observations aligned with the system
limitations discussed in the previous section. The 1-bit color depth made it challenging to visualize

the sound with clarity, although the screen refresh rate was considered acceptable. Nevertheless,
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three different sounds (click, moan, whistle) were presented to the biologist, and he correctly
identified all of them. This demonstrates that, despite the limited color depth, the screen was

sufficient to detect and differentiate types of calls and vocalizations.

5.8 Summary

The initial sea trial demonstrated that the system is functional and capable of capturing under-
water audio, while also confirming the reliability of the cellular connection in offshore environments.
However, practical deployment challenges such as wave interference, electronic hissing, and cum-

bersome equipment setup were identified. These observations highlight the necessity for:
— Deployable, water-resistant housings for the hydrophone.
— Onboard spectrogram visualization to assist in detecting subtle cetacean sounds.
— Upgrade of sound card and audio wire to reduce hissing noise.

Regarding computational performance, the Streamer data indicates that Opus is the optimal
codec for real-time streaming due to its high compression efficiency, low bandwidth usage, and
moderate latency. The Receiver and Visualizer both demonstrated good performance across all
tested configurations, with Opus again emerging as a favorable choice for constrained networks.
FLAC remains a viable option when lossless quality is required, provided the network can support
its higher bandwidth demands. The differences between UDP and RTP are minimal, making both
feasible; however, since the computational demands of RTP are very similar and negligible, its
additional features—such as sequence numbering and timestamps for synchronization—make it
the preferable choice over plain UDP. Overall, although further implementations and tests are

needed, the initial results are promising and validate the core design choices of the system.
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6 Conclusion

In conclusion, this thesis has presented the design, implementation, and evaluation of a real-
time underwater audio streaming system tailored for marine environments. The system comprises
four main components: the Streamer, Receiver, Listener, and Visualizer, each fulfilling specific roles

in capturing, transmitting, receiving, and visualizing underwater sounds.

Through testing and analysis, we have demonstrated the effectiveness of various audio codecs
and transport protocols in achieving low-latency, high-quality audio streaming. The Opus codec,
in particular, has emerged as the optimal choice for balancing compression efficiency, bandwidth
usage, and computational load. Our evaluations have shown that both UDP and RTP protocols
can be effectively utilized, with RTP providing additional reliability features that may be beneficial

in certain scenarios.

Our system meets the stringent requirements for operation in challenging marine environments,
including waterproofing and portability. Although the system has proven effective in controlled set-
tings, further work is needed to validate its performance in real-world marine conditions, including

long-term deployments and varying environmental factors.

Future work includes designing a custom case to contain the whole streamer system, integrating
a hydrophone directly into the Streamer, avoiding buoyancy issues, and enhancing the system’s
robustness against environmental challenges. Additionally, although the Visualizer is fully imple-
mented software-wise, it needs to be fully implemented with a 3D-printed case and a speaker, and
tested in a marine environment to ensure its effectiveness in real-time monitoring and analysis. Ad-
ditionally, testing the Receiver and Listener in a touristic on-shore location would provide valuable
insights into user experience and system performance in practical scenarios. Additionally, existing
limitations, such as hissing noise can be addressed by using better quality components, withouht

the need to change any software part.

In conclusion, this thesis lays a solid foundation for an affordable alternative to existing PAM so-
lutions, with promising applications in marine biology, environmental monitoring, and eco-tourism.
The insights gained from this work can inform future developments in underwater acoustic tech-

nologies, contributing to a deeper understanding and appreciation of marine ecosystems.
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